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I PREAMILE

or a surround sound encoding stondard

=

The enclused »nrovosel
(teormed "System UHJI M) ig desirmned to be a fencral DUrDOSe

3

standard vith the following proverties and avplications:
(i) Good mono conmpativility for ull encoded dircotions.

(ii} Good stereo compatibility for a wide variety of rccording
philosonhies.
(iid) Capability of surrouwnd sound decoding from 2 chancels,
J channels, 4 channels in a horizontal plane, 4 chanael
vith height, 2 channels plus bandlimited third chanuel,
and 2 channels plus bandlimited Srd and 4th chanael.

{iv) Suitability for broadcasting of music and non-musical

(v) Suitability for disc recordings ecither with or without

subcarrier chanaels.

(vi) Good compativility when renroduced over eXisting UD-4
S¥ystem surrocund sound decoders, and acceptable
compatibility when reproduced via existing Regular
Hatrix and speaker matrix reproducers.

(vid) Capability of optirmum psychoacoustic results in surround
repreduction wvia suitably designed horizantal-only or
full-sphere decoders, on both pan-notted and ambient
recordings,

(viii) Unambiguous specifications for encoding any inteaded
directional efect, s0 as to enable decoder designg
to be retionally optimiged.
(ix) Recomendations for approximating the specification from
pairwise mixed program material.

The present proposal for an encoding standard also includes

sugzested methods of deceding (which do not themselves form g

- J
part of the standard, but are given for rcference purposes),
and data on the various properties of the proposed standaird.
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li.A, Gerzon, "Compatible 2-channel encoding of surround sound®,
Electronics Letiers, 11, pp.615-7 (1975)

M.A, Gerzon, "The Optinum Choice of Surround-Sound Encoding

Specification™, Preprint No. 14199 {(A-5), 56th Audio
Ingineering Society Convention, Paris, 1 Harch 1977.




11, SYSTEM HJ EHCODING TOLEHALCHES

4 2-channel surround-sound euncoding system is said to meed
System HJ encoding tolerances if the eight directions at 45°
around the horizontal circle commonly denoted bx Cr, RF, CR.
RB, CB, LB, CL. LF (where L = left, R = right, ¥ = front, B =
back, C = centre) are encoded within the tolerance regions
shown in figure 1 and its caption. This figure displays the

encoding in terms of the Schieber coordinates « and 8 , where

d.
3

where L and R denote the complex gains of the sound in the left
and right encoded channels respectively, and where for real k
and &, arg(keje) denotes ©. System HJ defines encoding
tolerances agreed by the BBC and NRDC for 2-channel encoding

systems and for the basic 2 channels in three and four channel

il

stan” I1R/T |
arg I - arg R

Il

surround-souwnd encoding systems.

System UHJ, or "universal HJ encoding systemn”, described in
this report, is a precise encoding standard for all directions,
and for 2, % or 4 channels, whose basic 2-channel signals
satisfy the HJ encoding tolerances. The additional precision
of the UHJ specification permits a precise gvecification of
the encoding for additional channels enhancing directional

resolution in reproduction,
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3.1

ITI. Svstem UHJ encoed ing standards

TUTRODUCTION
Systen UHJ matually compatible fanily of standards for

encoding surround sound.

is a
The encodings exist in 2-, 3 and
il

4~channel. versions, using 4 channel signals denoted L,R,T,Q.
, and

stereo channel

“

The channels L and R are the conventional
the encoding specification ic such as to permit a horigzontal
surround sound revroduction to be derived from these +two

channels alone.
UHJ , basic", denoted as "System BHJ n,

i

is used to imvnrove the accuracy of direcitional

In this two-channel form, we have "Systenm

The third channcl {T),
when available,
reproduction in the horizontal nlane, and the systen standards
are so designed that good reproduction mway still be obtained

even when the T channel ig vandiimited or reduced in gain.

The fourth channel (Q), when évailable, nay be uged for either
of two purposes: (i) in standard Sycten UH it may be used 4o
emphasise the loudspealcer positions in a square speaker layout,
This "speaker emphagis® effect, often termed "separation" or

"discreteness!, degrades the localisation effect for non-sneaker
(ii) In

version of the systen, the Q channel is used

directions, but seems to be sought after by sone users,
the System HHJ
to convey full~sphere vith~height directional effects,

including elevation and depression,

These different uses of the Q channel are comnatible, since

the system standards are Gesigned so that a "speaker emvhasis
effect decoder does not reproduce gn HHEJ encoding with
incorrect azimuthal directional effect, and =a full-snhere
with-height decoder does not reproduce a "speaker emphasig
recording with any mariked unintended elevation effects.
Both "spealter emphasis! and full-sphere decoders reproduce
recordings with Q = 0 wizh correct dircctionel effect, and
conversely, all %-channel decoders reproduce all types of
d~channel UHJ

has ne need to be informed which of the B

3~ and recordings correctly. Thus the congunmer

and 4-channel options

are in use. TFor ithe most accurate horigontal 4~spealter

decoding of directional effect, a decoder using only the L,R,7T
C

hannels, and not @, is recommende since it is nov known that

y
the fourth chamnel can only degrade tho accuracy of rewnroduction




Of phantom inter-gnealer imasies.

