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Clear crileria are discussed for the evaluation and design of
surround-sound recording and reproduction systems, [ree from
any quadrifontal (four-source) assumptions. Some weaknesses in
the quadrifontal approach are discussed, and difficullies in
meaningfuily 1esting syslems are mentioned. 1t is observed that
the ultimate aim of sutround systems is to provide a good illusion
of an intended encoded direclional effect, and that this aim is not
dependenl on any particular choice of number of channels,
number or posilion of loudspeakers, or on any particular method
of originating surround program malesial. An appendix describes
the similarities and differences between the resullant “kernel’
system approach and the current matrix approach.

INTRQDUCTION: In any field of engincering, progress
is difficult if there is no clear statement of the aims to be
achieved. The field of surround-sound recording, trans-
mission, and reproduction has been particularly handicap-
ped by a confusion of the desired end {the reproduction of
an illusion of all ditections arcund a listener) and particu-
far so-called “‘quadraphonic’ means of achieving that
end. This paper is inlended to present a clear slatement of
various possible aims in designing and evalvating
summound-sound sysfems, and a description of known
faults in that approach which treats just four independent
sources [which approach is conveniently termed *'quadd-
fontal’* (four-source)]. It is not claimed that any particular
observation in the following is new (for example, see
[11-I8]), but it is thought that a clear statement of aims
will be helpful to those irivelved in taking decisions in this
ared. It is emphasized that the following comments are not
merely based on a theoretical analysis, bul have been
exlensively checked by practical experience in the de-
velopment of surround-sound systems in cannection with
the ambisonic project of the U. K. National Research
Development Cerporation (N.R.D.C.).

While this paper is self-contained, it is also intended as
a general introduction to a projected series of papers on
surround-sound system design under the title, *'The Ra-
tional Systeﬁ?alic Design of Surcound-Sound Recording
and Reproduction Systems.™
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We start by assuming that the primary aim of any
surreund-sound system is to produce in the ears and brain
of a Jislener the illusion of an intended pattern of direc-
tional sound. Such systems may be designed either to
handle sounds just in the horizontal plane, or to handle a
full sphere of directions (“‘periphony’” [9]). In addition,
such systems may be designed either to reproduce sounds
at a single appareni distance from the listener, or to
produce the illusion of sounds from any distance from the
listener.

There are af least Lwo steps required in sarisfylng such
an aim, encoding and decoding.

Encoding is the process of assigning lo every given
direction of sound a way of including this sound among
the n available recording or transmission channels used to
convey the information. The method of inclusion is
usually achieved by assigning the sound to each of the i
channels with a different and staied gain (which may be
real or complex) which is a function of the intended
encoded direction. It is convenient 1o lerm systems in
which the gains of the channels are expressed as a smooth
and continnous function of directfon, “kemel system,”
since such systems ate mathematically described by *'ker-
nels” in (he same way as so-called **matrix systems'" are
described by matrices (see Appendix). Examples of sys-
tems whose encodings have been specified in kemel form
are the UMX systems [3]), the RM system [10], and
various periphonic sytems [9].

Decading is the process of deriving from the encoded
transmission channels signals svitable for feeding a stated
loudspeaker Iayout so as to produce an approximation to
the iliusion of the intended encoded directional effect.
Two points here ate especially worthy of note. First, the
decoding apparatus has {o produce loudspeaker feed sig-
nals satisfying relevant psychoacoustic criteria at the ears
of the listener, so thal the design of deceders is primarily
an engineering lask dependent on a knowledge of what
acoustic stimuli are best capable of producing the desired
illusion. Tt by no means follows that an arbitrary choice of
**jdeal’” loudspeaker feed signals will necessarily provide
the best illusion. Second, the desired directional jltusion
does not depend upon where the loudspeakers happen to
be placed, and it is thus necessary 1o vary the loudspeaker
feed signals (and hence the decoder design) according to
the size and shape of the loudspeaker layout chosen by the
user. It is centainly not 1o be expected that the same
loudspeaker feed signals will produce the same directionat
iHlusion for many different shapes of loudspeaker layout.
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THE MAGIC NUMBER FOUR

It will be noted that the technical problems of surround
sound as stated above have not mentioned the number
four. The reason is thal in general this has no obvious
advantages in any applicalion over other numbers. In
typical laboratory work (and this is expected to be true
also of much consumer equipment in the future) the
ariginal sound is recorded on.three channels, transmitied
ihrough two or three channels, and decoded through five
or six loudspeakers.

The number four does arise noterally in three ways in
surround-sound systems.

1) The number of walls and comers of many domeslic
listening rooms is four, so thal this number of loudspeak-
ers may often be convenient for horizontal-only reproduc-
tion.

