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Introduction

Ambisonics® is a surround-sound technique based on spherical harmonics, which has

the great advantage that the encoding and decoding are separated in such a way that
the same encoding can be used for many different speaker layouts. (For a general
discussion of approaches to spatialisation of sound, see [Malham 98].)

Ambisonics in its “ideal” form involves the creation of a single sound image from
the output of many cooperating speakers, some of which are out of phase with respect
to the others. While this gives excellent results at a single listening point, the fact
that some speakers are out of phase produces undesirable results for listeners spread
over an area, as in a concert hall. Malham [Malham 92] has thus proposed an in-phase
correction which ensures that all the speakers contributing to a single sound image
are in phase. This note briefly reviews the encoding and decoding for first and second
order Ambisonics and then discusses the in-phase corrections, in particular for the
second-order case, finding a number of interesting solutions for both two-dimensional
and three-dimensional decodings.

We generally follow the treatment of [Daniel et al.]; we consider only speakers
symmetrically placed about a central point, at a reasonable distance from that point,
so that wavefronts can be treated as planar and only the directions of the speakers
are important. We ignore any contribution from the room containing the speakers.
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Spherical harmonics

We consider both two-dimensional spatialisation using “circular harmonics” (i.e.
Fourier series) and three-dimensional spatialisation using spherical harmonics. We
use real-valued, as opposed to complex-valued, functions throughout. A general ref-
erence for spherical harmonics is [Hobson].

Unfortunately basis functions for these harmonics are given in the literature in
several forms, differing in the scaling factors used. For theoretical purposes an or-
thonormal basis is best, where the integral of the square of a basis function over
the whole circle (or the whole sphere) has value 1. Furse and Malham [Furse] have
introduced a “Furse-Malham” set of harmonics designed for practical purposes.

Additionally, spherical harmonics can be given in a Cartesian form or an angular
form. We use the Cartesian form for conciseness. The angular form uses the azimuth
angle A (measured anti-clockwise from straight ahead) and the elevation angle F;
the conversion is:

two-dimensional: x = cos A; y = sin A4;
three-dimensional: z =cos Acos F; y=sinAcosE; 2z =sinFE.

Note that when using Cartesian coordinates we are assuming implicitly that in 2D
the point (x,y) lies on the circle 2 + y? = 1 and in 3D the point (z, v, z) lies on the
sphere x2 + 32 + 22 = 1. We thus refer to (z,y) or (z,y, 2) as a direction. Note also
that in work with Ambisonics the z axis points to the front and the y axis points to
the left.

The Furse-Malham and orthonormal harmonics are listed in Table 1 (next page).
We use the suffixes FM (“Furse-Malham”), P (“planar”) and S (“spherical”) to
differentiate the three sets. The Furse-Malham set is the same in both 2D and 3D,
except that in 2D only W, X, Y, U and V are used (in each case with z = 0). In this
note, we work with the orthonormal harmonics, and rescale to the Furse-Malham
harmonics when required.

Encoding

We discuss the first-order planar case using orthonormal harmonics. Consider a point
sound source 1 concentrated at (zg, yo) and of unit intensity (so we are in fact dealing
with a Dirac delta function). We use the notation o(Wp) for the signal on the W
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Furse-Malham Orthonormal

2D 3D
Wru = Wp == Ws_\/g
Xy =2 Xp:ﬁ.’ﬂ Xg = %x
Yem =y Yp= =y Ys=\/i&y
Zrpyg = 2 — Jg = %z
Rry = 1(322 - 1) — Rs=\/16n " 75 (32> = 1)
Srym = 222 — Sg = % 2x2
Try = 2yz — Ts = %Zyz
Urn=a® 3 | Up= (=1 | Us=1/# >~y
Ven =22y Vp = ﬁ 2zy Vs = 11657r 2zy
Table 1

channel, and so on. The suffix “P” reminds us that this is a planar case. Then

1 1
o(W :/ —— Y ds = —;
( P) circle V27 V2T
1 1
o(X :/ —x 1 ds = — xp;
( P) circle\/7_r \/7_T °

1 1
o(Yp =/ —= Yy ds = —=yo;
( ) circle\/7_r \/7_T °

where ds is an element of the circumference of the circle. Similar results obtain for
the other harmonics.