L

ne System UMJ encoding specification is o Keirnel specification,
not a matrix specification. This meuns that the specification

assisns to each possivle direction of sound arrival { in the

horizontal planc for UHJ , and on the full sphere for HHJ )

a set of complex gains, one for cacit channel, with which a

sound from that direction must be encoded. Kernel specifications

do not assume any onrior 4-channcl mastertape with an wundefined

nethod of directional encoding. This is realistic in terns

of current recording practice, where recb&dings are stored

in the form of nmultitracik (e.g. 16 tracik) nono, or eloe
10T

varen direct from elaborate nicropihone arways.




3.2 dotation
'_“—‘“"""_w—‘—_.

A1 azinuths are Mieasured anticlockiriss from due front.
The angle & g used to indicate the intended azirmth o7
arrival of on Enooded sound, and (vhere relevant) the ansle
1 is used 1o indicate the intended elevation o7 2 sound above
the horizontal plane. Thus & = 450 indicates the direction
conionly denoted L¥, & = -go° indicates CR (due right),
and & = ~450, n = ~30° indicates a direetion 30° below i,

The usual left and right stereo transmission channel
signels are denoted respectively by L and R, The
Corresponding sum ang difference chan el signals are denoted
Tespectively by 2 = 747 and 4 = L., Tt ig convenient
to give encoding and decoding equations in terns of % and A
rather then L and R, since thig simplifies the equations.

To recover T and R fron these equations, note that I, = F(8+a)
and R = 4(z-a).

The third ana fourth channels are denoted respectively by
; 1. 3 4+
Tand Q. Ve shanl rite Egain’ ‘ﬁgain’ Tgain’ anin
the complex gains of the feéspective channels to sounds
arriving from a stated azimuth & {and, where relevant,
elevation 7).

)

Ior

In the cage of pairwise mixed 4-chennel material, +4he
usual designations LB, L@, RF, RB are used for the si-nalgs
in the left back, left front, right front ang right back
channels respectively,

The synbol J is used heve in i+t usual ieaning, to
indicate g relative 90° phase lead: for the purposesg of

computations, j may he treated as /-1




System BHJ 2-channel }

ternel eguations

zgain = 0.,9397 4+ 0.26P4c056 . 0.02413isins

Agnin = ~0.34205 + 0.7211jcos® + 0.9121sine

System THJ *~channel kernel eouations

Zgain = 0.9397 + 0. 26240056 _ 0.02413sins

again

Tgain

~0.34203 + 0.7211jco0s6 + 0.9121sine
~-0.13655 + 0.9218jcog -~ ging

System QHJ 4~channel "speaicer emphasis" kernel eauations

2gain

again
Tgain

anin

where 0 g

0.9397 + 0.2624c0s0 - 0.02413sin6
-0.3420; + 0.7211jcose + 0.9121sin6
~0.13655 + C.9218jcos® —~ sins
ajsinge

asl. The attenuation & may be chosen by the producer

to obtain any desired degree of speaker emphasis.

System HHJ 4-channel With~height kernel equations

zgain

Again

=i

gain

£

gain

i

il

Ii

0.9397 + O.2624cosecosq - 0.0241jsin9oosq
~0.34205 + O.?E11jcos@cosq_+ O.9121sinecosq
-0.13655 + O.9218jcos@cosq - sinGcogn

1.3804sinvl
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3.4 B~format éncoeding eguations for UHJ
T, e LA

c‘:‘

B~-format refers 4o & signal format pariic cularly convenient

Tor studio signal handling Purposes, and for reasons which will
become apparent when discussing the handling of pairwise mixegd
g

: + o+ - +3 35y
a;j reiated mat terial, it is convenient %o 1ve the €ncoding

€quations u,, Tewma a® B format sismalg.
E-format consistg of four signals W, X, T, %2 {for norizontel

Or with=height material) or W, X, Y, P {for speaker-emphasis
horizonta)l material ) having the directionzl galng given by the

following equationg;

With height rnzes

%) . = ]

£ain !
Xgain = Q%COSGCOSQ ,
Ygain = 2%sin8005q )
Zooin ='2%sinq
Horizontazi. only cage
%gain =1,
X ain = 2“3’0056— ,
Ygain = Q%Sine ,
Frain = asingg (0 Tasi).

Note that 211 these signals have real gaing for all directions
(and so involve no phase shifters in thein preduction). The V
8lgnal isg omidirectional, whereas the X, Y and Z signels have
"Tigure of eight! directional characteristics Pointing
Teéspectively forwvard, to the left and weverds with mexirum
gain /2, Mhig 82in 1s most convenient for signa) handling

Purposes and ensureg & roughly equeal SHergy in all B-format
signels. (A format of this type, bui ywitn slightly different
channel £eins vas firgt broposed in LA, Gerzon, "Peripnon
With~Height Soung Reproduction, g, “udio Eng. Soo, ), Jan/Fey
1973 and Audio Ing Gineering Society Convention Prenrint, lanich,
March 1972.)