2) The minimum number of loudspeakers in a horizon-
tal plane nrray that give ncceplable {although not ideal)
surround sound is four.

3) The number of channels required to capturc the

pressure and velocity components of a with-height -

periphonic sound field is four.

Case 3) is not relevant to horizontal-only sound. There
is, of course, no reason why the number of channels
should be the same as the number of loudspeakers.
Compelling reasons to the contrary may be listed as
follows.

1) Based on low- and mid-high-frequency psychoacous-
tic critetia discussed in [4], one can prove a mathemalical
theorem that the various psychoacoustic criteria relevant
to localization of seuad will not be simultapeousty op-
timized via a rectangle or square of four Joudspeakers
unless the number of nonredundant information channels
feeding the decoder is not more than three. This rather
surprising result is now well and widely confirmed by
laboratory data and by theory (sec, for example, {11, Figs.
17 and 20] and [4]). Loosely speaking, the effect of o
fourth nonredundant channel of information fed (o the
loudspeakers is fo create a detent effect whereby sounds in
interspeaker directions are pulled toward the nearest
loudspeaker, and to destabilize the localization of sounds
between loudspeakers, especially at the sides of a listener.
The resull is to emphasize the four loudspeaker directions
al the expense of all other directions. Similar considera-
tions show that with-height reproduction from four chan-
nels is optimal only through six or more loudspeakers.

2} Domestic listening rooms vary widely in size and
shape, and it is impossible to fit a single '‘standard’*
loudspeaker layowt in even a small proportion of such
rooms. As a result, the loudspeaker feed signals must vary
in order to give the besl results with different layout
shapes, and it is thus not possible to lransmit signals
guaranteed to be optimal Joudspeaker feed signals for most
situations. Thus there can be no one-lo-one comespon-
dence between transmitted signals and loudspeakers.

3) For a given number of channels it is found that
(provided the encoding specification is a suilable kernel
specification) the more loudspeakers are used to reproduce
the encoded signal, the better the results. (This is expected
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to Fail with very farge numbers of londspeakers, but such
numbers ate it any case not praclicable.) For example, it
has been found that reproduction of three channels (viz a
suitable decoder) through five loudspeakers can give a
significant improvement over reproduction via four
loudspeakers. In parlicular, the “*bispectral detent effect”
whereby highly asymmeuic sound waveforms (such as
clapping, oboes) are pulled toward the loudspeakers is
absent with five loudspeakers in a suitable layout. Thus it
is imporant {0 leave the option available of designing
decoders for Ioudspeaker layouls of various shapes and
complexity, and this option should not be preempted by an
oveneslrictive choice of encoding specification.

MATRIX SYSTEMS AND THE QUADRIFONTAL
APPROACH

‘Thete is, of course, a well-known aliemative approach
1o surround sound, which we call the *‘quadrifontal™
(four-source) approach. We avoid the word *‘quad-
raphonic'* often used in connection with this approach (for
example, see the tiile of astandard colfection of references
[12] on surcound-sound sysiems), since different authors
use the term in different meanings, (for example: four-
speaker, four-chanmel, derived from four-uack lapes,
derived from four-outpit mixing desks, derived from four
microphones, eic.}.

In the quadrifontal approach the stating point is to
assume that the desired information to be transmitted {o
the listener is tour distinct source signals. The aim of all
quadrifontal systems is to reproduce through four
loudspeakers in the listener’s room a simulation of (he
effect of the four distinet sonrces. This may be done in fwo
ways, One is o provide four iransmission channels to the
listener (an approach fermed '“discrete’™™) and the other
(lermed the “matrix™ approach) is to. matrix the four
signals into two channels and to provide the histenex wilh a
device (termed '‘logic’” or “‘variable matrix™’) thal en-
sures that when only one socurce is transmilled, the
loudspeakers corresponding 1o the other three sources are
substantially unactivated. Such *logic'* devices cannol,
of course, reproduce all four sources simultancously, each
coming only from its assigned loudspeaker, when all
sources are fransmitted together.

In practice, sounds are often shared bctwcen the four
sottree channels of quadrifontal systems in order to pro-
vide some degree of illusion of nanspeaker directionality.
Two methods of doing this are widely vsed. One is
pairwise mixing, and the other is the use of spaced
micraphone arrays {with spacing ranging from a few
centimeters to several meters).