Basic decoding

Here we recapitulate the basic decoding theory for planar first-order Ambisonics,
following the exposition in [Daniel et al.], but using the orthonormal harmonics

1 1 1
M, = \%xl #xz ﬁxn
\/L;?h ﬁyz #yn



The decoding matrix My is given by
My=MI(M.MI)™

where M7 is the transpose of M,. The product M, M} is
3 x 3 matrix:

3 %\/5 it %\/5 2iYi
%\/5 D L N YT
il oy DTl xS

where ¥; means 37" ;.

the following symmetric

’

For speakers arranged in a regular polygon, all the off-diagonal entries in M, MT
are zero, and Y27 = ¥;y? = % [Daniel et al.]. Thus for a regular polygon,

20 0
MMI=[0 2 o0
0o 0 =
and
My = MI(M,MT)™!
1 1 1
_ | v vET R
. . . 0 8

V2 2VTw 2w
n n_ n_ Y1

2

Ver  2/m . 2/E

n_ n n_ In

Let out; be the output signal for the ith speaker. The above equations mean that

the decoding is

outq
outs oc(Wp)
=M; | o(Xp)
O'(Yp)

out,,

That is, fort=1,...,n

V2r 2\/T 2\/7

out; = —— o(Wp) + — z;0(Xp) + —
n n n

This is what [Daniel et al.] refer to as the basic decoding and
response. We will call it the ideal decoding.
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We consider only symmetric speaker arrays in this note because the fact that
M.MT is a multiple of the identity matrix makes its inverse trivial to compute and
thus simplifies calculations enormously.

For a point source of unit intensity in the direction (zg,yo) we have

1 1 1
— O'Xp = — X2y O'Yp = —— Yo-
T Xe)= e o(Ve)=

The ideal decoding for this point source then gives

V2rm 1 2T 1 2T 1
+ \/_xi—:vo+iy¢—x0
n \2r n NG n NZS

1
= 5(1 + 2x;70 + 2y:Y0).

O'(Wp) =

out; =

[Daniel et al.] show that close to the centre of the listening space, the ideal decoding
gives the optimum result for the velocity vector of the resulting soundfield.

Rescaling for the Furse-Malham set

In equation (1), the coefficients ‘/2_”, Zf zi, 2y of o(Wp), 0(Xp), o(Yp) re-

n
spectively, are entries in the decoding matrix Mg, which was calculated with respect

: _ 1 _ 1 _ 1
to the orthonormal harmonics Wp = Nord Xp = VAL Yp = 7=
Consider (for the first-order planar case) a set of differently scaled harmonics
Kw Kx Ky
Wr=—, X*=—FZuz Y*'=—uy.
NeT: NG N

If we follow through the basic encoding and decoding theory using these differently
scaled harmonics, we find firstly that the new signals are

O'(W*) :KWo'(Wp), O'(X*) :KXo'(Xp), O'(Y*) :Kyo'(Yp)
and secondly that the coefficients in equation (1) become
V2r  2yT 2/
Ty, — Y-
TLKW ’ TLKX TLKY y

The calculated output out; of the ith speaker is thus unchanged, as one would expect.

The practical conclusion: to obtain the decoding matrix for the rescaled harmonics,
take the decoding matrix for the orthonormal harmonics and divide the entries by
Kyw, Kx or Ky as appropriate. The same calculation goes through for higher-order
harmonics.

The rescaling constants for the Furse-Malham harmonics with respect to the or-

thonormal harmonics are:
2D:KW:KX:KY:KZ:KR:KS:KT:KU:KV:\/7_'['.

3D: Kw = V2m; KX:KyzKZ:,/%W; Kp= /4?#;

Ks=Kp =Ky = Ky = /2.



In-phase decoding

As an example of the ideal decoding, consider four speakers arranged in a square at
(%,%), (—%, %), (—%,—%) and (%,—%) (i.e. front right, rear right, rear
left and front left). The decoding of a point source of unit intensity is, according to
equation (1)

1 1
out, = outy = —(1 + ~ 0. ; outey = outs = —(1 — ~ —0. .
e V2) ~ 0.6036 s V2 0.1036

The two rear speakers are thus transmitting signals out of phase with respect to the
signals from the front two speakers.