=

Frocere
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lie L=Torna+ encoding Cquationg fop System g are

= 0.9397y +« 0.1856% - 0.0???jY

= =0.3420540+ 0.50095y ., 0.6449Y 5
= ~013655W 4 0.65185% _ 0.7071v
= 0.9761Z2 o ¢ = jF




B

nersy Snhere Locus Tfor syaten BILT

Figure 2. System DIlJ locus plotited shoving azimuths
; o
2

1
ol
1w

e = 0%, -224°, -45°, -674°, ~90°, -112 , 1574 anad
180° indicatea by points in locus. The plot is made on
Schieber coordinates <« gnd /3, defined by

A = Qtan—TIR/Ll, p=argl - argR

)
where L and R are the respective comnlex gaing in the left
and right transmission channels. The locus is left/right
symnetric on the Energy Sphere, with azimuths between 0° and

o . - o s
1807 on the left half of the snhere,
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IV. Realisation and Avpproximation of UHJ Incoding Specification.

4.1 Intreoduction

It is possible to devise pan-potting devices that
accurately meet B-format kernel specifications (e.g. see
M. Gerzon, "Ambisonics. Part two: Studio Technigues',
Studio Sound,Aug. 1975 pp. 24, 26, 28-30), and to design
coincident directicnal microphone arrays whose output signals
accurately meet B-format gpecifications. Such B-format signals
can then easily be encoded using a phase-amplitude matrix

into a System UHJ encoding as described in section 3.4.

Many existing surround-sound recordings, and the outputs of
many mixing desks in current use, do not conform to B-format
and cannot be encoded 1o meet the UHJ kernel specification
accurately. The aim of the present section is to describe

varicus means of approximating the UHJ encoding specification
for a variety of studio situations likely to be encountered.
Clearly, such approximation should be avoided if the means
are available to meet the kernel specification exactly, but
practical. guidance on acceptable methods of approximation is
clearly necessary for the day-to~day operation of the

system with non-ideal source material.

Rather than giving the System UHJ encoding equations directly
for sach type of imperfect scurce material, it is much more
convenient to describe how approximate B-format gignals may be
realised, denoted by wapp, Xapp’ Yapp’ Fapp and Zapp' These
may then be encoded to System UHJ by the B-~format encoding
equations of section 3.4, The reason for giving the approximate
encoeding in this two-stage form is not only that the equations

become simpler, but that the apparatus generally used to derive
approximate B-format ig generally very simple, since i%
involves no phase ghifters. For this reason, it is also

recommended that the Systewm UHJ encoder have a block diagram
as illustrated in figure 3, with a converter (designed for the |
specific tyve of source material being handled) to approximate
B~format followed by a B-format-in, System UHJ-out phase-
—amplitude matrix encoder. The converter +to approximate



_ 43 ;
B..format may be included as & part of the System UHJ encoder

or may be implemented 2% another part of the systen {e.3. as

an integral part of a particular surround-sound directional

microphone array). For this reason, it is strongly recomaended 4
that the System UIJ encoder should provide inputs both for the i
imperfect gignal fornat in use and for true B-format gignals.

- MiX
~inal Tlapproximate wooung o lore
O.‘“‘g‘“l‘] "”BPPF e « phase- —Rora
signal | BTior r v amplitude —
format _ﬁLE:onver* er || - encoding —0
Ny 1z malrix
L
XM
8-format Yy ——
F'___”_____________,__.._—«———-——"""_‘
Z-————-——*———"—”"—’—"‘[
Figure 3. UHJ encoding using B_format approximate conversicn.

We remark that B-format is & particularly useful method of
handling signals within the studioc, because while it involves
no phase-amplitude matrixing, 1t turns out that nevertheless
1t is subjectively more tpobust " under mild abuses guch as
interchannel gain or phase errors than are other proposed studio
formats. Also, if a Q channel is not used, the Ui encoding
may be wade just from the three signals W, X, Y. We recomiend
+he following track assignments for recording B-format on a
three or four tape tracks in order to minimise the effects of

tape azimuth errors:

;rr*cldd X Ik
! track?2 VWV

5 track3 Y ¢
i frack4 ForZ B

Fimure 4. Tape track assignments for B-Iformat signals.




Hived Material

The most common method of production for surround gound in
current studic practice is the 4~channel "pairwise mixed"
format, intended for reproduction via a conventional sguare

speaker layout LB, LF, RF, RB wherein one of the channels 1is
assigned to each of the loudspeaker positions, scunds assigned

to a loudspeaker position are recorded only in the associated
channel, and souwnds assimmed to azimuths between two of the i
loudspeaker azimaths are assigned just to the two channels
corresponding to the adjacent loudspeakers,with identical
phases and with an_awvplitude ratio indicative of the encoded
azimith., It can be snown that it is not possible to matrix
such pairwise mixed material (hereafter denoted as PWIM)
accurately into either B-format or into any of the Ul systems.

