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The Optimum Choice of Surround Sound Encoding Specification

ABSTRACT:

The optimum choice of surround sound encoding specification with
good mono and stereo compatibility is such that the best

of all possible surround decoderg for that systen is

better than the best of all possible decoders for any other
system. This paper summarises psychoacoustic theories and
methods that allow the discovery of this optimum system.

This "System 45 J" ig described, and is an improved refinement
of the BBC 'matrix H' and UMX systems,

ilichael A, Gerzon
tathematical Institute, University of Oxford,

Oxford OX1 318, EZngland
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I. Introduction

As well as ensuring good mono and stereo compatibility [1},
it is also desirable that an encoding system for surround
sound sghould be chosen such that the psychdacoustically best
decoder for that encoding specification is better than the
begt decoder for any other specification. The present
paper is a summary of the methods used to find this 'best-of-
the~best' system , which we term System 45 J. (45 J is the
development number assigned to this proposal out of the
meny alternative systems investigated).

To find optimum decoders and encoding systems, it is
necessary to be able to describe mathematically both the
properties of all encoding systems capable of being decoded
with reasonable psychoacoustic results, and to have a
reliable way of describing sound localisation by the ears
cepable of allowing the best methods of decoding to be
deduced by mathematical reasoning. The full theory to do
this will be the subject of a lengthy monogreph in preparation,
and the present paper is essentially just a sketch of
some aspects of the method of deduction used.

This paper starts with a summary of various criteria
involved in ensuring good sound localisation. These criteria
should not be misunderstood as "theories of directional
hearing”, although it is txrue that when these criteria are
satisfied, then most existing models of auvditory sound
localigation in the stereo literature predict correctly
localised sound imeges. Rather, the 1dea is that the more
of these criteria are satisfied, the better the quality and
accuracy of the sound image is likely to be. Thus, although
our criteria happen to involve some existing localisation
models, notably Makita's theory, we make no assamption that
Makita's theory itself always gives correct results.

The encoding systems considered are "kernel" systems, i.e.
gystems specified by giving channel gains as a function of
the intended azimuth of each encoded sound. We shall only
congider those horizontal-only systems whosge channel gains
are complex linear combinations of signals with directional
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gains that are constant or equal to the sine or cosine of
the azimuthal angle. Thig is because it may be proved that
a reproduction of sound from a square or rectangle of
loudsgpeakers in general satisfies the maximum number of
the psychoacoustic criteria stated below only if the
speaker feed signals are derived by a suitable matrix
from just three such channels. In particular, a well-designed
3~-channel rectangle decoder will outperform a rectangle of
speakers fed with four non-redundant channels for all phantom
image directions. Thus we do not pursue “quadraphonic"
approaches, since these guarantee poor decoded results.

All the mathematical theorems and results quoted in this
paper are given without proofs.

The BBC have designed an encoding system (termed "matrix
H" [27)), which was soundly designed to achleve good mono
and stereo compatibility. However, no comprehensive
understanding of surround sound psychoacoustics wag available
vhen that system was formulated ; thus its surround
reproduction is suboptimal, and some designers have found
a "variable matrix" decoder is required to rescue it.
Although our methods permit decoder designs that do not
require varilable matrix "fixeg" for the kernel vergion of
matrix H (which we term system H, see Appendix B), the
methods of this paper show that the best decoders for system
H give results inferior to those obtainable with the optimal
encoding gystem System 45 J. System 45 J is describved in
Adppendix A, along with the design parameters of
decoders at various levels of cost and performance, Systen
45 J may be decoded for surround sound vis various shapes of
loudspeaker layout from the two stereo "baseband" channels,
from three channels, or from 2% channels (i.e. from two
channels plus a bandlimited third channel). The mono and
stereo compatibility of System 45 J is good, as mey be seen
from the compatibility data in Appendix A, 4 comparigon of
Appendices A and B will reveal that the differences between
systems H and 45 J are not large.

Encoding and decoding methods described in thig paper have
been subject to extensive experimental testing in connection
with the Ambisonic surround sound project of the British NRDQ.
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II, Some Basic Facts_about Decoding

Consider x, y axes pointing respectively forward and to the
left, and consider n 10udspeaker; situated on a circle around a
central point in the directions ¢i (L =1, 2, <4 , n) measured
anticlockwise from the x~axis. (We here ignore the effect of
finite loudspeaker distance.) Then the following parameters
influence psychoacoustic localisation if the loudséeaker 1s fed
with a signal with complex gain ay

1. Makita localisation (low frequencies)
T
Calculate x = Re(é‘w)
mi

g = Re(zai sin ¢j)
La,

then the apparent Makita sound direction Gvis given

by x = rvcos e‘l

} with rv> 0
y = rvsin &

2. Velocity Magnitude condition (low frequencies)

Given p,» O defined as above = ]} is desirable for unamhiguous

v » Ty
localisation when the listener's hcad does not face the sound

direction,

3. Phasiness condition (low frequencies)
Calculate q = Im (&’l_f_ui_)
):(11

q ia the "phasiness'" heard by a forward facing listener, and
for important sounds, it is desirable that |q} < 0.21, and

advantageous that [q| < 0.5,



4,  Energy Vector Direction (high frequencies)
Zay|? cos 4

Tl |7
i

Calculate X =

E]ailz sin ¢i

% oy H

and write X = rE cos OE

with ry >0

YE e sin GE

Then GE is the apparent l}ocalisation of a sound at high

frequencies when the listener faces the apparent source.