[Daniel et al.] introduce correcting gains go, g1, giving a more general decoding

V2

out; = go

o)+ 1 (25 () + 27 o (v )

The general decoding for a point source of unit intensity in the direction (xg, yo)
works out as

1
out; = - (90 + 291 (@50 + yivo))-
If we write « for the angle between the position vectors (zg,yo) and (x;,y;), this

general decoding becomes

1
out; = —(go + 291 cos a).
n

For in-phase decoding we require out; > 0 for all 7. It is clear that the worst case is
where cosa = —1, and this leads to

9= (2)

Equation (2) is Malham’s in-phase decoding correction.

The theory of correcting gains is independent of the scaling used for the harmonics.

Planar second-order decoding

We proceed as in the first-order case, but there are two additional harmonics,
Up=—(x°—y*) and Vp=—="2xy.
i

VT V

The encoding of a point source of unit intensity in the direction (z, o) now has two
additional signals

1 1
o(Up) = NG (z2 —y3); o(Vp) = NG 223y



The matrix M. MZT 5x 5 for this case, and for speakers arranged in a regular polygon,
M.MT is n/27 times the 5 x 5 identity matrix. It follows that the ideal decoding for
the second-order planar case is

V2r 2,/ 2./

ti = YL o (Wp) + X 2 0(Xp) + L i o (Y]
ou na( P) + nxa( p) + nya(p)

2/m 27
+T\/_ (xz yf) o(Up) + T\/_ 2z;y; 0 (Vp).

2_
Inserting correcting gains gg, g1, g2 gives a general decoding

out; = go g oc(Wp) + g1 <¥ z;0(Xp)+ ¥ yiU(YP)>

+go <¥ (2 —y})o(Up) + ¥ 22;Y; J(Vp)> .

The general decoding for a point source of unit intensity in the direction (zq,yo) is
thus

1
out; = - (90 + 291 (w50 + yivo) + 29227 — y7) () — ¥g) + 4ziyimoyo)).  (3)

Solutions for planar second-order in-phase decoding

As before, let « be the angle between the position vectors (xg, yo) and (z;, y;). Equa-
tion (3) becomes

1
out; = —(go + 291 cos a + 2g5 cos 2qv).
n

Now write p1 = g1/go and ps = g2/go. Then
go
out; = = (1 + 2py cos a + 2ps cos 2a).
n

Let us drop the factor of 2 and set

f(a) =1+ 2py cos a + 2ps cos 2a. (4)

For in-phase decoding we need to find values of p; and ps such that f(a) > 0
for all «. We proceed by finding the minimum value of f(«), and to that end we
calculate

df

e —2p1 sina — 4pg sin 2a = —2sin a(p; + 4ps cos o).
«
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For % to be zero, either sina = 0 or cosa = ZI’)’;. If sina = 0, either a = 0, giving
in fact a maximum value for f(«), or a = 7, giving f(a) = 1 — 2p; + 2py. Thus we

obtain the condition

1
P22p1—§

for f(a) to be non-negative at o = .

We note that we need p; < 4p, for the equation cosa = Z—p; to have real solutions.
In fact there are two possible shapes for the graph of f(«) against a: if p; > 4ps the
shape is similar to that in Figure 2 below and the minimum value occurs at o = 7 if
p1 < 4po the shape is similar to that in Figure 3 and there are two minima, occurring
at the two values of cos = (72%).

4p2
If p; < 4py and we set cos v = Zszl in equation (4), the condition f(«) > 0 becomes
—p1 2p3
142 — 2 — —1]>0.
v () o (i 1) >
This reduces to ) )
—1/4
p]_ + (pZ /2 ) S ]_7 (5)
(1/v2)? (1/4)
which is the equation of the interior of an ellipse.
We obtain the following picture.
b2
0.8 + p1 = 0.5+ ps

0.7 +
0.6 -
0.5 -
0.4 -
0.3 -

p1 = 4p2
0.2 -
0.1 -

(X
7 t”.e_ = ' T “ T T f f f
—0.1 0.1 0.2 0.3 0%5 0.6 07 08 09 1.0 P

—0.1 +

Figure 1
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The two lines intersect at (%, %), which is on the ellipse. In-phase solutions are shown
shaded.