There is a narrow range of approximate conversion matrices

which accurately encode between four and eight azimuths
accurately into B-format, while giving a degree of error for
other azimuths. Such errors are, in part, responsible for
the poor quality of side-images of the PWM format, and the

possibilty of choosing the azimuths at which errors occur
means that a careful choice of approximate B-Tformat conversion |
will allow producers to improve the average imagze localisation
quality of some program materizl. Alternatively, a particular

choice of approximate B-format conversion can be used to

g i i braintabrmsaalat

obtain optimum quality of monovhonic and/or stereophonic
reproduction of the resultant UHJ signals. It is expected that
many organisations will not wish to use the full range of
approximate encoding options for PWH material, but will |
standardise on one particular choice guited to their typical ;
requirements. '

The approximate B-format conversion eguations invelve three

paraneters kF’ kB angd &g and take the formnt
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wapp = 2"%kF (LF+RF) + QH%kB gB(LB+RB)
Rapp = (LF + AF) - go{LB + RB)

Yapp = (LF¥ - RF) + gg(LB - RB)

zapp = 0

Fapp = (LP -~ RF) - gB(LB - RB)

where O.7O71$’3F$ 1, O.7O71sikBéf1, and O.707?$‘gBé;i.4142.
The guantity &3 determines the relative gain of reproduction
of the back and the froent channels, and should be chosen to
ensure rough equality of gain in optimal BHJ and THJ
reproduction. The guantities kF and kB determine which
azimiths in, respectively, the front and back quadrants are
accurately encoded to B-forwmat. kF or kB = 00,7071 ensure that
the corner azimmths (at respectively front and baok} are
correctly encoded, whereas kF or kB = 1 ensures that dus front
or due back are correctly encoded. If kF = kB = k, then the
correctliy-encoded azimuths are symmedrically disposed in the
four guadrants. Figure 5 illustrates the correctly-encoded

azimuths for various values of kF and kB.

The various B-format approximations give rise to varying
degrees of corner-to-corner crosstalk when reproduced in
"speaker emphasis” mode, as degcribed in section 5.%, and
values of this crosstalk in dB for various opticns are
tabulated in table I. In no case is the corner-to-corner
crosstalk worse than -22dB; the side-to-~side crosstalk can
reach -15.3 dB, but is in antiphase which actually helps
improve phanitom~image localisation especizally for side

positions.

Table 2 lists the approximate optimal value for En to ensure
maximum gain uniformity in optimal 2- and 3~channel reproducticn
for wvarious values of kp and ky. For general-purpose use, the
best overall mono and stereo compatibility may be obtained using
the values kp =1, kB = 0.7071 or kn = 0.8409, Ko = 0.7071
or kn = kg = 0.8409. As seen. from fisure 6, which shows the




kF = kB =k = 0.7071 kF = kB = k = 0,923G
A
W 4
kF = kB =k = 1.0000 kF = 0.7071, kB = 1.0000

k., = 1.0000, k

Ny

= 0.7071 kF = kB =l = 0.8409

B

Figz. 5 Showing those azimuths of pairvise nired material that
are encoded correctly according to B-format lernel
encoding standards for various values of the coelficients

in the pairvise mix encoding equations.

K

B l-:B, i




Encoded
azimuth

OO
459
50°

135°
180°

CkF
Ly
CL
LB
CB

Table L.

k=1.,0000

~-15.
-22.
-15.751
~22.
-15.

- 17 -

k=0.92%9

-17.53
-24 .11
-17.53
~24. 11
~17.53

k=0.7071

|
3

[
g

T

iz

i

Cross—talle (in dB) for "speaker emphasis" decoding

of pairwise mixed material for wvarious valueg of the pairvise

encoding parameters k, kF’ ke

B

Level

of cross-talk is

identical in all nominally unactivated spealker channels.

Cross-talk is
channels.

In all cases,

anti-phase with respect to activated speaker

corner-to—corner cross-—-talk

( "channel separation") is betier than -22dB.

K

L0000
.9239
8409
L7071

0000
L7071

.8409

o o =~ o O o =
o = & o0 O O -

Table TIT,
back gain

F-charnel decoders for various values of kF and kB.

k3

L0000 1

9239 1

8409 1

7071 1

7071 O.
L0000 1

7071 0.

g€y

. 0000
L0000
L0000
.C000

8660

1547

9239

Value of gn ensuring roughly uniform front and

via psychoacoustically opiimised 2-channel and

In

general, &g is given approximately by the formula

-

r
2+1

tp

%k"2+w%

L=1.OOOO kF:O.TO71 171=0.8409
kB:O.7O71 kB:1.OOOO
-15.731 - oo -21.
-22.05 - oo -27.
-22.05 -22.05 -21.
- =9 -22.05 -27.
~ co =153t -21.
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eriergy sphere loci of front and back quadrant PWM
material for various values of k

encoded
» and kB for System BHJ, the

¥

encoded PWM material falls within the System iJ encoding

tolerances of chapter II provided that k falls between 0.83

and 1.0. PFigure 7 shows the BHJ apnroclmatlon obtained for

two choices of k and k.

¥ B




Filgure 6. Energy Sphere plot, using Schieber coordinates «
and f , showing the encoding
quadrant pairwise

or front-quadrant and back-

mixed 4-channel material into System BHJ
using various values of the PWII encoding

constants kF and kB'
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left leads right

90

right leads left

Ficure 7. Energy Sphere loci of various pairwise mix encoding

options for System BHT, plotted on Schieber coordinates = & .,

Kernel encoding locus.
— e kF = 1, kB = 0.7071, gg = 0.8660
— - K = kB = 00,8409, gg = 1
e K 0.8409, kB = 0.7071, 8p = 0.9239

it

g !