Pairwise mixing allempls to assign sounds to in-
terspeaker directions by feeding sounds in phase 1o only
the two loudspeaker source channels adjacenl to the
desired direction, the relative intensity depending on the
desired direction. Such pairwise mixing has fared almost
universally badly in experimental tests on localization
behavior [13], [11], [14]. [!5]. If reproduced through a
square loudspeaker layout, it is found that the front-stage
images are unstable and suffer from the hole-in-the-
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middle, as well as a pronounced elevation or in-the-head
effect [13]-[16]. This is because of the overwide 90° angle
subtended by the loudspeakers, which has long been
known fo give bad rcsulis in sterco. The side images are
exiremely unstable, fending to jump forward or backward
to the comers, especially if the listener allows any snrall
movement of his head. Noncentral tistencrs find that the
apparent sound directions tend to be pulled toward the
loudspeakers lo which they ate nearest, and also images
tend to be drawn toward the loudspeaker Ihe listeners are
facing when they do not face forward.

Most ““logic"” or ‘‘variable-matrix'’ devices are de-
signed to make the reproduction of materlal with only
single sources activated behave like pairwise mixed quad-
rifonlat material, since such a method of directional
encoding of sound Is often regarded as a reference
standard,

It is diffiendl ta make general comments about the use of
spaced microphone quadrifontal material, since
techniques vary widely. However, widely spaced (>1.3
m) microphones are well known in sterec to produce
images where direet sounds are largely confined w the
loudspeakers,

With smaller microphone spacing (5-30 cm), at low
frequencies of sound, the wavelength of sound is large and
the microphones thus are effectively coincident. Such
coincident techniques define a kemel encoding in the
sense discussed earlier, that is, each sound is assigned to
the (musinission channels with gains smoothly varying
with direction. However, with the wide range of micro-
phone techniques in use, such kernel encoding will vary in
an arbitrary manner from recordist to recordist. At high
frequencies (with wavelength small compared 1o micro-
phone spacing), the microphones act as independent
incoherent sources. Thus quadrifonial assumptions apply
only at higher frequencics, with a lorgely random kernel
encoding at lower frequencies. There is no reason 10
expect that the mictophone characteristics considered
“‘optimal’” in the high-frequency quadrifontal region
should be the same as those considered “*optimal’’ in the
kemel encoding region, and this is indeed almost never the
case with undesigned microphone amay systems.

‘The guadrifontal approach is also expected by many
[17}o feed several different shapes of Joudspeaker layout.
‘This is nol unreasonable if what emerges from each
loudspeaker is a distinct sound source having no compo-
nent in common with the other three. Such ““truly quadri-
fontal’* material reproduces as four isolated sounds, and
listeners may find it werthwhile to position these to their
own aste. However, once related sounds appear in two or
more loudspeakers, the directional resulls will vary with
loudspeaker posilioning, and the recording industry stand-
ard for reproducing such ‘‘shared quadrifontal” matesal
(such as pairwise mixed material) has seemingly been
chosen (o be the square loudspeaker layout. Anyane using
other layouts will not normally hear the effect heard by the
record produeer.

It is not evident that the best way lo reproduce the
encaded directional effect of pairwise mixed or of spaced
microphone quadrifontal material is {0 feed the four source
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signals straight to four loudspeakers in a square. The
“*decoder™ this implies is of crude design, and it is
possible that a more elaborate decoder adapted 1o the
properties of o partictlar method of reeording (and possi-
bly using a different loudspeaker layout) may give more
aceurate directional reproduction. In fact, this is the case.
The difficulty is that to use a different decoder for each
recording style is impractical for the conswmer. Thos it is
suggested that the circuitry required to produce signals
suilable for feeding consumer decoders be, as far as
possible, implemented as a part of the recording ap-
paratus. Thus, for example, a spaced microphone
technique would include the npparatus (a2 frequency-
dependent malrix) required to make its low Ifrequencies
malch a stapdard kemel encoding method, while treating
its high frequencies as independenl sources. Such an
approach is no longer quadrifontal.

Thus it will be seen (hat hoping lo treat 2 wide range of
material derived in many different ways as four indepen-
dent sources is unrealistic. As soon as inlenelationships
occur between the sources, one must ask the engineering
design question of whether the elalionships occurring
have been designed to give the best possible results. If not,
the design should be changed.

The most immediate conclusion of the above is that on
no account should painwise mixed material be used as a
standard of reference, since its resulls are extremely poor.
An analogy that may be helpful here is to nole that in 1953
the choice of NTSC cotor TV standards was net based on
getting the best results from 1953 Kodachrome film, but
was based on getting (he best results {within inevitable
technical constraints) from a knowledge of the capabilities
of human color vision. As the best modem color TV
equipment shows, such a standard has permiited continual
substanlial improvement in color quality. In a similar way,
standardization on pairwise mixed encoding as the basis of
choige of any system is extremely unwise without oplimiz-
ing designs of enceding (or “panning’’) according to the
best available knowledge of human directional sound
localizalion.

