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I. INTROCDUCTION

The design of decoding apparatus for surround sound iz determined
both by the form of the encocded ‘surround sound signals, and the
particular design aims of the designer. The overall performance can
only be assessed if all stages of the reprcduction process are
included, including the listener, since the decoder is not doing
its job unless the illusion in the ears and mind of the listener
has substantially the desired directional and ambient qualities.

A11 high fidelity design involves some degree of subjective
optimisation among mutually conflicting desirable qualities, and
this can'only be achieved by prolonged skillful listening. Howvever,
a tractable design procedure and usable mathematical description of
the system is an aid to getting sufficiently close to the desired
performance to enable the final subjective optimisation to be a
procecs of refinement, rather than of radical alterations and
guessvork,

Hitherto, the design of surround-sound equipment has involved
large amounts of guesswork, since the requirements for a satisfying'
directional illusion were either unknown or knowm only in terms of
complicated experimental or theoretical data not easily convertable
into a workable design. In the absence of a precise knowledge of
requirements, many designers have assumed that the "optimum"
reproduction would simulate paiwise mixed reproduction, with
non-corner sound directions being achieved by reproduction just
from the adjacent pair of loudspeskers. Experimental data,
especially but not only for nominally side localisations [J]—[4],
shoved that this approach actually gives a poor and uneven direc-
tional illusion which lends itself mainly to crude 4-point
"gimmickry",

Over the last few years, a range of increasingly sophisticated
simmal-actuated matrix decoders (often termed "variomatrix" or
"logic") have been designed to approximate pairwise mixed
reproduction, which give poor phantom images, as well as an
inevitable increase in listening fatigue under extended listening
owing to the continual alteration of the signal parameters reaching
the ears. All signal-actuated designs so far announced tend to
cause the position of secondary sound gources to wander in the
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presence of louder primary sources, although gome designs are mach
better than others in this respect. While further improvements in
signal-actuated designs-can be expected, it iy extremely unlikely
that forseeable technology will yield designs with low listening
Tfatigue and which preserve the subtleties of ambient acoustics
that can make surround-sound reproduction so worthwhile.

We here describe a systematic apnroach to decoder design that
takes into account both the properties of the human listener and of
the domestic contraints on the use of the equipment. While the
degign methods are mathematical {vut no more so than, say, active
filter design), it must be understood that the mathematical
modelling of human hearing used below is an abstraciion from the
data of over sgeventy years of scientific research into the auditory
localisation of gsound. A series of papers in preparation will give
the full theory that lies behind the models end results gquoted, and
give a much more extended discugsion of its meaning and interpret-
ation. Other mathematical models not quoted here also play an
important part in a thorough design, since human hearing is a
complex many-method sound analysing device, However, the models
given here elready take into account more aspects of human hearing
than previous attempts. The main point to note is that the mathe-
matics given here is cast into a form that allows relatively easy
design of decoders, once one has the results of the various quoted
theorems. '

We then go through the various circuits used in practical consumer
decoderg designed using these procedures, including various meansg
of achieving maximum circuit simplicity, and formulas or numerical
data for realisation of the circuits. We describe the overall form
of the decoder, and circuits for phase shiftersg;phase—compensated

shelf filters, speaker layout adjustment coﬁtrqié and matrix
circuits. ‘

The decoders here described will give substantially correct sound
localisation via a variety of different shapes of loudspeaker .
layout, and consequently, includes a control to adjust for
different rectangular shapes, as well as for hexagonal layouts that
are capable of improved subjective performance when circumstances:
permit their use. Algo described is the use of delay-line compens~
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ation for irregular speaksr layouts such as trapezia. We also
discuss briefly the application of these design technigues to
signal-actuated designs.