SRR
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A.% FEncoding using a reixer with 8 grouns

If pan~potted material is prepaved using pairwise teclmiques

i
on a mixer with four output groups, the inherent errors oI
pressure:’ velocify gain cannot be reduced below 1.5 dB, and

may equal up to 3 4B. However, many studiocs are equipped with
mixers having eight or more cutput groups, With ezch fader
assignable either to any nunber of grouws Or stereo-pannable
between even and odd-numnbered grdups. This section describes

a method of approximating B.format, and hence UHJ, using such
mixers, with improved accuracy. Mumbering the groups 1 to 8,
each group is assigned to & dgifferent direction as shown in
figure 8, wiith group 1 in front, group 2 at 1T, group 3 at CL,
and so on round the circle. The eight group sifmals C—1 to GB
are then encoded into B-format for their respective directions,

viza the formilas

il

G3+G2+G3+G4+GB+G6+G7+G8

app
L o¥G 4G G, =220 -G 4G
Xapp = 2701075472 F5776778
— 2 . _nZ -
T, = 0205ty G-27G,~Cq

sounds may be asaigned TO intermediate azimuths by pairwise
panning between adjacent groups, €.5. between 8 and 1 oOT
vetween 3 and 4. The maximum error in the ratio of pressure
to velocity is ©.69 dB using this procedure. Uote that the
eight phantom positions 224;O avay from the corners may be
obtained without using any pan-pots simply by assigning &
signal tc the two adjacent groups. ndditionally, if the mixer
ig equipped with A-channel paivise pan-pots, sounds can be
circled round the stage using these oy assimning the 4 cutputs
of the device Lo groups GQ, G4, G6’ and G8 , with some los:.

of accuracy in the encoding.

I an orzonisation has to handle woth A—channel pairvise
o " - -

mixed and 8-group mixed material, it is desirable to use an

encoder or approximate B-format converter that will handle both

requirements. This may be ensured by using the G2, G4, G6, an



Figure 8. Typical group assignment for encoding from
a mixer with eight output groups.,
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\

inputs of the converter for L, LB, RB and RF resvectively.

of the 4~channel PWM material, and providing & choice of matrices

matrices for thoe approximate PWM conversion. This may be

achieved wvia the approximate B-format encoding equations:

wapp = C?+CL+CB+CR + aF(LF+RF) + aB(LB+RB) %
Lopp = 22(CF-CB) + by(LF+RF) - bp(LDB+RB) %
Y0 = >7(CL-CR) + by (LF-RF) + by (LB-RB) .
Fapp = bp(IF-RF) - by{LB-RB)

where the positive real numbers Gny g bF’ bB are chosen so
as to ensure wniform gain via psychoacoustically optimised
2- and 3-channel decoders (see section 5.4)., Table III
lists suitable values of these cocefficients corresponding o

various wvalues of k. and kB in the 4-chanael encoding.

P
ke kg ap ag bp by
1.0000 1.0000 0.8165 0.8165 1.1547 1.1547 I
0.8409 0.8409 0.9102 0.9102 1.0824 1.0824 !
0.7071  0.7071 1.0000 1.0000 1.0000 1.0000
1.0000 0.707% 0.8165 1.0000 1.1547 1.0000
0.7071 1.0000 1.0000 0.81565 1.0000 1.1547
0.8409 0.7071 0.9102 1.0000 1.0824 1.0Q00

Taple III. Values of coefficients 2ps Bpo bF, bB for wvarious

values of kF and kB'
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Systernr  UHJ decoders

1

5.1 L.PROOUCTIOH

’ZS

dl

standard, since the job of the decoder is tc provide patierns

o decoding equations can be regarded as part of an

C‘?

of sound in the listening room capable of producing an illusion

l

of the intended encoded directional efiect at the ears of a

listener. Since theoretical and empiricol knowledze of

psychoacoustics is constantly improving, it follows that the
best available designs of decoders givins an optimal illusion
e 2 -

will also improve, and no standard should restrict such lesitimate
development of the art. However, any encoding standard should

be formulated to make such development possible, insofar as

1t is possible to forsee futwe developments. System UHJ

has been formulated specifically to optimise a number of :
localisation criteria (see: H.A. Gerzon, "Surround Sound
Psychoacoustics", Wireless World,80, pn.483-6 (Dec. 1974)),
and to permit others to be designed objectively. All decoders

described satisfy Makita's localisation theory, and all save
the I"speaker emphasis" designs also satisfy other I
relevant criteria.

#11 decoders are specified in kernel form, i.e. by an egquation

relating the speaker feed signal to the spealker azimuth (and,
where relevant, elevation).

All designs given here are given purely for reference nurposes,
and as an aid to understanding the encoding specification.
Future research may well yield improved designs, especially
since many of these designs may have the various design

parameters varying vith frequency.