Interesting solutions are on the boundary of the ellipse. We discuss the following
below.

e The “smooth” solution: p; = 0.6667, po = 0.1667.

e The “extends first order” solution: p; = 0.5000, po = 0.4268.

e The “maximum energy” solution: p; = 0.6795, po = 0.3192.

e The “maximum front-back ratio” solution: p; = 0.6667, ps = 0.3333.

e The “maximum integrated front-back ratio” solution: p; = 0.7071, py = 0.25.

Furse’s solution: p; = 0.658, py = 0.342.

The “smooth” solution

This occurs at the point in Figure 1 where the two lines and the ellipse all intersect.
It is the “last” point where f(«) has only a single minimum. Figure 2 shows the
graph of f(«) against v in both Cartesian and polar forms (solid line), and also the
first-order in-phase solution p; = 0.5, p, = 0 (dotted line).

Figure 2

The polar plot is a “source directivity response”, showing the amount of signal sent
to speakers in various directions for a source located straight ahead.

The “extends first order” solution

This solution has the same value of p; as for first-order in-phase decoding (see equa-
tion (2)). It is the “lumpiest” of the solutions discussed here: see Figure 3. A possible
use for this solution will be discussed later.



Figure 3

It is not clear how important it is for the source directivity response to have a
single minimum. Intuitively, the relatively large contribution from the rear speakers
in the above example will have undesirable effects, but listening tests are needed to
determine how much “lumpiness” can be tolerated.

The “maximum energy” solution

It is shown in [Daniel et al.] that the quantity
2(gog1 + 9192) 2(p1 + p1p2)

T'E = =
98 +2(91 +93) 1+2(p7+0p3)

compares the magnitude of the energy vector (also known as the intensity vector)
of the reconstruction to that of the the energy vector of the original source; for
a good reconstruction rg should be close to 1. We therefore seek the solution on

the ellipse (5) that maximises rg. This is analytically messy, but is easily found
numerically to be p; = 0.6795, py = 0.3192.

The “maximum front-back ratio” solution

The front-back ratio is defined to be, for the decoding of a source located straight
ahead,

max. signal in front semicircle/hemisphere

max. signal in rear semicircle/hemisphere
A straightforward calculation shows that in our situation the front-back ratio is

1+2p1 +2p2 .

- - = if < 2
1— 2p, lpz_pl/

1+2 2

1+2p1 + 2p2 if py > p1/2

1—2p; + 2ps

The point on the ellipse (5) giving the maximum front-to-back ratio was found to
be p1 = 2/3, po = 1/3, and for these values of py, p2 the maximum front-back ratio
is 9, or approximately 19 dB. Malham (private communication) has obtained higher
front-back ratios by allowing small out-of-phase signals in some speakers.
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The “maximum integrated front-back ratio” solution
Define the integrated front-back ratio as

average signal in front semicircle/hemisphere

average signal in rear semicircle/hemisphere

In our situation the integrated front-back ratio is easily calculated, for in-phase so-
lutions, to be
™+ 49

m™—4g1

The maximum value of this quantity is obtained when g; has its maximum value
of 1/4/2, and with this value of g;, the integrated front-back ratio is 19.063, or
approximately 25.6dB. This solution, with g; = 1/\/5 and go = 0.25, is graphed in
Figure 4. The solution is an attractive one, appearing in a conspicuous spot at the
end of the semi-major axis of the ellipse, and with only slight “lumpiness” at the
straight-behind location.

It may seem surprising that go does not appear in the result for the maximum
integrated front-back ratio, but this result is only valid for in-phase solutions, and
the presence of go means that g; can take values greater than 0.5, and still yield an
in-phase solution.

The ordinary front-back ratio is arguably an easy-to-measure proxy for the inte-
grated front-back ratio.