This work was done in connection with the Ambisonic surround-sound
project of the British NRDC (National Research Development
Corporation), and is the subject of a number of pending Patents.
Further background that the reader may find helpful is contained
in the series of articles [5]-[9]. 1In particular, the full circuit
of a commercially available decoder designed by the methods given
here ig given in reference [9], which includes details of the
decoding parameters that can be used for all the major 2-channel
encoding systems, including mono, stereo, RM, BMX, 3Q, matrix H,
and gystem 45J. '

II. MATHEMATICAL THEORY OF DIRECTIONAL HEARING

In this paper, we shall only consider soundsg originating in the
horizontal plane, although the following methods can be extended to
the design of periphonic (with-height) [10] systems. Consider x,y
axes pointing respectively forward and to the left (see figure 1),
and consider, for the present, n loudspeskers situated on a circle
around a central point in the azimuthel directions di (i=1,2,...,1)
measured anti-clockwise from the x-axis (due front). For
simplicity, we also suppose that the speakers lie at a large
distance from the central point, so that their sounds arrive at
the listener as plane waves. If a given mono sound is fed to all
loudspeakers, with the complex gain Pi to the .i'th loudspeaker,
then the following parameters influence the apparent psychoacoustic
localisation of the sound in question.

1. Makita's Jocalisation €., .

Describes the apparent locelisation. azimuth for listeners facing
the apparent gound source at low frequencies less than about 1 kHz.



Calculate:

P, cosp
X=RE{ iz.}P 1 }‘!

2P sindi
elE R

where Re means "real part of", and the sums are over i = 1 to n,
Then Makita's localisation azimuth ev is given by

X = r. ocogse
vc v } with rv>0.
y = rvsinev

y

2, Velocity vector magnitude Ty

This is the quantity ry = (x2+y2)% defined above. It describes
the stability of sound localisation with head rotation at low
frequencies less than sbout { kHz, For natural sounds, Ty =1,
and if Ty is much greater than 1 for a reproduced sound, one hears
an "out-of-phage" effect. If Ty ig close to zero, one hears an
#in-the-head" or "close-to-the-head" effect, along with excessive
image movement when the head moves.

3. Phasiness q .

Apt for forward-facing listeners. It describes unpleasant "pressure
on the ears" sensation and image blurring. It is given by
P sing;
bax ’
vhere for real u,v, Im{u+iv) means v. Ideally, for natural sounds,
one should have gq = O, but Jql <0.21 is relatively innocuous,
ja] € 0.5 is generally tolerable, and |q] >1 is unacceptable.

q = Im

4, Enermy vector ezimuth B-E .

This describes the apparent image azimuth at high frequencies above
sbout 500 Hz up to about 5 kHz, and is also apt at low frequencies
for slightly off-centre listeners., Calculate:

Xy = Z‘Pi‘ ’ COS{L
E P> \Pj!?.’

S Z‘PL‘2 Bjn{i_
B2




and put

I

p e r. cos ©
B E B } with Ty > 0.

Then 63 describes the apparent localisation, especially when the
listener faces its apparent directionm.

5. Energy vector magnitude Ty o

The quantity rp = (xE2 + yEa)% defined above describes the stability
of the sound image with movement of the head, especially at
frequencies between about 500 and 5000 Hz. Ideally for natural
sounds, TR = 1, and for reproduced sounds Ty can never exceed one.
In practice, rg = 0.7 is excellent, Tp = 0.5 is quite acceptable,

and rE = 0.%5 ig tolerable for sounds to the rear of the listener.

IXII. THEOREMS USEFUL IN DESIGN

In the following, we use the same capital-letter symbols to
indicate a signal and the complex gain with which a given mono
sound is included within that signel. The following results can
be proved about the various localisation parameters described
above, and greatly simplify the task of decoder design.

Theorem 1. Rectangle decoder theorem.