5. Enerpy Maynitude Condition (high frequencies)

Given ry > 0 as above, 1deally rp = 1; in practice for important
sound directions Ty should be as large as possible, and

r, > 0.5 for important sound directions is desirable.

E

The basic theory of the psychoacoustic significance of
the above criteria (except for "phasiness") is given in
non-mathematical language in [3] . The significance of
"phasiness" ig discussed (for stereo reproduction) in [4].
The lakita locslisation has been discussed (not always using

Mokita's name) repeatedly in the literature, e.g. see 151 (6.

Optimisation of the 5 localisation criteria above is not easy in
terms of loudspeaker feea signals, but can be greatly simplified in
the case of regular polygon loudspeaker layouts or rectangular
loudspeaker layouts.

It ig in practice important to ensure in the frequency region

250 Hz-1000 Hz, which represents the region in which it is not
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clear whether the 'low' or 'high' frequency criteria above apply,
that a suitable mixture of 'low' and ‘high' frequency criteria
should apply together., This is made possible by the following result:

RECTANGLE DECODER THEOREM For any rectangle decoder whose 4 speaker

feed signals satisfy

~Ly + LF - RF + RB = 0
the Makita localisation Q’of a sound always coincides with the energy

vector localisation GE.

The above theorem has the following useful corollary,.
COROLLARY 1 Let the 4 speaker feed signals LB’ LF' RF’ RB of a

rectangle decoder be related to 3 signals W, X, Y via
Lo= 3-X+W+Y)
L= 3(X+W+Y)
Ry = X+ W =-Y)

=X +W-1Y),

f°

s0 that X = ;'g(-LB + LF + Ry ~ RB)

w=;(LB+LF+RF+RB)

= 2 - —
Y = 2(Lpt Ly = Ry — Ry

1
0= 2(-Ly + Ly~ Ry + R,
Then the Makita and energy vector localisations coinclde, and lie

in a direction 8 given by

Re (XW*) = r cos ©
r>0
Re (YW*) = r sin @

where X, Y, W are also used to represent the complex channel gains

of an encoded sound.



COROLLARY 2 (“Preference Theorem') For a rectangle decoder given

as in Corollary 1, a new decoder with

W replaced by W
X X
Y Y+ jk W

shares the same Makita and energy vector localisations as the

original decoder, when k is real,

Comment The addition of the signal kjW to Y allows the phasiness
of some directions to be reduced at the expense of increasing the
phasiness of other encoded directions. If the phasiness of

front is reduced at the expense of back, we term the modification
of corollary 2 "forward preference". Note that foward preference
does pot alter the Makita or energy vector localisation or the
velocity magnitude condition. Forward preference does in general
modify the energy magnitude condition, and may be used to increase

r. in the front at the expense of reducing ry at the back,

E
Forward preference also has the effect of changing the
decoded energy gain In a manner varying with encoded direction.

In particular, preference may be used to make the decoded

directional gain more uniform in some encoding systenms.



111, Limitations in 2-channel encoding

For an encoded azimuth @ (measured anticlockwise from front),
a left/right symmetric 2-channel encoding system has left and right
channel gains of the form

L= (a+ jb) + (c + jd) cos & + (£ + je) sin ©

R~ (a=- jb) + (c ~ jd) cos © + (=f + je) sin 6

with &, b, ¢, d, e, f real coefficients, The following facts may
be proved, (provided a to f have not too "unreasonable' values).
(1) Decoders may be designed for such an encoding system satisfying
to a high degree of approximation the Makita and energy
vector localisation conditions with correct decoded azimuth
and also satisfying (to a good accuracy) the velocity
magnitude condition,
(1i) In general, such a decoder will not have uniform overall energy
gain with direction.
(111)It 1s not possible for such a decoder to have low phasiness
for all decoded directions; in general a decoder satisfying
Makita and energy vector localisation conditions and having a
reasonable r, (condition (5)) will tend to have mean phasiness
magnitude around lql = 0.5, which is unacceptable for front

centre sounds.

For a "symwetric circle encoding system'" (i.e. one transformable to
BHI{b] via a 2 x 2 matrix), the use of forward prufurence to
reduce phasiness for front-encoded sounds has the unavoidable
inevitable side-effect of increasing the epergy gain of rear-
encoded sounds (typically by 3 dB relative to front-uncoded sounds).,
This is particularly objectionable since rear—encoded sounds are

reproduced with increased phasiness.
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There arc, however circle-locus systems which are not trans~
formable to WMX via a 2 x 2 matrix, and which are thus not
rotationally symmetric., Such systems may incorporate a built-in
reduction of 3 dB for rear encoded sounds to compensate for the
boost caused by the use of forward preference. This 3 dB reduction
may be hidden during stereo reproduction by means of a 2 x 2
matrix which has the effect of boosting back sounds by 3 dB.