Figure 4

Furse’s solution

Furse [Furse| has posted numerical results for several 2D and 3D speaker configura-
tions; these results include in-phase solutions (which Furse calls controlled opposites).
Unfortunately Furse has not released his source code, so his method of calculation re-
mains obscure. Nonetheless, it can be observed that Furse’s procedures correspond to
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those of [Daniel et al.]. His ideal decodings are exactly those given by the calculation
Mg = MT (M. MT)~1, scaled for the Furse-Malham harmonics. Furse’s in-phase so-
lutions are evidently obtained by using correcting gains as above, and for sufficiently
symmetric polygons, Furse’s correcting gains are

p1 = 0.658; p2 = 0.342.

This solution corresponds to a point on the ellipse (5).

Three-dimensional first-order decoding

The zeroth- and first-order orthonormal spherical harmonics are

1 3 3 3
— . X — N . Y = —_— . Z = - .
Ws \/47r, s \/47r r; Yg \/47r Y; 5 \/47TZ

Here (z,v, 2) is a point on the sphere 2 + y? + 22 = 1; as before we regard such a
point as a direction.

If we consider a point source of unit intensity in the direction (zg,yo, 20), the
corresponding signals are

/1 3 3 3
Ws)=1/—; o(Xs)=1/-—x0; 0(Ys)=1/—yo; 0(Zg)=1/— 2.
o(Ws) . o(Xs) - Fo o(Ys) 47ry0 o(Zs) ppll
Suppose that there are n speakers located in the directions (21, Y1, 21),- - - ,(Tn,y Yn, 2n)-
As before, we form the matrix
1 1 1
4m 4 4

B
|
Sleo
=
.
=
(V)
|o.> §|w
=
S

3 3

iz 1 Y2 e Yn
/ 3 / 3 3
E'Zl EZZ E,Zn

For a sufficiently symmetric arrangement of speakers M. M7 is 1 times the 4 x 4
identity matrix and our ideal decoding matrix My = M (M.MZX)~! then becomes

'
3

am [ 4x [3 . 4x N

3
n 4 n 47 n 4 Y1 n 4 <1
r /1 4w [ 3 ar [ 3 ar [ 3
_ n 4 n 4 T2 n 4 Y2 n 4 <2
My =

ar /1 4x /3

1 3 4m 4 3
n 4 n 47

3
Tn n 47 Yn n 4 “n
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Thus for ideal decoding the output from speaker ¢ is

out; = 4% (\/%J(Ws) + \/%:E,U(Xg) + \/gym(Ys) + \/%Zﬂ(Zg)) .

We introduce correcting gains hg, h1, corresponding to the gains go, g1 introduced
in the planar case, and obtain the more general decoding

drhg |1 4mh 3
Outi — o E O'(WS) + 7; 1 4—(;[;10'(Xs) —+ yzU(YS) + ZZO'(ZS))

n s

The general decoding for a point source of unit intensity located in the direction
(20, Yo, 20) works out as

ho 3h,
out; = o + T(iﬂﬂo + Yiyo + 2i%0)-

If we switch to vector notation and write w; = (x4, ys, 2;), o = (o, Yo, 20), then the
above equation can be written

1
out; = —(hop + 3hiu; - ug). (6)
n

In-phase decoding

Since ug and u; are unit vectors, u; - ug > —1. Thus equation (6) gives the following
in-phase decoding condition for 3D first-order decoding;:

hi = ho/3.

We note that even if the source signal lies in the zy plane, (so 0(Zg) = 0), the
condition for in-phase decoding differs from that for the planar case.

Three-dimensional second-order decoding

We proceed as in the three-dimensional first-order case, but there are five additional
harmonics:

15 1, 15 [15
— _. - _ ]_ . — _ 2 . T — - 2 .
RS 167 \/g (32 )a SS 167 xrz; S 167 Yyz;



These are orthonormal harmonics; the rescalings required for the Furse-Malham har-
monics have been discussed above.

For a sufficiently symmetrical arrangement of speakers the matrix M, M7 is i
times the 9x 9 identity matrix. The main example of such a symmetrical arrangement
is a dodecahedral array, i.e. 12 speakers at the face centres of a regular dodecahedron;
a cubical arrangement does not have the required symmetry. In the sufficiently
symmetrical case, the ideal decoding for the second-order 3D case, for a speaker in

the direction (z;,yi, 2;), is

15 1
([ —= (322 — 2 il \/ 2
+ o \/g( Z ) + yio(Ss) +
- T —Y; \/ ez 2Tivi .