5.2 J0PATTON

The azimuth (measured anticlockwice fromn duc Tront) of
Lloudspealkers iz denotedq by 4 . In all decoders, it is
assunied that all loudspeakers are equidistant from a bentral
reference position, with Tespect fo which all Lowdsopeaker
directions are measured. The signal fed to the loudspeake
at azimuth ¢ is denoted Pé for resular loudsneaker layouts.
The elevation, where relevant, of loudspeakers above the
horizontal plane is denoted By £, and for reqular
Vith-height loudspealer layouts, the signal Ted to the spenlier
at azimuth ¢4 and elevation $ is denoted by Pé,g . In the
Tollowing decoder descriptions, no allovance is made for tihe
finite digtances of loudspealkers fron the central noint;
ontinmal practical designs will include modifications 4o allow

for finite lowdspenlzer distances.,

Other notations arce ag mgiven in thio encoding speci

1
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SQUARE LAYOUT "SPREAKER EIPHASIS" DECODER

This decoder, which is not psychoacoustically ovtinal, is

a refercnce decoder specifically intended for uss with a
square layout of loudspeakers, and £Zives the M er euphogigt
effect (often termed "separation' or “"discreteness") viherchy
sounds are drawn tovards the four loudsynealier vositi
For the loudspeaker placed at onc of the azinuthe
and +135%, the simmal fecd ig

Py = (0.9790 2 +0.1785 54 +0.13%91 j1)
+ (0.5849 2 - 1.1740 30 - 1.,0849 ;%) cosgd
+ (0.27183Z +1.1308 40 ~ 0,9620T Jsing
- 1.0000jQsinz2gd .

OTHER "SPEAKER EMPHASIS" DECODERS
If it is desired to obtain an emphasis of the four "cornper! %

. o} =0 -
azimaths ¢ = 457 and +1357 via a recular pclygon loudspeaiter
layout using more than 4 loudspealters, then the speaker at

azirmth 4§ should be fed with Pé ag given inmediately above. ;
For a rectangular loudspealer layout with spocker azimuths
g, 180°~4, ~180°+¢, —4 , the respective loudspeaier fead

sigmals shouwld be Pgoomé’ P900+d’ P~900*ﬁ’ P—9OO”*“?d '

eiyipteygepidr A —
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~CHANIEL HORIZONTAL DECODERS

gquation

feoads & loudswedlle
1oudspeaker layout (

The basic kernel decoding
h 4 within a regular polygen

not less +han 4 gpeakers) with the sigal

P, = (0.97an% + L.17854 + 0.13 J“)
+ (0.5849% - 1.174054 ~ 1.0849§7)cosd

+ (0.271832 + 1.3308Q-, O, l)’lQé

This equation causes & sound encoded aw agimuth & to be
- ~ / - N . .

deccied with gaitl o+ 2COS(U - f)) 'thl"OLl{)ll tiie Louwdgpealier

st gzimath 2o

Torn

mee general kernel decoding equation is 0% T:€

Pd = k1(0.979021+ 0.178534 + 00,1391 34T)

+ k,(0.5849% - 1.174032 ~ 1.0849]t%)coss

+ k2(0.2718j2 + 1.13084 - 0.9620L7)sing

kx_(-0.97903% + 0.17854 + 0.13%314T)singd ,

3
where QO st ¢t is une.attenuatlon of the third channel 7,
and where k1,<2 are positive numbers and EB a2 real (and

1y positive) number chesen to opitimise the psychoacou
T the reproduction. The apvarent sound

by such a remular polygon decoder according

Y

localisation theory agrees with the encoded azimuill exactli;
e o . o
wnenever t = 0 or 1, and within about 2~ for intermediate

1

n

values of +. The coefiicients )k, ,k.,k.,t may vary wit
11772773

~

fr QWGQCJ if desired.

For rectansular loudsneaicer layouts with spcalter azirmuils

o » . .
g, 180°-4, -180%4, -4 , the regective loudspeaker fo

""};

Sl;ﬂals shiould be Pgoo_éa P900+¢: P_goo_éi P“900+é .
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The parameters k1, kg, kB’ t in %the horizental kernel
decoding equations Tor Bystem UHJ have difierent values
acsording to the number of channels available, the desired
complexisy of the decoder, and whether sccount is taken of +
Irequency-depeadence of human sound localisatio
suiltable values for vusiasng applications, although it must
be realised thot furiher research may ewirest irmproved values.

Basic Z-chennel decoder

k1 = k2 =% =1, ko, = 0.

Psychoacgoustically compensated A-channel doccder

ne
Ky =%, =% =1, k., = 0 at frequencies F < 400 He
1 2 3
e, = 1.2247, k2 = 0.8650, t = 1, k3 = 0 Tor F» 400ilz.
Basic 2-channel decoder 1{1 = k2 =1, t = k3 = 0,

Basic 2-channel decoder with almost uniform directionnl Zain
ki, =1, k. =1.0 y Ko = 0.3502, t = 0,
o

Psyvchoacoustically cranensated 2-channel decoder * = O and:
k1 = 0.6577, k, = 1.2903, k3 = 0.1493 for I <« 400 Ez,
w

2
Ky o=k, =1, ks = 0.3302 For

Basic "2r-_channel! dscader

=k, =1t =1, k3 = 0 at frequencies for which 3 chennels
are available,
T.1¢ , ko = 0, t = 0 when only 2 channels are available.

=’
It
&
A
[

Intermediate "2i_char nnel ! decoder with 2lmost unifornm directional

k, = k2 =t =1, k, = 0 when 3 channels are evezilable,
k

3
= 11,2233, ¥ = 0.4283, 4+ = 0 when only 2 channels are
2 avallable,

Pa ychoacoustically ccmnensated "24+-channel" decoder

k1 = k2 =t =1, 1 c3 = 0 for freguencies F < 400 Hz,
k1 = 1.2247, k2 = 0.8680, k3 =0, t =1 Ffor F > 400 Hz when
% channels ares availeble,
k1 = k2 = 1.2237%, ks = 0.4283, t = 0 at high frequencies when
only 2 channels are available,
lotes: (i) The tern "Zr-channel! decoder indicates a Jdecoder
using 3 channels at lower frequencies and 2 at higher,
(1i) Decoders mariied * h ave directional ~ain and frequency
Tesponse uniform to within 0.67 4B variation.