ENCODING METHODS

The problem of choosing encoding methods for sound
field involves & number of consiraims. One of these is that
two of the encoded channet signats should be suitable for
conventional L and R two-speaker stereo reproduction,
and in addition the signal L. + R should be suitable for
monophonic reproduction. The author has considered
elsewhere some of the possible compatibility criteria {18).
Clearly there can be no unique “best™ compatibility
choice, since different users will place different weight on
different aspecis of compatibility. The author believes thal
any system designed for universal use shouid not fail
dramatically when fed with any cumrem recording
philosophy, and it is notable that most marketed systems
obtain their-advertised excellence with some recording
philosophies only at the expense of failure or unusability
with other philosophies. Among the philosophies cur-
rently in wide use are quadsifontal four-comer recording
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-+ front ¢enter, 360° pan-poticd sound-slage recordings
(especially in pop), fronl-stage recording + reverberant
“'splash’’ from the rear (especially for classical music},
spaced microphone recording, and finally the transduction
of (he direciional sound field at or near a point [19], [20).

The last of these philosophies clearly has a special place
insofar as not only is it widely used for classical music
recording and broadcast drama, but it is alse the only
philosophy amenable to objective testing of the soundness
of the overall system, since it enables testing of the
reproduced illusion versus an original sound field, thal is,
live sounds.

No system of transmitting and providing information
can be designed rationally or be well-engineered unless
there is & precise spcclﬁcalion of how the information to
be transmitted is represented in the ransmission channels.
A precise encoding specification for surround sound is, as
we have observed, necessarily a kemel specification
giving precise instructions as to how each spatiat direction
of sound is 10 be handled. Besides good mono and stereo
compatibility and the capabifily of handling many record-
ing philosophies, such a kemel specification of encoding
should satisfy the following other constraints.

1) Suitabilily for transmission with high quality via
most or ali high-quality domestic entertainment media,
including disc, FM radio (according to the different
American, Wesl European, and East European mulliplex
stereo standards), casselles, and (possibly) videcdisc.
Otherwise chaos will result if, for example, dises ¢annol
be broadcasi or broadcasts cannot be recorded on cassette.

2) Capability of being decoded with accurate illusion of
the encoded direclion effect. This requirement is obvi-
ously crucial. It breaks down into several moge detailed
requirements. '

) Capability of being decoded with convincing and
intended dircctional effect and lack of listener fatigue
under prolonged listening without using signal-actuated
varable matrixing. This requirement ensures that complex
sound fields involving many different sources (including
live reverberant sound fields) can always be reproduced
wilhout *‘pumping.”’ Also, insofar as signal-aclualed
matrixing might provide an enhanced illusion of direction-
ality for isolated sounds, any side effects of such variable
malrixing arg likely to be less audible if the basic fixed
decading is good in its"own right. It is bad engineering to
design a syslem 1o be bad, and to attempt lo solve
problerus by a subsequent "*fix," although such “*fixes™
may be acceptable for some applications to improve some
aspects of a syslem that have aiready been optimized
within available lechnical constraints.

b) Capability of decoding a good itlusion of the
encoded ditectional effect via loudspeaker fayouts that fit a
wide variety of shapes and sizes of domestic sellings, and
not just 2 namow range of laboratory or studio monitoring
arrangements.

¢) Reasonable tolerance of nommal inaccuracies in
studiv processing equipment, the recording or transmis-
sion chain, and in high-quality (but not state-of-the-art)
consumer equipment. This is not Lo say that equipment not
designed for sumound sound (such as, many existing
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sterco lope recorders, cassettes, microphones, or
loudspeakers) should always work well in surround sound
(an impossible requirement), but onty thalt manufaciure,
mainainance, and operation of equipment should not
involve unreasonable care or expense. -

3) The possibility of converting existing quadrifonlal
material into some reasonable approximation of the kernel
encoding specification. As nlready explained, it cannot be
expecied that all quadrifontal material will convert lo the
correct encoding exaclly, or even thal a single conversion
apparatus will give an optimal approximate converston for
all quadrifontal material. Nevertheless, reasonably conve-
nient encoding means for getting moderately acceptable
resulls from quadrifontal metedial must be possible.
(There is the possibilily that the conversion means may in
some cases actually result in better results (han oblained
from simple quadrifontal four-speaker reproduction.}

4) The encoding system should be such as to provide the
option of acceptable consumer decaders covering a wide
range of cost and quality. This requirement, while not
gssential, undoubtedly will be helpfut to recording com-
panies, since a cheap-end consumer market would justify
commerecially the extea efforts involved in surround pro-
gramming, while the existence of state-of-the-art consum-
ers will help 10 maintain the impetus toward improving the
quality of recorded programs.

5) The encoding specification must be realizable at
reasonable cost for a wide range of recording
philosophies, and with good results in as many of these
philosophies as possible.