The speaker feed signals 1B, LF, RF, HB of a rectangle speaker
layout (see figure 2) give reproduction whose Makita and
energy vector azimuth localisations coincide provided that

Q = $(~-LB+LF-RF+RB) = O ,

and in that case the speaker feed signals can bh:expressed in
terms of three signals W, X, Y respectivelj representing the
reproduced acoustic pressure, component of acoustic velocity
along the x-axls, and acoustic velocity along the y-axis, as follows:

= ¥(W - 2-%I/cbsé + 2"%Y/sind),
= $(W + 2°%XJcond + 27¥¥/eing),
= $(¥ + 27%%/cosd « 27 F1/sing),
= #(W = 2% %/cosf - 27¥1/sing),

EEEE
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where 180°-4 , 4, =p and -180°%+4 are the respective azimuth anglés
of the loudspeakers LB, LF, RF, RB in figure 2, For such a
decoder, Makita's azimuth @V and the energy vector azirmuth GE

are both given by the quantity & defined by either of the formulas:
cos® : sin® = Re(XW#) : Re(YW*)

and

cos® : sin® = Re(X/W) : Re (Y/W),
where * indicates complex conjugation.

Theorem 2. Regular nolygon decoder theorem.

If n » 4 loudspeakers are positioned on a circle at azimuths Bs
(i= 1 to n) spaced apart by equal angles 260°/n, and for a1l i,
the feed signal P, to the loudspeaker at azimuth 6i is given by:

P.o= W+ (2chos¢$i)x + (-2“1’sindi)x ’

then the Makita and energy vector azimuths coincide, and their
value € = Gv.= GE ig given by the same formulas for & as in theorem 1.

Theorem 3. Decoder modification theorem.

In the decoders of theorems 1 and 2, if the signals W, X, Y are
respectively replaced by signals of the form

Wl

‘xl

Yl

—
-—

-
[-=4

k1W

2
kY~ Jka¥

kX + JkV

with ]rr.1 >0, k2> 0, and k3 , k4 real, then the Makita and energy
vector azimuths remain unchanged, and the velocity vector magnitude
is changed to

Ty

Ty = (1;2/1:1)1-v .

Alteration of k3 changes the phasiness q of reproduction in a
manner depending on the azimuth of the encoded sound.

Theorem 4. In the decoders of theorems 1 and 2, the velocity

vector magnitude Ty and phaginess q are given by:

r

2
v

= $(Re(X/W))2 + +(Re(Y/W))?



and
q = 2“’1’1m( Y/W).

Coiment. By these results, in order to desigﬁ decoders that have
correct lMakita azimuth GV and velocity vector masgnitude Ty at
low freguencies, and correct energy vector azimuth GE at hish
frequencies, for all possible encoded sound directions, it is
necessary that it be possible to matrix the original encoded
simmals into three signals W,X,Y vwhoge gains satisfy for every
encoded azimuth © the equations

Re(X/W) = 2% ry cosé ,

1
Re(Y/W) = 2% xy sing , (1)

vhere Ty is a constant greater than zero independent of azimuth &,
wvhich equals ry if W,X,Y are used in thie decoders of theorems 1
and 2 vithout modification, by theorem 4. Ve shall say that an
encoding system ig well-decodable if it is possible to derive

such signals W, X, Y such that & of equation 1 agrees with the
encoded azimuth to within a few (2 or 3) degrees and if ry thus
defined ig constant {to within a few percent) with encoded
azimuth, In order to design psychoacoustic decoders, it is
important first of all to determine whether an encoding system

1s well-decodable, and 1f so0, how to find the matrix that derives
the'important signalg W, X, Y.

Iheorem 5. Pairwise subontimality theorem.

o two-channel encoding originating from pairvise mixed material
is vell-decodable for gll encoded directions, although it may be
well-decodable for the four cormer ezimuths.

Theorem 6. SQ non-well-decodability theorem.
The 8Q two-channel encoding system [11] is not well-decodable
even for just the four corner azimuths.

Theorem 7, Three-channel decoding theorem.

Three-channel encoding systems with encoding channel gains
of the form : _
W=1,x:2%GOSQ,Y=2%Sin9,
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or any independent complex linear combinations thereof (e.g.

UMK [127], System 45J [8]) are well-decodable, and if the signals
W, X, ¥ are used without modification in the decoders of theorens
1 and 2, the reproduction will have zero phasiness and ry = 1.