5.5 SIGHAL-ACTUATED 2-CHANREL DECOLENS

If 1t is desired to construct signal-actuated variable
decoders for 2-channel BHJ encoded signals, the decoding
equations for the speaker—feed signals Pé for regular
polygonal or rectangular speaker layouts (used +to feed sneakers

as described in section 5.4) may be derived as follows:

Py =k, (0.9790Z + 0.178554 )
+ k2(1.?47623~ 2.303434 Jcosd
+ ke( 1.0578] 2 + 2.1231 A Jsind

+

k3(—0.9790j2 + 0.1785 & ) sing

+

k4(—0.9790j2 + 0.1785 &) cosy

where at low freguencies substantially less than 400 Hz,

k1 = k2 =1, k3 = 1.8435c0es8' and k4 = -2.1698sin6', where

&' is the deduced localisation of the dominant sound in that
frequency range, and at frequencies substantially greater than
4C0 Hz, kj = 1.2247, k2 = 0.8660, k3 = 1.5965co0s9" angd

k4 = —-1.8791gine™" where 6" is the deduced localisation of the

dominant sound in the higher frequency range.

The decoder just described gives correct Makita-theory
reproduced azimuth for all sounds (even non-dominant ones) at
all times, whatever the values of k3 and k4 provided that
these are real. The gains k3 and k4 may be varied in several
frequency bands according to the dominant localisation & in each
vand, and a simplified variable decoder may be obtained by
putting either or both of k3 and k4 equal to zero in one or
more of the frequency bands. Other more complex decoders in
which the overall gain also varies to compensate for the slight
directional dependence of the gain of the above decoder can be

devised .

The dominant azimuth 6 can be deduced using a variety of known
detection means, and the resultant decoder simulates, for £he
dominant direction, the "psychoacoustic" 3~channel decoder of

section 5.4,




5.6 WITH-HEIGIY DECOLR

For a non-tetrahiodial reJular polyhedron loudspealiker layout,
hasg

the loudspealker vlaced of scimuth $ and elevation g

the loudspealier fecd Simnal:

Pye = %,(0.97902 +0.1785354 + 0.1391 §7)
+ k,(0.5849 5 - 1.174054 - 1.08493T) cosdeoss
T 2,00, 271832 + 1.13084 - 0.9620T) sinfcost
+ 1<2(1 . 4488Q)siny |

where k? and k2 are positive nwabers, with preferably
k1 = 1.0000 and k2 = 1.5000 at frequenciegs substantially

less than 700 Hz, and k1 = 1.4142 and k2 = 1.2247 at higher

frequencies,
For a cuboid loudspeaker layout with eizsint loudsneakers
. . : 0
vlaced at the azimath/clevations (£,+2), (180°-¢4,+¥),
O i 1 . e - .
(~180 +¢,i§), (—é,ig), the respective sipnal feeds are:

Pv,ig ’ P1800-w,ig ! Pm1800+vyig ’ P—v,ig ’

0 -1/ 8in2;
wnere ¥ = 90°-4 and ¢ = tan (§¥§§?)
Horizontal-only encoded signals may also be decoded via
& regular or cuboid with-height speaker layout by using the
above equations, with either Q =0 or Qa speaker-emphasis
signal, which has l1ittle effect on revproduced apnarent sound
direction.
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VI. System UiJ Proverties

6.1 Compatibility of UHJ kernel encoding in mono and giereo

Azimuth Mono Stereo Position Phasiness Scheilber
ansle Gain Gain P Q coogdinates
degrees aB 4B 1807~ . 3
CF c 0.00 0.00 0.000 0.315 30.0 35.0
204  =0.15 0.10 0.29% 0.276 59.7 33.4
LF 45 ~-0.57 0.3%2 C.571 0.158 32.7% 25.9
67+ ~-1.26 O.Sj 0.811 -0.046. 12.2 -15.2
¢y 90 ~2.14 0.62 0.979 ~0.339 19.2  -96.2
1124 ~-3%.12 0.5% 1.02% ~0.709 36.6 -111.2
LB 135 -4 .05 0.32 0,880 ~1.710 54.2 -114.4
157+ -4.73 0.10 0.520 ~1,473G 71.9 -=115.0
GB 180 ~-4.98 0.00 0.000 -1.570 0.0 -115.0
Gain
variation 4.98 0.62
in 4B.

mogt extreme value of P ¢ 1.027
Table IV. UHJ kernel coding compatibility data.
Note: TFor left and right channel gains L and R respectively,
P Re {(L-R)/{L+R)}
Q = In{(L-R)/(L+R)}
According to Makita's sound localisation theory, P is the

It

proporticnal displacement from the midpoint along the line
joining the gtereo gpeaker pair., For a further discussion
of ‘the psychoacoustic significance of P and Q in other
localisation theories, see M.A. Gerzon, "A Geometric lodel
for 2-Channel 4-Speaker Matrix Stereo Systems'", J. Audioc
Eng. Soc., vol.2%, pp.98-106 (March 1975), appendix II.