6) The encoding specification must Ieave room for both
miner and major developments of the art without incom-
patibility or obsolescence. In particutar, it must not unduly
hinder use for conveying a wide range of artistic ends,
ranging from concer hall live recording and live drama to
purely clectronic music performed or gomposed with
spatial effect as a fundamental part of the musical lan-
puage. Technically, the system should be capable of
exlension o include recording of the effect of sound-
source distance and evenivally to full-sphere with-height
with-distance three-dimensional space recording. In fact,
such recordings have been made and are already routinely
possible in the laboratery [19], end a wide range of
decoding apparatus suitable for with-height with-distance
reproduction suitable for domestic seitings is now known.

PRODUCING THE ENCODED MATERIAL

Requirement 5) needs some elaboration, since it is not
at first clecar how sound suitablc for a kemel encoding
specificalion can be produced. Just as the NTSC color TV
specification would be useless if it were nol possible to
design color TV cameras and flying-spot scanners produc-
ing suitable R, 6, B signals {that is, red, green, blue) from
the origtnal scene, so we must have means of sound signal
production from aur raw sounds capable of being process-
ed 10 meet the encoding specification. In the color TV
case, R, G, B signals are themselves not the final NTSC
color signal, but they are a natural fist stage in the
production of the NTSC signal (and equally of the signals
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of oiher color systems such as PAL and SECAM). In a
similar way, it tums out that aperalionally, the simplest
signal production apparalus for surround sound need not
necessarily be In the consuier’s kemel encoding spec-
ification (whose production will usually involve elaborate
phase shifting circuitry and often band-limitidg eircuitry
as well}. Also, in a situation in which il is not clear yet
whether a universal enceding system will be adapted, it is
wise 1o produce sludio signals capable of being rnalrixed
into all well-behaved kemnel systems, We have seen that
pairwise mixing is unsuitable for this role as the ‘‘studio
kemel specification” (which we shall term “*studio for-
mat"").

Whichever kemet encoding specification is adopted for
gither sludio or consumer use, it is evident that in principle
a suitably complex joystick arrangement connected to a
sufficiently complex amangemenl of potentiometers in a
complex circuit can provide a mesns of positioning a
single monophonic inpul into any desired encoded posi-
tion (at least for horizontal enceding). For reasons of
economy and reliability, it is desirable that such pan pots
should noi be too complex. The author has deseribed
elsewhere [8b] a simple pan-pot design for horizontal
sound capable of preducing a studio-format kemnel-
encoded signal that Is actally simpler than a pairwise pan
pot; many altemalive designs are possible,

The studio format should aveid use of phase-shifi
circuilry {because at studio guality this is expensive), and
should be amenable fo a wide range of processing with the
simplest possible elrcuitry. In addition, it should be robust
under tape recording, that is, it should not be subjectively
too hadly affected by tape azimuth errors, dropouts, or
mild noise reduclion system misiracking. It has been
found that any format representing direct loudspeaker feed
signals does not meet this rebusiness condilion adequately
unless a quite low standard of directional reproduction is
tolerated, and that the studio format discussed in [8b] is
much better in this respect. Other studio formats may also
be considerad.

Providing an effective surround-reverberalion effect is
not easy. Treating dislingt reverberation unil cutputs as
monophonic sources does not provide the desired direc-
tivnal continuity {231 of thic reverberation characieristic of
good surround reproduction. A kemel specificarion should
ideally permit the design of reverberation devices provid-
ing a uniform continuous distribution of reverberant
sounds meeling that specification. In the studio format it fs
also desizable to have means of rotating a whole encoded
sound field and not just monophonic sounds.

Finally, it must be possible to design microphone
systems capable of accurately encoding live sound fields
10 the kernel specification. One means of doing this for a
range of kemel encoding specificalions has been deseribed
elsewhere [19). Note that even for horizontal sound
reproduetion, such microphones are inevitably exposed to
reverberant sound from nonhorizontal directions, and
should be decignad so that the effect on horizontal repro-
duction of fhese nonhorizonial sounds is subjectively
uncolored and as natural as the lack of height and system
design constraints will allow.

464

DECODERS

We have already talked about decoders extensively,
but it is necessary to statc some aspects of the engineering
design and evaluation problems that they involve, as well
as clearing up some myihs.

As we have commented, kemel-encoding systems
should be designed to give the best possible decoded
illusion through the best possible decoder for that system.
The optimization problem is thus double: for each possible
encoding system we have to oplimize the decoder, and
then we have to find out of all possible enceding systems
the one that gives the best decoder. Stated this way we
have an impossible task, since we do not know what
“hest” means, but it does emphasize that the design of
systems starts not with the cholce of a kemel encoding
specification, but with a consideration of the ideal stimuli
ot the ears of a listener, Papers have been published [4],
(241, [25] dealing with mathematically tractable criteria
for sound localization, and in a future paper we hope to
present general mathematical methods for handling direc-
tional psychoacoustics incorporaling most existing
theories; much of this work is implicit in the non-
mathematical account of {4].