Theorem 8., Two-channel decoding theorem,

Two-channel gurround-gound encoding systems whose transmission
channels L and R have gains of the form {see also ref. [81) :

I#R = a + ccos® + ejsine ,
IL-R = bj + djcos® + £3ind ,

for all encoding azimuths &, and with a,b,c,d,e,f real constants,
are well-decodable provided that the quantities

_ cf+ed . “(be+af)
~ be-ad ! - “\be-ad

are such that |u/ < 0,5 and 0.5< |v]|<2 anproximately. For
such systems, the signals W, X and Y for the decoders of theorens
1 and 2 may be obtained as follows (see also ref.[8]):

Put

n - v—1{4+§u2}%

4-(u/v)2S
u(1+3v?l X ne
H
4 + 3u2 1+fh
and compute the matrix
V- L e ¢ ge\”!
o je 3% = {ib 3ja f
* v W jg ih -1 .
Then
W = «(L+R) + jp(L-R) ,

>~y $(L+R) + je{1-R) ,
2"“}Y = jZ(L+R) + ¢(I-R) ,
and the value of T for these signals is

i

ry = v/(v+h 1)y,
which typically has a value near %.

Comment. As might be expected, the proof of theorem 8 involves
very large amounts of messy matrix algebra., Although this theorenm

is for two-channel systems, it is in fact intimately related to
-0 <



the provlem »of adding a third channel of limited bandvidth to a
two channel system, outlined in ref. (8], uny this should be
80 1s not clear, gince the regult s found to emerge only after
lengthy analysig, ‘

We are still left with the problem of choosing the gaing k1 and
k2 of theorem 3 at high frequencies so as to optimise energy
vector masmitude Tp

Theorem 9. Enersvy veotor optimisation theoren.

Suppose that a regular polygon decoder of the form of theorem 2
has tlie signals W, X, ¥ nodified as in theorem 3, with k3=k4= 0.
Then the energy vector masnitude Yp is maximised in a given
encoded sound direction if, for a sound in that direction we
put:

bl
([x[? + [x]2%

and for this sound direction, one then has ré = rﬁ Yor the modified

k2/k1 -

decoder, i.,e. the velocity vector magnitude and the energy vector
magmitudes become equal. It ig always true for the decoders of
theorem 2 that Tp € -,

Comment., Having determined the optimum kz/lc1 for energy vector
localisation at high frequencies, one can use theorem 4 to

compute the resulting values‘o:f_rV and ro, . TFor the 2=channel
systems considered in theorem 8, it is found empirically that
kz/k1 approximately equals 1 for the choice of W,X,Y given in

that theorem for optimal energy vector localisation, wheresg

kg/lc1 should equal r51 for optimal low frequency localisation.
liote that theorem 9 shows that it is never possible for regsular
polygon decoderg of the type of theoren 2 to be simultaneously
optimal for rp and Ty since ideally Ty = 17 For this reason, it
is essential for best results to design a decoder so that the gains
k1 and k2 are frequencymvarying. Only in this vay is it posgsible
to satisfy both the low—frequency eriteria 1 and 2 of section II
and the high—frequency criteria 4 and 5. The fact that Gv = SE

at all frequencies for the decoders of theorems 1 and 2 makes the
transition betveen these two frequency regions subjectively smooth
and without anomalies. The gain ky vill be zero for left/right
symmetric decoders, and k3 is chosen so as to minimise the overall

phasiness of reproduction. The overall zain at each frequency should
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be chosen so as to maintain the flattest possible frequency resnonse
for all directions, although clearly some encoding systvems will
allow more uniform frequency responses with encoded direction

than others, with 2-channel “eircle lecus" systems (i.e. as in
theorem 8 with v2 = 1+u2) allowing a flatter freguency response in
all directions than "bent locus" systems such as the BBC matrix H
system,

Suitable values of k1, k2, k3 for various systems have been
computed using the above theorems, and a list of some values is
given in appendix A of ref.[8), and also as the shelf filter
gains in ref. [9].