Such systems replace the 2 signals with directional gains 1 and
cos ® - ] sin 6 of BMX by signals with gains 1 4——2%253 sin 6 and

cos @ - < j sin ©; the modified system has the same circle

242
locus as BMX and a stereo gain almost uniform (within 0,51 dB) with
direction, but has a widened reproduced stereo image. Similar

modifications may be made to other symmetric circle encoding systems.



IV, System desipgn philosophy

Any 2 chaunnel encoding system should satisfy the following
requirements (see (1] for a more detailed discusnion):

(1) The front sector of the sound stage should reproduce in stereo with
acceptable phasiness Q < 0,45 and with adequate stereo width,

(1i) The rear sector of the sound stage will reproduce in stereo with
more phasiness, and thus on no account should it also be raised

in level relative to the front sector.

(iii)It should be possible to add a bandlimited third channel permitting
decoding with a flat frequency respénse and satisfying Makita

and energy vector localisation conditions accurately (say with

maximum error 2°) throughout the frequency range.

(iv) The 2-channel decoder should be of particularly good quality
in the front sector; certainly not significantly inferior to
the quality of good stereo, with which it is in competition.

(v) Localisation in 2« or 3~channel decode modcs should be

acceptable for all encoded directions and all listener

orientations.

Note that condition (v) does not demand that the system be
rotationally invariant, only that Makita and encrgy vector localisation
conditions be satisfied. Indeed condition (iv) cannot be well
gatisfied along with condition (v) for a circle-symmetric system,

Also conditions (i) and (ii) cannot all be satisfied for a circle sym~
metric system, and the front gstage reproduction of a 2} channel circle
symmetric system (e.g. TMX) is very poor at high frequencies due to
phasiness effects,

The emphasis on getting front-stage sounds to be particularly
good is not unreasonable, since the majority of musical uses of
surround sound (as distinct from gquadraphonic gimmickry) tend to have

most important musical sources in this sector. This is true both
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Of classical and pop. For this reason, front~centre phasiness in
stereo 1s much more objectionable than back-centre phasiness, and
dictates an intexchannel phase not much exceeding 45° for front
sounds. Sounds outsidu the front sector are still adequately
handled provided (v) holds, but it is felt that less weight should
be gilven to stereo phasiness in the rear sector than in the front
sector,

We again ewphasise that decode possibilities are limited
by the cholce of encode equations, and that all possible decode
options for given 2-channel encode equations have been mathema-
tically classified in terms of the psychoacoustic theorles given
earlier. It 1s not possible to decode clrclg=symmetric 2~
channel encodings (e.g. BMX) to give the optimum results from 2

channely ; a non-symmetric circle system 1s necessary for thia,
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v. Decode options for an encoding system

Let T« L+ R, A = L - R be the sum and difference of left and
right encoding channels, and let T be a third channel., The encoding

kernel equations for azimuth 6 antlclockwise from due front may be

of the form
L a ¢ je 1
A - b jd f cos @
T ig jh 1 sin @
gain

with real coefficients g , b, ¢, d, e, £, g, h, 1; j represents a 90°
phase shift.

The basic kernel decode equations are

W o 3 dr\ /%
X|= 8 te 3T A
Y Jx v w T ,
where a 7 I P4 a © je\ !

5 je 3 - b Jd  f
dX ¥ ] i8 jh i .

In this case the coefficients o, Y, €, B, 6, §, X, ¥, w are real, and
the gains of the signals W, X, Y are’
W

1, = cos 6, Y = gin @,

gain = xgain gain
The signal feed to the speaker at azimuth ¢ will be
W+ 2X cos ¢ + 2Y sin ¢

for regular polygon loudspeaker layouts, having gain 1 + 2 cos(g ~ ) ,
When the gain of the third channel is diminished (say by a factor

- 0§t < 1), the decode equations become

- 12 =



t

X | 8 Je jze A
t

Yt x '} wt T

and we require that the encoding coefficients a to 1 be chosen so that
this decoder still satisfies the Makita conditlons,

%) =
i.e, Re (xtu ) = r cos @
%) wm
Re (thc) r sin O,

with 6, 260,

In fact, given g,b,c,d, e, £ (i.e, the 2-channel encoding) 1t is possible

to choose g, h, i so that 8, = 8 for & = 0°, * 60°, % 120°,180°, and

it transpires then that for all e, ] 6, -8 | is normally less than 2°

for all T-gains t, In other words, for all reasonable 2-channel

encoding systems, the 3rd channel encode may be chosen so that the inverse

3-channel decoder still satisfies the Mskita localisation condition to

within an accuracy of about 2° even when the T-channel gain is diminished.
The general kernel decode equation for diminished third channel

satisfying the Makita localigations conditions (including forward preference)

is of the form

W ko k38 (k10)e £
X' = k28 kzje (kzj;)t A
y! kydx = Ehyde kpbe Fiy8 (e Fkgde/ \T

with real quantitics kl’ k2, k3 and t. It i8 possible in the case of circle-

locus systems (not necessarily rotationally invarient oﬁes) to juggle the values

1 k2' k3 s0 that as the third channel gain t changes.