However, just as a good encoding should not fail
dismally with any coherent philosophy of recording, so it
is desirable that a good decoding method should not be too
critically dependent on any highly specific assumptions
abourt the ears, 1he poshion of the fistener, or the position
or number of his loudspeakers. As suggested in (4], the
cars appeat 1o use a large number of methods of sound
localization and to take a “majority decision'” as to the
apparent ‘sound position, Under these conditions, any
particular cue for focalization can be removed without
affecting localization provided a sufficient number of ather
cues Temain correct, Thus a primary rational design aim in
decoders should be to satisfy as many as possible of the
cues used by {he ears. Such a design will clearly be more
“robust’ under abuses {such as, chairs in front of a
loudspeaker, component tolerances, or distortion) than
designs based on just one assumption. Experience bears
out this assertion, and theorzticat designs maximizing the
number of correct cucs have inveriably ““worked first
time." )

In this work (which will be reported in detail in future
papérs, but see [8b]) it has been found that many of the
asserifons made about sound localization are myths based
on inadequate interpretation of evidence. For example, il
is often asserted that *‘bass frequencies are not important
for sound localization."* This is based on experiments [26]
in stereo that show that if the bass of the stereo L. - R signal
is removed, the position of sounds remains wnaltered,
Hoawever, we have already noted that cues used by the ears
can be omilted yet corect localizalion wilt be heard if
other ctes are still present. In experimental work il has
been found that seunds nominally positioned at the side of
a listener in a square londspeaker Iayout are ot heard as at
the side unless the bass frequencies are modified to satisfy
criteria discussed in [4), [24} a modification affecting
frequencies below 500 Hz only (see [8b]) is sufficient to
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produce a very suong side localization. In this case, the
bass provides cues that otherwise are absent fl4]. In
another experiment, tympani and double bass sounds have
been noticeably displaced from their "‘correct’’ positions
by modifications affecling only frequencies below 200 Hz
significantly. In 4 similar way, il is believed than any
assertion that any particular range of frequencies *'is nol
needed’’ is suspect, as is any assertion that satisfying one
theory of sound localization is either “‘necessary*’ or
**sufficient'' for reliable sound positioning.

For domestic use it is desirable that decoders should
give a reasonably accurate directional Ulusion not only for
a forward-facing central listener, but for a listener facing
in other directions and for a listener sitting away from the
cenler, Clearly, one would not expect a system using only
two transmission channels 1o do this over such a large
listening area as a system using three channels, but the
results should neveriheless be domestically usable. As
impontant as the correct illusion of directionality are other
qualities of the svund, Is (e localizution shinp or Jifuse?
Is the image single or double? Is it in-the-head or
elevated? Is the bass quality clean or lumpy [13]? Is the
treble quality clear or harsh? When (wo sounds in different
directions occur together, are they both well located in
their respective directions? Is there any sensation of
“"pumping’*? Is the ambience uniform around the listener,
ur is there w “wnnel** in one panicular direction? 1s there
any front/back ambigueity? Most important of all, when
fistening to mwsic, does listener fatigue setin, or does the
sound have an unoblrusive quality (hat makes one forget
the technical means of repreduction? This Fast question, of
course, is uftimately what the system is used for, and it is
surprising how many systems tested fail it. ~ /

Insofar as pesfect reproduction cannot be obtained, it is
desirable that any inevilable compromises should be
biased toward improving the effect heard by a central
forward-facing listener, but this step should only be 1aken
once one has done as well as one can for the “*general”™
listener at arbitrary positions. It seems obvious to the
author that surround sound cannot be viable unless and
until it is better than stereo for sounds in the front quadrant
of posilions, and it would seem that failure to meet this
minimal requirement is punished by the reaction of the
public in the market place.

As emphasized carlier In this paper, decoders should be
designed for a variety of loudspeaker layouts suitable for
use in the home. Designs have been published suitable for
regular polygon loudspeaker fayouts {3], regular polyhe-
dror layouts [9], and perhaps more realistically, rectangte
layouts with arbitrary front/side ratio [8b]. Other irregular
layout designs are perfectly possible, such as for frapezia.

We remark that an optimal decoder can be a relatively
sophisticated apparatus, being essentially a layoul-
adjustable frequency-dependent matrix [8b].