IVv. DECODER ARCHITECTURE

An overall decoder architecture based on the results just
described is shown in figure 3. The phase-amplitude matrix at the
input derives the signals W, X, Y from the encoded input signals,
along with a fourth signal ~jW to enable control of phasiness as
degcribed by theorems 3 and 4. The shelf filters 1 to 3 have the
gains k1 to k3 respectively of theorem 3, and in order that these
frequency-dependent gaing suffer from no unwented relative phase
shifts, these filters are "phase compensated", il.e. are designed
go that at all frequencies they all cause substantially the same
phase ghift, The distance-compensation RC high-pass filters
modify the velocity signels to compensate for the effects of finite
loudspeaker distance. The output amplitude matrix derives the
linear combinationg of W',X',Y'required to feed the particular
loudspeaker layout in use according to theorems 1 and 2, and in the
case of a rectangular layout include a variable potentiometer
adjustment to compensate for the angle g of-fighre 2.
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VI. SHELP FILTERS

In order to satisfy the requirement Ty = 1 at low frequencies

and that T be maximal at high Treguencies, the gains I, , k. and

l.c.5 rmust be implemented using sheif filters having subst;ntizlly
identical phase responses so that k2/1c1 and ]«:3/1{1 are real. This
is most easily done by using shelf filters of RC "all-pass" tyne
such that the frequency at vhich the outnut leads the input by
90° in vphase 1s the same "centre frequency™" ¥ for all filters.

Ag yet there is no exhaugstive body of cuperiucental data on the
optimal centre frequency for best subjective results (and indeca
this may vary according to the system beins decoded), but F =

400 Hz is a typical choice.

if cach filter has louw frequency gain kL and high‘frequency
gain kH’ then thie complex frequency response of such a filter is
1 + jwe ’ (2)

where the time congtant ~' is related to the centre frequency F
via the formula

v = (e /xg) ¥/ (2nF) (3)

In practice, for reasons given below, it is neccesary to desien
the filters with an additional overall gain by fixiﬁg the value
of kj (say around 3), but retaining the desired ratio of kH/kL.
The attenuation required to overcome this additional sain may be
designed into the preceeding registor matrix.

Fimure 5 shows a practiéal op—amp imnlementation of such shelf
filters according to equation (2). This has the uscful feature
of having a restive input impedance with resistance R. 'his means
that the matrix resistors of the preceeding matrix circuit can
be designed to feed this resistive load without any necd for
buffer ampnlifiers, provided ti:at the shelf filter has gain to
spare. The circuit shown also includes provision (the switeh §)
for obtaining more than one shelf Tilter characteristic for
multisystem decoders without unduly coumplex circuitry or
switching. Interestingly, this does not apwreciably alter the
centre frequency F of the filter. The low frequency fgain kL igs
not changed by the switch 8, meaning that any change of kL has to
be designed into the annronriate resistor matrix.

-13
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Suppoce tuat the desired lov frequency rain is kb “nd that
PP 1 & 9
tiie high Ffrequency gains required are kﬁ (witlr the suitch "outh,
i.e. R, in circuit) and kg {with the switch "in", i.e. R, out of

i 2
circuit). It is necessary to choose ky € ky and k& > 1. Choose

H
the desired input impedance R. Then the commonent values in
Timure 5 are given by the formulas:
— r

» = ROk - k) /(e + 1)

w —
H| {

«Q
i

R+ R,
vhere the time constant ~' in tie last formmla is that computed
Tor the filter with high frequency gain ky in equ. (3).

_ Note that the circwit of figure 5 with R, =.eo, R, = 0 and

R3 = R implements (with a phase inversion) a single nole unity
gain RC all-nasgs phase shifter, with time constant (2«F)“1m RC
and a resistive input impedence R. It can therefore be used to
imnlement one or more of the poles of the nhase shifters described

earliier,
ViI. RESISTOR HMATRIX DESIGN -

The ¥+0° and ¥+90° phase shifters in the phase~amplitude matrix,
along with inverter stages to obtain ¢+1800 or ¢—90° shifts, can
directly feced a resistor matrix to obtain the required simals
W, X, ¥, -jW., For virtual earth mixing, such resistor matrix
desicn is too well knowvm to require comment, as long as one
remenbers that the matrix coefrlicients should be chosen to give
an overall matrix gain equal to kéreq)/kL _timés the theoretical
coefficients computed via theorems 7 and 8, vhere kL is the low
Trequency sain of the shelf filter in the relevant signal path,
and kLreq is the lovw frequency gain actually required aceerding
to the design procedures of section III.