(L) Makita localisation and energy vector localisation stay true,

of k

(11) coergy gain stays approximately uniform with direction and frequency,
(ili)depunding on the frequency, whichever localisation criterion of (2)

-1 =



and (5) is most apt holds, and
(iv) if the encode system is suitably chosen, the front phasiness

automatically is lower than the back phasiness.

The above decode equation 18 the most general left/right symmetric
one satisfying requirement (i) above; the computation and implementation
of the coefficients kl’ kz, k3 is tedious but routine provided the
balance of psychoacoustic requires (1) =~ (5) is decided upon. System

45 J was designed using the above requirements

a) The 2~channel encode system was chosen both for stereo and mono
compatibility and for good 2-channel decode performance.

b) The 3rd channel was then computed to ensure that diminished T-gain
did not upset localisation in decoding, and

c¢) The coefficients kl’ kz, k3 have been determined for a variety of
decoding options.
By these means the advantages of TMX [6] have been retained, but

with improved front-sector performance in system 45 J .
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VI.

Iaterconvertibility of 2-channel encodings

In investigating the possible methods of 2-channel and 23
channel encoding and deéoding, there is no point in distinguishing

2-channel systems that are interconvertible (i.e. convertible from

one to the other via a 2 x 2 matrix) as far as surround sound
decoding goes. Also it is clear that a third channel suitable for
use with one 2-channel system 1s equally suitable for use with any
interconvertible 2-channel system. We state here (without
mathematical proof) a simple test for interconvertibility. Let the
2-channel encoding equations be

L+R=a+ccos ®+ej sin@ }

L=R=bj+dj cos 8 + f sin @ .
Then two systems are interconvertible if and only if they
have parameters u and v having the same value, where

cf + ed
bc - ad

B

be +af
v - GoTed

For systems having full rotational symmetry (i.e., inter=~
convertible with BMX or conjugate BMX), we have respectively

u =0, v =1
or u =0, v==1,
Thus to investigate encoding/decoding results, we effectively
have at the encoding end only a 2-parameter family of systems.
The "system J" family of systems has

u= - 0.3536 = ~ 1//8

v = 1,0607 = 3/JF ,

and & system has a circle pan leocus Lf and only if

v = 111+ u? .



VII. gope general comments

The detailed computation and implementation of non-rotationally
invariant systems is somewhat tedious mathematically, but design
procedures are now available to compute the 3rd-channel encoding
coefficients and all decoder parameters. Only in the case when
the 2~channel system has a circle locua will the 2j}-channel results
have a substantially flat frequency reasponse with direction
(although we have at NRDC built a 2}-channel encode/decode system
based on the bent-locus BBC matrix H syatem; this has frequency
response faults which theory shows cannot be eliminated.)

Designing systems with rotational symmetry (i.e. with decode
results dependent only on the' difference € - ¢ of the encode
and decode azimuths) is suspect on 2 grounds.

(L) It is not based on psychoacoustic theory of any depth,

(1i) Those psychoacoustic parameters that in any case cannot be
satisfied for all directions (e.g. phasiness) can with
advantage be réendered less harmful in some directions from
others by departing from full symmetry.

However, it is important that those psychoacoustic para-
meters that can be satisfied for all directions should be so
satisfied, To this extent, a system must have a partial degree
of 'rotational symmetry'; for example, it should not be assumed
that a listener will necessarily always face in one directlon or
that loudspeakers will be in a fixed paslition.

Note that for non~-regular polygon loudspeaker layouts (e.g,
non-square rectangles), even for BMX or TMX onc does not get correct
results by feeding the speakers with signals dependent only on

8 - $. What is fed to a speakerdepends not only on its position,
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but also gu the position of all the other loudspeakers. Here also,

u theory based on sluple gymsetry breaks down in giving the wrong

psychoacoustic results, 1n the 'rectangle shape' control for
loudspeaker layout on ambisonic decoders [7], the adjustment is in

the opposite direction to that suggested by rotational symmetry,

- 17 -



VIII. Choosing the third chanm;_l

The problem of choosing (for a given 2-~channel encoding) a
third channel encoding so that the inverse decoder still satisfies
the Makita localisation requirement at azimuths 0°, + 60°, %+ 120°,
+ 180° after the third channel is removed ~ this is solvable.

The following formula gives the 3rd channel encoding for
the 2-channel encoding

L+R=a+ccos ® +ej sin @

L~R= bj+dj cos ® + f sin @

in terms of the quantities u and vy defined above, The 3rd channel

encoding is given by:

Tgain @ g} +hjcos 8~-sine ,
vhere: . v'1{ 4+ 3112 +
4 - (u/v)2

u(1+3v%) x n?

4 +’5u2 1+vh  °
This choice of third channel ensures that when the third channel
is removed from the input of the resulting inverse decoder, the
Makita localisation is exact at azimuths 0%, 180° and at 4
azimuths equal to + 60° and & 120°; the Makita
localisation 18 exact for all azimuths for the speclal cases

1) l--t,/1+u2 ,

and (11) u =0, v £ O,

If the inverse decoder equation is, for speaker azimuth 4 in a

regular loudspeaker layout
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By = (aX+ §BA + 3y1)
+2(8L + jeA + jzT) cos ¢

+2(JxE + yA + WD) sin ¢ |

then the following decoding equation for real constants kl’ k2' ka,:

(with kl, kz >0, 0&t €1) also satisfies Makita's localisation theory -
Py =k (al + 3BA + jy1)

+2k2(62 + jeA 4+ JLtT) cos ¢
+2k2(1x£ + ¢A 4+ wtT) sin ¢

t ky(=jaI +BA + YET) sin ¢ .