THE TESTING OF SYSTEMS

it is very important to realize that any pariicular design
of decoder is not a part of an overall encoding system
specification. Since the job of a decoder is 1o provide an
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optimum illusion of the encoded directional effect, il is
possible that improved knowledge of psychoacoustics or
improved engineering may permil improvements in the
fulure that should not be constrained. However, as in the
case of color TV receivers, it is not possible 1o optimize
the decoding equipment unless the precise nawure of the

-encoding-specification followed In transmission is known

to the designer. Some experimental tests of quadrifontal
and surround systems have tended 1o ignore this and o
treat a particular decoder design as an essenfial feature of
the wansmitted (encoding) system.

Tt is clear that not all encoding systems will permit tha
design of decoders giving equally pood resulls, and as far
as is possible, the choice of enceding system should be
based on the best possible results obtainable with fhe
“‘best"” possible decader. The snag here is that different
users have different criteria of what is *“best,'* and there is
a perfectly serious argument for providing different users
with different decoders adapted to their particular criteria
ol goodness. A practical problem here is, of course, fo
ensure that the user is indeed provided with his own
‘‘besl’” decoder, but these considerations do show how
fraught with difficulty is any comparalive investigation
between sumound systems. Additional difficulties arise in
such lests if equipment designed to meet the correct kernel
encoding specification of each system is not used [27],
{28), especially when material of known badness (notably
pairwise mixed material) is used in the evaluation of all
systems, 1f a given surround system becomes widely used,
it is clear that the associated stdio equipment will be
adapled to get the best oul of that system, and one can only
evaluale the relative merits of each system by comparing
the best Lhey can do with each of & range of recording
philosophies (with the respeciive equipment for that
philosophy suiled to each individual system}. No such test
has yet been performed anywhere, to the author's knowl-
edge,

CONCLUSIONS

Surround-sound systems have 1o be considered as com-
plete systems from the initial means of sound production
and handling in the studio right through 1o the ears and
brain of a listener casually seated in his own oddly shaped
listening room. The number of domestic, technical, psy-
choacouslic, commercial, and anistic consiraints on a
system is considerable, and only a balanced compromise
involving all these consirainis can hope to be fully viable.
The philosophy has been expounded in this paper that a
system should be designed 10 give reasonable rasults with
a wide mange of legilimate needs, tather (han to be
oplimized according to the arbilrary choice of any parlicu-
lar need al the expense of others. The precise balance of
choices within such a “*wide-range compromise'” is open
1o Tegitimate argument, bui sgems 10 exclude a narrow
““quadrifontal’’ approach.

It has been observed that the ‘‘quadrifontal™ (four-
source) approach is imrelevant to the engineering design
problems and evaluation of surround-sound systems, Tn-
deed, il is positively misleading since it leads to an
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incorrect statement of aims, which can be illustrated by
asking *‘have you ever been in a 4-channel concert-hall?"*
n practice it has been found that a systematic design of
the whole chain—from microphones, ihrough studio
equipmenl, encoding methods, to decoders—based on the
psychoacoustic, technical, commerical, domestic, and
artistic aims discussed in this paper leads to resulis that are
predictable, consistent, and far better than any achieved
with systems in which parts of the chain are left 10 chance.
There is, of course, no unique technological answer to any
of the individual design problems involved, and it is hoped

that the statement of aims in this paper wiil be helpful to -
other designers who may “have been confused by the -

logical contradictions implicit in the quadrifontal approach
as practiced. Some details of work based on aspecis of the
philosophy of (his paper is to be found in [3], [4], [8b],
[18], and it is hoped to publish further defailed papers on
the design of decaders ard studio equipment in the future.

APPENDIX

MATRICES AND KERNELS

This Appendix is intended to help clarify mathemati-
cally the concept of a kemel encoding system and its
relation to matrix systems.

First we define the relevant mathemalical concepts.
Recall that a "*malrix’’ a, consisting of m % n numbers is
a method of relating n quantities by (j=1,2, - - -, n) tom
quantities ¢, f=1,2, « - -, m) via the equation

n
er= B ayby. - n
=1
The mathematical notion of “'kemel” js the analogovs
idea when an infinite number of quantities oceur. Suppase
that we have a function b(y) on a space of variables y on
which a notion of integration is defined (such as the circle
of direclion azimuihs around "a microphone, with the
integration

L :f(yJ d,

or the sphere of directions around the listener, with the
integration being with respect L0 1he surface area). Lel ofx)
be a function on a second space {(for example, a line,
circle, sphere, or even just four discrete points in which
last case x 1akes the values 1,2,3,4). Then a kemel k(x,y)
defines a relationship between the functions b(y} and cfx)
via the equation

ox) = [ kx.y)biy) dy @

where | - - - dy is the relevant notfon of integration.