Inserting correcting gains hg, h1, ho gives a general decoding

47Th0 i + 47Th1

out; =

—\ 1 - (zi0(Xs) +yi0(Ys) + zi0(Zs))

dchy [15 (1,
— | =0z -1 22;Y; 2yiziyoo (T
+ " 6m (\/3(3,21 Jo(Rs) + 2z;y;0(Ss) + 2y:ziyoo (Ts)

+ (27 —y)o(Us) + 2561%0(‘/5))-

The general decoding for a point source of unit intensity in the direction (zq, yo, 20)
is then

47Th0 1 47Th1 3
' + - —(xixo + Yiyo + ziz0)

n E n A7
4h 15 /1
n = 167 (3(3zz 1)(330 - 1) + 4z;y;x0y0 + 4YiZiYozo

+ (7 — y}) (=5 — y3) + 4zigizoyo). (7)

Solutions for three-dimensional second-order in-phase decoding

Let us write u; = (z;, yi, 2;) and up = (zo, Yo, 20) as before, and set « to be the angle
between u; and ug. It can be shown (see Appendix A) that

Wl =

1
(?)Zi2 -1) (3z§ —1)+4z;y;zoyo+4yi ziYozo+ (31712 —yf) (xg —yg) +4x;Y; ToYo = 3 +cos 2a.
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The decoding of the point source (equation (7)) then becomes

1 15 1
out; = —(ho + 3h1 cos o + th(—
n

3 + cos 2a)).

Set q1 = hy/ho and g2 = ha/hg (S0 q1, g2 are the 3D analogues of the planar
p1, p2). In the 3D case

h 15 1
out; = —0(1 + 3q1 cosa + Zq2(§ + cos 2a)).
n

Let us drop the factor of % and set

15 1
g(a) =1+ 3q1cosa + ZQz(g + cos 2av).

For in-phase decoding we need to find values of ¢y, g2 such that g(a) > 0 for all
«. As in the planar case, we find the minimum value of g(«) by calculating g—g

d 15
d—g = —3¢;sina — T 2sin 2ac = —3sin a(qy + 5g2 cos a).
a

If dg = 0, either sina = 0 or cosa = W The situation is very similar to that for
the planar case; we find that for in-phase solutions we need
3(]1 —1

>
q2 = 5

and, if ¢; < bgs we also need

q; (g2 — 1/5)?
avae T amE s

This leads to the following picture.
p2

0.7 T
0.6 + pa = — 1
0.5 1
0.4
0.3
0.2 1

0.1 A

—0.1 0.1 0203 04 05 06 0.7 08 09 1.0 P
—0.1 - 15




Figure 5

The two lines intersect at (%, 1—10), which is on the ellipse. Again interesting solutions

will be on the boundary of the ellipse, and we note the following, some of which are
further discussed below.

e The “smooth” solution: ¢; = 0.5, go = 0.1.
e The “extends first order” solution: ¢; = 0.3333, ¢2 = 0.3633.
e The “maximum front-back ratio” solution: q; = 0.5714, g5 = 0.2282.

e The “maximum integrated front-back ratio” solution: ¢ = 0.5774, qo = 0.2.

Furse’s solution: ¢; = 0.504, g5 = 0.102.

The “smooth” solution

This solution is graphed in Figure 6.

Figure 6

The “maximum front-back ratio” solution

Numerical exploration locates this at ¢; = 0.5714, q2 = 0.2282; the value of the ratio
at this point appears to be exactly 9.0, which is the same value as was obtained in
the 2D case..

The “maximum integrated front-back ratio” solution

For the 3D case the integrated front-back ratio for parameters ¢1, g2 works out to be

2+ 391
2—391,
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again without explicit dependence on ¢3. The maximum value of this ratio again
occurs at the end of the semi-major axis of the ellipse, when ¢g; = 1/\/5, and the
ratio is then 13.928. This solution is graphed in Figure 7.

Figure 7

Furse’s solution

Furse’s solution for the 3D case, unlike his for the 2D case, is very close to the
“smooth” solution; the numerical evidence indicates that it is not identical to the
“smooth” solution, and in fact is just outside the ellipse.