If the resistor matrix feeds the resistive input impedance R
of the shelf filters directly, then the design procedure is not
quite so straightforvard. The effective load resistance R will
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cauge attenuation of the matrixed simnal, which is one reason

for choosing an excessive pain kL > kéreq) in the shelf filters.

If the resistor matrix mixes n different source signals
Sys «+»s S, from the phase shifters and inverters with intended
overall low frequency gains (including the effect of the shelf
filter) &, ..., &, » yielding a signal g5, + ... + g8, >
then the n resistors R{ to R£ feeding the input of the ghelf
filter from the sources (gee figure 6) can be shown to have
values given by the formulas:

R = R(1 - §1Gi /e,
vhere

G; =85 kéreq)/km :
1t is, of course, necessary to choose the low frequency gain
kq of the shelf filter so that 23Gi < 1.

We comment that in the design of the phase-amplitude matrix, it
proves to be simnler to design the matrixi as a preliminary
sun-and-difference matrix, folloved by phase shifters actiug
on the sum and difference signals, folloved Ly a resistor matri:,
This is generally preferable to desigas without an initial
sumn-and~-difference matrix since it reduces the gain requirements
of the shelf filters, recduces the nunber of motrix resistors
and their required preccision, and does not increase the numbder
of active stages since it turns out that some of the phase
inverters following the phase ghifters are no longer needed.

VIII. LOUDSPEAKER LAYOUT CONTROL

According to theorem 1, it is neccesary to modify the gains
of tie X and Y signal paths by 2-%/0036 and 2"§/sin¢ respectively
for the non-square rectangle layout of figﬁre&z. In practice,
for 25° < 4 < 65° aporoximately (beyond which localisation becomes
very poor since the miniimm value of Ty becomes excescively small),
these gainsg may be approximated by 2%sinﬁ and 2%cosé
regpectively. A suitable control circuit, uwsing just a single
potentiometer, for such "loudspealier layout control" is showm in
figure 7, where L is the load impedance of the outnut armlitude
matrix circuit, R is the resistance of the potentiometer
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(including any padding recistors at the tuo ends to limit the
range of the control to between 25%and 65°), and T is a fixed
impedance chosen to achieve a suitable control law. To obtain
a gain proportional to sing in the X signal path and cosd ixn the
Y signal path, one choogses the values of the load resistance L
and the total votentiometer resistance R such that L3>2"%R,

and then the resistors T have the wvalue:

?T= ILR/(¥/21L-R),

and the overallcircuit gain (in the central square g = 45° setting)
is
LR
(2L+R)T + LR *
It is necessary to desisgn the output amplitude matrix to recover
this lost gain, although it is also possible to recover it by
putting gain into earlier stages of the circuit. In order to

avoid crosstalk between X and Y, the wiper resistance should be
less than 1% of R.

IX. REMATINING CIRCUITS

The high pass filters in the X and Y signal paths (see figure
3) should have time constant '

RC = T = 2.94d msec.,
vhere d is the distance in metres of the loudspeakers from a
central listener, This compensation for the effects of sound
field curvature is only sudible in its effect for special types
of program (e.g. a double bags from behind), and is thus not
very critical. A suitable choice for most uses is d = 3 metres,
and it is not necessary to use better than 10 % tolerance
capacitors in this circuit.