It wilt be seen by comparing Egs. (1) and (2) that
kemels are analogous {o matrices except that summation is
replaced hy integration. Kemels are relevant whenever an
infinite number of quantities (bfy), one for each of an
infinite number of ¥'s) occur. In the real world of sound
recording, the number of channels associated with a live
sound field is indeed infinite (alihough it 1s true that in

ALG

theory a reasonable practical approximation (o such a field
can be achieved using only around a million channels—
which is still infinite for present-day praclical purposes).
There are two approaches in handling kemel systems
with actually or potentially an infinite number of input
channels. The first, adopled by Cooper and Shiga [3], is to
tmagine initially an idealized continuous circle (or sphere
[9]) of loudspeakers for reproduction, and ta attempl to
relate- the whole process of encoding 1o decoding as a
elationship between two Functions on the circle (or on the
sphere). Thus, for example, Cooper and Shiga consider
the variable y to be the angle # of arrival of an azimuthal
sound, and the variable x (o be (he angle ¢ of a

" loudspeakér through "j.vhich_repmducﬁon feeurs. To that.
approach tlie input sound field occurs 4s a function S » of

the arrival angle, the sound P, is fed to the lbudépeakér at
azimuth ¢, and fhe kemnel equation is of the fofm

Py = f “k($.,0)5 48 ®

where the kemels k(¢,8) have the form Ar(¢,9) =
1+e718-9 for BMX, 1+2cos(¢p—8) for TMX, ete.
Cooper and Shiga lay great emphasis on the rotation
symmelry properlies of k{b,8) (namely, (hat k(¢,8) may
be written in the form k(@,0) == a(¢—8) where a{yff) is a
function such that a{—y) = a(l}*, * being complex
conjugation), There is no obvious reason why such rotn-
tional symmetry (also considered in [9] for the sphere)
should lead to the best system.

The second approach recogaizes that an infinite number
of loudspeakers Tay not always be a suitable idealization
for decoders, and takes the variable x to vary over a
number of values i=F,2, - .-, m associated with m
loudgpeakers, in which case, the equation takes the form

e = [ki{y){y) &y C)

which lies about halfway belween the matrix equation (1}

and the full kemel equation (2), Il is a matler of
psychoacoustic theory 10 design suitable kernels k{y)
(which may vary with frequency) for a particular layout of
1 loudspeakers.

In practice, it is convenient {o break up a kernel system
{(4) into at least {wo stages. The first stage is to encode the
sound onte a channels, tesulting in a kemel encoding
equation (f=1,- - -, n),

dy= [ K (y)b{y) dy : (5a)

describing how directional sounds b(y)} are converted (o
the n channel signals dy. Usuaily he kemel K,() is
frequency independent, since frequency-dependent encod-
ing can lead to poor mono and stereo compatibility, and
may complicate the design of some decoders. The second
stage (decoding) is to derive m loudspeaker feed signals ¢,
(i=1,+ » -, m) via a malrix equation:

¢ = 3 aydy (50

=1
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where the mairix a5 depends on the encoding system, the
loudspeaker layout, and may be frequency dependent, or
even (in the case of signal-actualed matrices) be dependen|
on frequency and the form of the n-channel signal.

The overall encode/decode kemel k() of Eq. (4) is
given from Eqgs. (5a) and (5b) by

H

ki) =3 auk ). ©

=}

It will be seen that kemels need only occur in the
encdding process; such kernel specifications may be im-
plemented in practice by suitably designed pan pots [8b]
(which vary the # gains K;(¥} as the pot selling y varies),
or by suitebly designed sound-field microphones [19]
which transduce directly n channels from the infinite
number of acoustical channels of the original sound field.
The rest of the system (studio processing, reencoding to a
consuimer coding specification, and decoding) is described
by malrix equations such as Eq. (5b), and so may he
implemented by faitly conventianal matrix circuits. Thus
in terms of hardware and software, kemel systems in
practice Jargely resemble matrix systems; the main differ-
ence lies in the possibility of rationally designing these
matrices in terms of what they do fo a conlinuous
(infinite-channel) original sound field, and thus of getting
optimal resulls for all sound directions.

There are cases when the idealization used jn {3] and [9]
and Eq. (3} of an infinite number of repraducing loud-
speakers (that is, kemel decoding) is useful. Tt turns owt
(hat provided the real-world loudspeakers used lie on a
sufficiently regular configuration {such as square, regular
pelygon, regular polyhedron}, then the loudspeaker feed
signals associated with the directions of each’loudspeaker
according to the kemel equations (2) or (3} do indeed give
a good approximation to results of the ideal circle or
sphere of loudspeakers. However, once more irreguiar
loudspeaker layouts are used (such as rectangles [8b]), the
correct joudspeaker feed signals are not given by the
kemel decoding equations, and more elaborale methods of
decoder design must be used, which we shall describe in
detail in a later paper or papers.
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