It may be shown that the above kerncl decoding equation is the
most general one having left/right symmetry and gubstantially
satisfying Makita's localisation theory, as well as
having a velocity magnitude ry not varying significantly
with the encoded azimuth.

Actually, these decoders show small departures from
Makita's theory (giving localisation errors usually not exceeding 2°),
but the differences are very small and in principle capable of
correction with sufficiently elaborate circuitry.

Thus the study of all 2]-channel encode/decode possibilities
reduces, for each case 0% t $1, to the srudy of the 4-parameter system
determined by the variables u, v, kZ/kl' k3/k1° This system is manage-
able and has been surveyed both analytically and numerically, Studies
show that substantially flat frequency response for all directions cannot
be obtained unless the 2-channel system uses a circle locus (i.e.

v= t 41 + 0 ). Decoder design involves just choosing k2/kl and
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k3/k1, once u,v and + have been fixed. One chooses kg/k1
to satisfy the velocity magnitude or energy vector magnitude
conditions (respectively at low and at high frequencies),
and k3/k1 is chosen either so as to minimise front-stage
phaginess and/or to ensure a maximally uniform energy gain
with encoded direction. Thus the quantities‘kz/k1 and k3/k1
are determined by psychoacoustic criteria, t is determined
by the availability or otherwise of the third channel,
and we have required v = (1+u2)*. Thus only u remaing to be
chogen. If it is important that front sounds be reproduced
with low phasiness in surround reproduction, but that the
reproduced energy vary not more than about 0.6 dB with
encoded direction (so as to give good ambience reproduction
and flat 24-channel decoder frequency response), then u
should lie between -0,28 and -0.385, and for analytic
convenience and its good results, we have chosgen for
system 45 3, u = -1/ /8 , v = (9/8)%,

These values for an optimally-decodable system may be
compared with the values

u= ~0.1700, v = 1.4731

found for the kernel gsystem H encoding system described
in Appendix B. System H is based on the 2-channel system
obtained when the BBC's "matrix H" encoding system [2]
is fed with hypercardioid inputs with nulls 135° off-axis,
but the specification ag given in Apnendix B is entirely

the author's responsibility.
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IX, Conclusions

We have summarised the reasoning that leads to our proposal
of i{ystem 45 J as an encoding standard both for 2-channel
and for 3-channel use. Of courge, those having different
balances of priorities might arrive at marginally different
proposals, but the range of options avallable is narrow
if it 1s required that no reasonable use and recording
philosophy should "drop out" or be impracticeble. liost
existing encoding systems obtain their advertised excellence
in gome respects by abandoning some desirable features
completely. System 45 J apvears to be the first '"balanced"
encoding system that handles all philosophies of gound
production and all requirements of sound reproduction
(mono, stereo, and surround) with reasonable results.

That the resulting balanced compromise is a good one is
suggested by the fact that different members of the sound
industry have urged modifications that pull in precisely
opnogite directions!

Wwhile three channels is the optimum number for psycho-
acoustically good horizontel surround rewroduction via
domestically feasible speaker layouts (a resgular heptagon
is the simvlest layout taking full advantase of 4 channels),
8 fourth channel O can be added either to obtain the
"speaker emphasis" el "ect whereby all sounds are drawn
towards 4 speakers, or to achieve full-svhere with-height
reproduction.

luch existing surround material is in the form of pairwise
mixed 4-channel tapes. Pairwise mixing is psychoacoustic-
-ally very suboptimal, and where possible, new material
should be nan-notted with kernel pan-pots (see .7]), vwhich
actually have a sirmler circult than pairwvise panpots. It
is nevertheless possible to annroximate the system 45 J
snecification from pairvise meterial when archive recordings
make this neccsrary (see Anmendix C).

Syston 45 J mects the often conflicting requirements of
Tath broot eotios and dise recording. An additional
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agpect of System 45>J that recommends it as & universsl
gtandard for encoding surround sound is that, by the
standards of '"quadraphonic" systems, decoders for various
existing systems give reasonable results with 45 J recordings.
Exigting reproduction equipment for the UMX and Rl systems
has been found to give substantially correct localisation
from “ystem 45 J signals, although resulits are not as good

as psychoacoustically optimised 45 J decoders. It is likely
that existing owvmers of UMK or Rii equipment will not hear any
marked degradation when using System 45 J recordings. Thus a
transition to a System 45 J standard would be relatively
painless. In addition, by "quadraphonic" standards, the
difference between the BBC "Motrix H" proposal and the
2-channel version of System 45 J igs small (see Appendices

A and B). Both systems have good mono and stereo compatibility,
cach being better than the other for gome program material.