Mixing first and second order material

At the time of writing, there are no second-order microphones, but there is a prac-
tical Ambisonics first-order microphone, the SoundField microphone [SoundField].
We may wish to mix ambient sound recorded with this microphone (first-order mate-
rial) with sounds encoded by computer with both first- and second-order harmonics
(second-order material). There is no difficulty if the ideal decoding is used. If an
in-phase solution is sought, we have the problem that the X signal (say) of the first-
order material may need to be scaled differently from the X signal of the second-order
material. At first sight this requires using separate channels for the first-order mate-
rial (4 channels) an for the second-order material (9 channels), making 13 channels
altogether.

Several compromise approaches to in-phase solutions are possible.

The “extends first order” gains
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For 2D decoding we can use p; = 0.5, po = 0.4268; for 3D decoding we can use
q1 = 0.3333, g2 = 0.3633. Unfortunately these are not very good correcting gains for
the second-order material, but they do provide in-phase decoding for both the first-
and the second-order material, and any speaker layout can be used.

Fixed correcting gains

Suppose that we know in advance the correcting gains to be used, for example p; =
0.5 for the first-order material and p; = 0.6667, po = 0.1667 for the second-order
material. Let o1(W), o2(W) be the the W signals for the first- and second- order
material respectively, and similarly for the other harmonics. The encoding we use is

o(W) =o01(W) + oa(W);
0.6667
0.5

o(X)=01(X)+ 02(X), and similarly for Y, Z.
In the decoding we now use p; = 0.5, po = 0.1667, and both the first-order and the
second-order material will be decoded correctly.

The disadvantage of this approach is that the material is encoded for planar layouts
(in this example) and would not be suitable for 3D decoding. The independence of
encoding and decoding which is a feature of Ambisonics has been compromised.

If a single encoding is needed in just 9 channels for both 2D and 3D decoding,
probably the best that can be done is

o(W)=01(W)+ o2(W);
0(X)=01(X) + 1.414205(X), and similarly for Y, Z.

For 2D decoding we use p; = 0.5, po = 0.25, which gives the effect of p; = 0.5 for
the first-order material and p; = 0.7071, ps = 0.25 for the second-order material.
For 3D decoding we use g1 = 0.3333, g2 = 0.3155, which gives the effect of q; =
0.3333 for the first-order material and ¢; = 0.4714, g = 0.3155 for the second-order
material. In each case the first-order material receives correct in-phase decoding and
the parameters for the second-order decoding lie on the appropriate ellipse. However,
in the 3D case, the second-order decoding is “lumpy”.

An extra W channel

Malham [Malham 99] has proposed using two W channels, say W for the first-order
material and Ws for the second-order material. This approach allows any decoding
to be used; its only disadvantage is that the relative loudness of the first-order and
second-order materials may be different in different decodings.

When practical second-order microphones become available and third-order de-
coding setups are common, no doubt further compromises, or additional channels,

will be needed.
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Appendix A: Calculation for second-order decoding

We need to show that

1
§(3Z¢2 - 1)(323 — 1) + 4w zix020 + 4yiziYozo + 4x:yiToyo + (%2 - yzz)(xg - yg)

1
=3 + cos 2, (A1)

where « is the angle between u; = (z;,y;, 2;) and ug = (x9, Yo, 20)-

If we expand out all the terms, the left hand side of (A1) works out to

1
32728 — 27 — 25 + 3t 4320020 + YiziYozo + TiviToYo) + (7 — yI) (x5 — y3). (A2)

Now 2222 = (1 — z2 — y2)(1 — 2% — y2). Replace the term 32222 in (A2) by 22223 —

(1 — 22 —y2)(1 — 23 — y3) and simplify. We obtain

(3

1
20325 + 1+ 5 — (af + 97 +20) — (af + v + 20) + 207} + 2708

+ 4(xizix020 + YiziYozo + TiYiToyo).  (A3)
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Since z7 + y? + 22 = 22 + y3 + 22 = 1, (A3) reduces to

1
22232 + y2ya + 2223 + 2xiyivoyo + 272020 + 2YiziYozo) — 1 + 5
1

= 2(.”171'.’170 + Y;Yo + ZiZO)z -1+ g

1
:2(:08204—14-5

1
= 2 —.
cos2a + 3
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