e shall not comment here on the design of the output amplitude
matrix, since this is straightforwvard given the results of
theorems {1 and 2 on deriving speaker feed signals from W, X, Y.
Also, suitable designs have been published in references [77 and
19] for four and six loudspeakers. Hovever, we note that in
reference [9], ve describe the use of gpeaker matrix techniques
to reduce the cost by reducing the nuaber of power amplifiers
without altering the desired reproduced directional effect.
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X. FURTHER REFINEIENTS

For trapezium-shaped apcaker layouts (see figure 8}, the decoders
described above are no longer optimal. For a listener at or near
position O in figure 8, it is possible to use a rectangle
decoder with layout control set to the angle # illusirated,
provided that the alterations in the time of arrival of sounds
and their intensity at the listener is coupensated for tae fact
that gome loudgpeakers are closer than others. This is done by
putti%g a delay in the signals fed to the closer speakers, as well
as a gain (of less than 1) as illustrated for the layout of
figure 8 in figure 9. In this particular case, the delay T of
the front spesker feeds is set equal to 2.94(dy - dy)
msec. approximately, where dB and dF are the respective distances
in metres from the point O of the back and front speakers. The
amplitude gain of the front speakers is set equal to dF/dB 80
as to compensate for the inverse square law of sound intensity.
Extensions of this delay compensation technique to more complex
irrepular layouts not equidistant from the listener are obvious.

The psychoacoustic design techniques of this paper can also be
applied to optimise the subjective performance of variable or
signal-actuated parameter (SAP) decoders. This can be done by
making the gains k3 and‘k4 of theorem 3 dependent on the
instantaneous localisation of dominant sounds, so as to reduce
phasiness and meximise ry in that sound's direction. BSuch
nyariable preference" decoderg have the same basic block diagram
as Tipure 3, except that the gain k3 in the -~jW signal path
is made variable, and that -jW is subjected to a second variable
fain k4 and added to the X signal path also., By making the
gains k3 and k, apply to high-pass filtered signals (via double
RC hipgh-pass filters phase matched to the shelf filters k1 and
k ), it is possible to arrange for the variable preferencé to
operate over one or more frequency bands independently, without
employing cross-over netvorks except in the -jW signal path. BSAP
decoders employing these techulques are unique in giving correct
ligkita and energy vector azimuths for all sounds, not just those
in the instantaneous dominant direction. As a result, the denree
of imege "pumping" is inherently smaller than for non-psychoacoustic
SAP designs, although the listening fatigue problem remains.
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Degign 1. 6 poles.

Frequency range (9 °

4°): 149.9 Hz to 5003 Uz.
) 3 48.8 Hz to 15358 lz.
Pole frequencies.

+0° lag netvork: 33.47, 499.7, 4770 Hz.

¢+90° lead network: 157.2, 1501, 22409 Hz.

Desim 2. 8 poles. o
Frequency range (90°+ 1% ): 30 Hz to 16 kHz.
Pole frequencies.
y+0° lag network: 14.90, 163.1, 1120, 8069 Haz.

¢+90° lead network: 59.49, 428.5, 2943, 32210 Hz.

Degigm 3. 7 poles
Frequency range (9001 2.50): 34 to 17700 iz,
Pole frequencies.
w+0° lag network: 19.43, 258.8, 2319, 30874 Hz.
¥+90° lead network: 83.88, T74.6, 7153 Hz.

fable 1. Pole frequencies of various designs of relative
900 phase shifts, with frequency ranges over which

various tolerances are maintained assuming ideal component
values. )
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Figure 1. x,y coordinates and azimth angle used in this
paper.
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Figure 2. Rectangle decoder loudspeaker layout of theorem 1.
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Overall decoder architecture.
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Figure 4. Two-pole all-pass phase shifter circuit.
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Figure 5. Phase-compensated shelf filter, with switchable
ghelf chaeracteristic and resistive inpub ilmpedence.
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Pigure 6. Resistor matrix loaded by shelf filters.
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Figure 7. Loudspeaker layout control for rectangle layouts.
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Figure 8. CTrapezium 1oudsgpeeker layout
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Figure 9. Delay compensation of rectangle decoder for
trapezium speaker layout of figure 8.
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