While System 45 J gives the best decoded results according
to the methods of this paper, there ig nothing to stop
consumer equipnent manufacturers from following other decoder
design philosophies (e.g. variable matrix designs) if they
see a demand for the narticular qualities of reproduction
agsociated with such designs. The adovtion of a good
encoding standard does not inhibit decoder innovations,
although a suboptimal encoding standard would do so.

It can be shown that the tolerance of Hystem 45 J to various
normal récording or transmission favlts (e.g. interchannel
gain or phase errors) is good. Thus it seems that System
45 J is well suited to be a universel encoding standard
suitable for broadcasting, disc and casgetie in its 2-channel
version, and suitable for both broadcasting and the high-~
—-quality subcarrier disc technology used for UrX [61in its
3-channel version. In addition, it offers the prospect that
three existing systems (UiX, RH. liatrix H) can be reduced to
Just one universal system. Also, because of the noverful and
comprehensive theoretical methods swrinrised i=n this paver,
there is the assurance thcot no essentially better horizontal
system of encoding can be found, so that the standard rill
be a permenent one,not subject to further significrnt ¢hwonge.
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Appendix A. Specifications for gvetem 45 J.

System 45J encodes a sound with azimuth © (measured
anticlockwice from due front) into the channels L, R, T
with gains as follows. Let & = L+R and A= IL-R ; then

% 0.9530 0.2554 0,0661 1

a = | -0,3029j 0.803%43 0.959% coso

TS -0.1716 3§ 1.00003 ~1.0000 sin®,
Sain

The basic kernel decoding equation feeds a loudspeaker at
aziruth g within o regular nolygon loudspeaker layout with
the sigal

Py = ( 0.9857 &+ 0.1058ja+ 0.1667 37)
+( 0.5228 5 - 1,0785 ja= 1.0000 §T) cos 4
+( 0.184638 + 1.1148 A = 0.942807 ) gin 4 .

This equation causes a gound encoded at azirmuth & to be
decoded with gain 1 + 2cos(6-4) through the loudspeaker at
azimuth g, The general kernel decoding equation is of the form

y" = k1( 0.9857 2 + 0.1058A + 0.1667 jtT7)
+ k,( 0.5228 5 - 1.07858 ~ 1,0000 j4T)cosd
+ ko 0.1846 38 + 1.11488 - 0.9428 4T )sind
+ k3(-0.9857j£ + 0.1058A8 + 0.1667 7 ) sing ,

wvhere O0€t<1 ig the attenuation of the third channel T,
and vhere k1,k2, k3 are pogitive numbers chosen to optimise
the psychoacoustics of reproduction. The coparent sound
azimuth rceproduced by such a decoder according to Makitals
theory of localisation agrecs with the encoded azirmth
to within about 2°. The coefficients k1,k2,k3,t may vary
with frequency if desired.

For rectanmular loudspeaker layouts with speaker azimuths
4, 180°%-4,-130°4, amd -4, the respective speaker feed
signals should be P9O°~d , P900+¢ , P_900_¢ , and P_9oo+¢ ’
provided that the elicet of loudspeaker distance is ncglected,



The parameters k1, k2, k3, t in the horizontal kernel
decoding equations for System 45 J have different values
according to the number of channels available, the desired
complexity of the decoder, and whether account is taken of the
frequency-dependence of human sound localisation. We list
suitable values for various applicationsg, although it must

be realised that further research may suggest improved values.
Bagic 3-channel decoder

k1 = k2 =t=1, k3 = 0.

Pgychoacoustically compensated 3-channel decoder

k1 = k2 =t=1, k3 = 0 at frequencies F <« 400 Hz

k1 = 1.2247, k2 = 0.8660, t =1, k3 = 0 for F>» 400Hz.

Bagic 2~channel decoder k1 = k2 =1, t =%k, =0,

3

Basic 2-channel decoder with almogt uniform directional gain
k1 =1, k2 = 1.15, k3 = 0.,3622, t = O.

Psychoacoustically compensated 2-channel decoder t = O and:
k1 = 0.6592, k2 = 1,2807, k3 = 0,1545 for F <« 400 Hz,

k1 = k2 =1, k3 = 0.4175 for F » 400 Hz.

Basic "2+4-channel" decoder

k1 = k2 =t =1, k3 = 0 at frequencies for which % channels
are available,
k1 = k2 = 1.1454, k3 = 0, t = O wvhen only 2 channels are available.

Intermediate "25-channel" decoder with almost uniform directional

cain
k1 = k2 =t =1, k; = O when 3 channels are available,
k, =k, =1.2162, k, = 0.5077, t = 0 vwhen only 2 channels are
1 2 3 .
available,

Psychoacoustically compensated "24-channel" decoder
k1 = k2 =t=1, k3 = 0 for frequencies F < 400 Hz,

k1 = 1.2247, k2 = 0.8660, k3 =0, t =1 for F >»>400 Hz when
) % channels are available,
k1 = k2 =1,2162, k3 = 0.5077, t = 0 at high frequencies when

only 2 channels are available,

Hotes: (i) The term "2%-channel" decoder imlicates a decoder
using 3 channels at lower frequencies and 2 at higher.
(ii) Decoders marked * have directional gain and frequency
response uniform to within 0.51 dB variation.
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System 45J encoding locug chown on EBnergy sphere (view Trom
right cido). Put left channel :ain = I.e'161 and right channel
sain = Ro3®2 (with L,R20). then:

o = 2 orctan (R/I} and B = & - 8,.

e — Systen 45J kernel (optinal) encoding.