6.2 UlJ Decoder Properties

Encoded
Aziguth £=0.00 +t=0.25 t=0.50 t=0.75 t=1.00
0.0 0.0 0.0 0.0 0.0 .0
22.5 22.3 221 22.1 22.2 22.5
45.0 44.8 44,3 44,2 44.5 45.0
60,0 £0.0 59.1 59.0 55.3 60,0
67.5 67.6 66.6 66.4 66.8 67.5
80.0 90.3% 88.9 88.6 89.1 90.0C
112.5 Tt2.6 111.2 111.0 111.6 112.5
120.0 120.0 118.6 118.5 119.1 120.0
135.0 134.7 133.7 133.7 134.2 135.0
157.5 157.1 156.6 156.7 157.0 157.5
180.0 180.0 18C.0 120.0 180.0 180.0

Table V : Makita azimuths of decoded sounds for decoders of
section 5.4 for variocus values of the attenuation t of the
third channel T, for various encoded azimuths 6.

Encoded Makita Velocity  Phasiness Eneragy Energy

Azimuth  Azimuth Vector Vector Gain
& By= O Magnitude q Magnitude (in 4B)
Ty TR
0.0 0.0 C.518 0.165 0.651 0.00
22.5 22.3 0.516 0.128 0.623 0.11
45.0 44.8 0.512 0.023 0.559 0.35
57.5 67.6 C.509 ~0.133 0,491 0.58
80C.0 5C.3 0.509 -0.314 0,438 0.867
112.5 112.6 0.510 -0.497% 0.404 0.58
135.0 134 .7 0.508 ~0.641 0,384 0.35
157.5 1571 C.502 -0.7738 0.374 G.11
180.0 180.0 0.500 -0.772 0.371 0.00

Table VI. Parameters describing subjective perJormance of
2-channel BHJ decoder with k1:k2=1, k3 = 0.3502, t=0 of
section 5.4, using square or regular polygon speaker lavousb
shape. A description of the meaning of these parancters is

to be found in LA, Gerzon, "Design off Anbisonic Decoders
for Multispeaker Surround Sound", presented at tﬁe 58th Audio
Engineering Society Convention, 4th o, 1877,
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ADDTTTONAL TNFQRMATTION

After compiling the contents of the folder, some additional information
arrived. It consists of the BRC Engineering Press Statement given below

and the attached diagram "SYSTEM IIJ TOLERANCE ZONES!.

Engineering Press Statement 1530

BBC/NRDC SYSTEM HJ

Farlier this year, the BBC and NRDC announced their intention to
exchange information and experience with a view to moving towards a joint
specification for surround-sound (or quadraphonic ) encoding in a two-

channel system.

Mainly as a result of Matrix H broadcasting experience gained by the
BBC during the 1977 Promenade Concert season, the BBC and NRDC Jointly
decided that it would be advantageous to meke minor alterations to their
respective systems, BBC Matrix H znd NRDC System 45J. 1In either case the
change primarily affects the phase of signals related to a centre-~front
source. This change improves stereo compatibility with very little effect
upon either mono or surround reproduction. Thus existing decoders do not

require any alteration,

As a result of these changes the two systems moved even closer
together and it has become possible to agree upon a uwnified specification
which takes the form of tolerance zones on the Scheiber Sphere in which
the encoding peints will lie., The agreed changes have also been noted by
Niypon~Columbia, with whom NEDC has a working agreement.

The BBC and NRDC are therefore plessed to announce that their Joint
system will be known as BBC/NRDC System HJ to mark the fusion of two
extensive programmes of research and development. Future BBC surround-—sound
broadcasts will use this system. Collaboration between the BBC and NRDC
in the fields cof production and microphone techniques and decoder

technology wili continue.

Engineering Informstion Depariment,
Publicity Section.
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SYSTEM H#J TOLERANCE ZONES

o0
120 60
B
159 K30
Re A
~

£ .
*%;a
‘ “

180 ; 30 — 60 — 90

»f\,,
4

-150 % 30

C
~!208 760
-20
Stage location ,al IB]
Cp 90 * 5 30 & 6
Rp 50 £ 5 45 + 20
Ch Bounded by points (a=0) (a= -25, p= -110),
(o= 35 , B= -58)
By 47.5 * 12.5 “117.5 % 22.5
Cyy 90 5 ' -102.5 * 15
Ly 132.5 * 12.5 -117.5 + 22.5

C, Bounded by points (a=180) (o= =155, p= ~110),
(a= 145 , B= -58)
Lp 150 = 5 45 * 30

Technical note

For any particular system there always exists a multiplicity of loci for
different but equally acceptable microphone technigues. The 'tolerance
zones' method is a useful way of specifying the practical implementation of
the system. A single-~line locus is valid for only one microphone set-up
and, if only the coefficients of the encoding matrix are specified, the
strong influence of microphone technique on the overall system is ignored.
The design of the decoder must take into account all pessible loci falling
within the tolerance zones given.

In favourably noting and analysing this joint specification, Nippon-Columbia
have found that, in practice, intercompatibility between their existing
System UD-4 and System HJ can be entirely achieved subjectively by merely
readjusting the rear amplifier gains by plus or minus 2dB in reproducing

UD programmes with HJ decoders or HJ progremmes with UD decoders respectively.