VU = aescsoien o imme
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Compatibility Toble System 45 J encoding.

Azimath Mono Sterco Position Phosiness
ansle Gain Gain P i
derrces a5 dB
CF 0 0.00 0.00 0.000 0.414
224 -0.14 0.08 0.316 0.3%63
LF 45 -0.55 0.26 0.607 0.209
67+ -1.20 0.44 0.841 -0.045
CL 90 -2.04 0.51 0.980 ~0.386
112% -2.98 0.44 0.980 -0.784
LB 135 -3.87 0.26 0.807 -1.176
157+ -4,5% 0.08 0.460 -1.474
Cn 180 -4.77 0.00 0.000 -1.586
Gain
" variation 4.77 0.51
(aB)

Lote: IFor left and richt channel gaing L and R respectively,

P Ke f(L-1)/(T+10)}
Q T f(imn) /(L)}y |
According to baulkrita's sound localisation theory, P is the

proportional displacement from the midpoint along the line
joining: the sterco spcaler pair. For o further discussion
of the psychoaccustic simmilicance of ¥ cand Q in
other localisation theorics, sec redf. [4]. he Syotem
45 J encodins locus and its cormatibility nroperties have
previously beon discussed in 1], egnecially the locus e
of its fisure 1.
System interchannel phase diiference (between L & R channels):
for CF chcoded sownd: 45.00°
for C; encoded sounds -115.53°
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Anpendix 3. Specifications for system H, a 3-channel

kernel vergion of the B3C 'liatrix H' encoding system.

System H encodes & sound with azimuth € (measured
anticlockwice Trom duc front) into the channels L, R, T
with gaing as follovgs., Let & = L+4R and A= L~R ; then

=z 0.9915  0.2030 -0.13%05j 1
a = -0,1%05j 0.65303 0.9915 cos6
T cain ~0.0735j 0.6687%3 =1.0000 sin®

The basic kernel decoding equation feeds a loudspeaker at
azimith § within o remular nolyron loudspeaker layout with
the signal

By = ( 0.9744 & + 0.2129jA + 0.083931)
+( 0.2956 % - 1.42863A ~ 1.45493T) cos ¢
+( 0.0603j% + 1,013 A ~ 0.98777 ) sin § .

This equation causcs a gsound cncoded at aziruth € to be
decoded with gain 1 + 2co5{0-4) through the loudspeaker at
azimuth 4. The general kernel decoding equation is of the form

Py= X ( 0.9744 B+ 0.2129jA + 0.0839%T)
+ k2( 0.2956 & - 1.428638 ~ 1.45493+4T)cosd
+ k,( 0.0603f% + 1.01314 ~ 0.987742 )sing
+ k(-0.97443E + 0. 21 294 + 0,0839tT )sing ,

where O0¢$ t€1 iz the attenuation of the third channel T,
and where k1,k2, k3 are positive numbers chosen to optimise
the psychoacoustics of reproduction. The apparent sound
azimath reproduced by such a decoder according to Makita's
theory of localisation agrees with the encoded azimuth

to within about i1°.The coefficilents k1,k2,k3,t may vary
with frequency if desired.

For rectangular loudspeaker layouts with speaker azimuths
#, 180°-¢,~180%4, and ~g, the respective speaker feed
signals should be P9O°-d R P90°+d ,‘Pﬂgoo_d , and P_9Oo+¢ ’
provided that the effect of loudspeaker distance 1s neglected.

- 27 =



Energy sphere loci for kernel versions of:
System H (s01id line) and System 45 J (dashed line),
showing in each case the encoded- azimuths 459,90°,135°,
Put left channel gain = Leje1 and right channel
gain = Red®2 (with 1,R » 0). Then:
o = 2 arctan(R/L) and p= & ;‘92 .
Sphere is shown viewed from right side.
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Compatibility Table  System H kermel (optimel) encoding.

Azimuth Mono Stereo Position Phasiness
Q

ansle Gain Gain
degrees 4B . dB
CF 0 0.00 0.00 0.000 0.442
224 ~0.11 0.15 0.304 0.418
I"F 45 ~0.41 0.47 0.590 0.347%
67% ~0.91 0.72 0.833 0.207
30 ~1.54 0.69 1.000 0.000
112% ~2.2% 0.32 1.040 ~-0.281
I‘B 1%5 ~2.92 -=0.35 0,893 -0,605
1574 ~3.42 -1.05 0.527 -0.886
cB 180 ~%.61 -1.37 0.000 -1.,000
Gain
variation 3.61 2.12
(aB)

Note: Ior left and right channel gains L and R respectively,

P = Re{(L-R)/(L+R)}

Q = Im{(L-k)/(L+R)Y .
hccording to Makita's gound localisation theory, P is the
proportional displacement from the midpoint alons the line
joining the sterco gpeaker pair. NMor a further discussion
of the psychoacoustic significance of P and @ in other
loenlinnlion Sheories,sne mefl. [4] o e systen I

4

e o Ll cormatitlity oronerties have
N

proviously eon direvsred i 1], esmeciclly the locus ¢
ol Atn Tiare 1.
System interchunnel phase difference (between L & R channcls):
Tor CI:‘ cncoded sound:  47.66°
for (lij cincoded sounds ~90.00O
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Appendix C :
SYSTEIL 45 J ENCODING FROM PAIRWISE NMIXED HATERIAL

In view of the poor subjective results normally obtained
Trom pairwise mixed 4-channel material, the encoding used
to approximate a Jystem 45 J specification is necessarily
a compronise. Although a fixed conpromige (e.g. with
k = 0,7071 below) may be used for all applicetion, users
nay find that the range of options given below allows
the results obtained from any given pairwise mixed program
to be optinized.

Put X = $(-LB+LF+RF-RB)
W = +(+LB+LF+RF+RB)
Y = $(+1LB+LF-RF-RD)

% = ¥(~LB+LF-RF4RB) .
Then for a chosen positive constant k (with 0.7071 ¢k €1),
the following encoding may be used to approxzimate ystem 45 J
"speaker emphasis" encoding from pairwise mixed programs

i

L =0.9530 W + 0.2554 XX + 0.0661jkY
T = ~0.1716jW + 1.0000jkX -~ 1.0000 kY

Putting k = 0,7071 ensures that the "cormer" azimuths
(1450, 3ﬂ35°) are encoded corrcctly according to the System
45 J kernel specification, vhereas k =1 engures that the
"eardinal® azimuths (0%, +90°, 180°) are encoded correctly
according to the kernel encoding equations., Intermediate
values of k ensure that intermediate azimuths are encoded
correctly. For example, k = 0.9239 ensuies corrcct encoding
for azimuths +224°, +674°, +1124°, +1574°.

If required, a more flexible range of encoding options for
pairvise mixed material is obtained by using dilfferent values
for k (denoted rcspectively by kF and kB) for the front and
back channels. This yields the folloving encoding equationgs



Z=0.9530 W' + 0.2554 X + 0.06613Y
A= ~0,3029jW' + 0,8034jX + 0.9593 Y
I = -0,1716jW' + 1.0000jX - 1.0000 Y

where the signals X, Y are as defined above, and where

-1 -1 -1 -1
W o= -;—(kBLB+kFLF+kFRF+k,BRB),

with O.7071<k.Fs1 and 0.7071< kg<1 .

If kF = 0.7071, the azimuthg _-1;45o are encoded correctly
according to the System 45J kernel specification, whereas
if kF = 1, the azimuth 0° (due front) is encoded correctly.
If kg = 0.7071, then the azimuths 3ﬂ35° are encoded correctly,
and if ky = 1, the azimuth 180° (due back) is encoded
correctly,

it

For the special case kF = 0,7071, kB = 1, the following
azimuths are encoded correctly: 1450, i115.50, 180° y
whereas for kF=1, kB = 0.7071, the corvectly encoded azimuths
are 0°, +64.5°, +1350, For kp = kg = k , the results are as
described above.

An accompanying figure illustrates the azinuths that are
encoded correctly according to System 45 J specifications
for pairwise nixed material using various values of the
parameters kE and kd. e also show the energy sphere loel
of various pairwise mix encoding ovptions.

Por pairwise mixed material, it ig pernissable to perform
the above encodings with a gain for the rear channel signale
LB, 1B differing from that of the front signals LF, RF, The
rear channels' gain may be between -3 dB and + 3 dB. An
encoding option varticularly suited to general use in
broadcasting is g =1, ky = 2"% and rear gain = -1.25 4B,
which ensures roughly uniform reproduced corner gains both in

stereo and optimised 2-, 24~ and 3-channel surround
renroduction.
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®

kF = kB =k = 0.7071 F = = 0,9239
4
N ]
kF = kB =k = 1.0000 kF = 0.7071, kB = 1.0000
h
= 1.0000, kB = 0.7071 kF = kB =k = 0.8409

Showing those agzimuths of pairvise mixed material that
are encoded correctly according to Systen 4- J kerncl
encoding standards for various values of tie coelficients
kF’ kB’ k in the pairvise mix encoding ccuatioasn.
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right leads left

e 45J encoding locug shown on enersy sphere (view from
right side) . Put left channel gain = Leje1 and right channel

gain = Red®2 (with L,R20). Then:
o= 2 arctan(R/L) and p= 8

- 92.

———————

System 45J kernel (optimal) encoding.
s emevieme Sygtem 45J pairwise mix cncoding, kp=t, kB= 0.7071.
S Systom 45 pairvise mix cncoding. kl'F 0.7071, kB=1 .



left leads right
90°

right leads left

stem 45J encoding locug shown on Bnergy sphere (view from
right side). Put left channel gain = Led®

gain = Red®2 (with L,R20). Then:
o = 2 arcten(R/AL) and A = 8 -8

and right channel

2
e———————  System 45J kernel (optimal) encoding.

- it & e § System 45J pairwise mix encoding, k = 0.7071 .
= —— — System 45J pairwise mix encoding, k = 1 .
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