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(571 ABSTRACT

A surround sound apparatus wherein a decoder decodes
directionally encoded audio signals for reproduction via a
loudspeaker layout over a listening area wherein the signals
are decoded by a matrix. The coefficients of the decoding
matrix are such that at a predetermined listening position.
the reproduced velocity vector direction and the reproduced
energy vector position directions are substantially equal to
each other and substantially independent of frequency in a
broad audio frequency range The gain coefficients of the
decoding matrix are such that the reproduced velocity vector
magnitude varies systematically with encoded sound direc-
tion at frequencies in the region of and above a predeter-
mined middie audio frequency.

39 Claims, 10 Drawing Sheets
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1
SURROUND SOUND APPARATUS

This is a continuation of application Ser. No. 08/302.666.
filed as PCT/GB93/00042, on Mar. 2. 1993.

FIELD OF INVENTION

The present invention relates to techniques for direction-
ally encoding and reproducing sound, and particularly, but
not exclusively, to the technique known as surround sound
and to the provision of improved surround sound decoders
and reproduction systems using such decoders.

The present invention is applicable to a number of dif-
ferent surround sound techniques, including Ambisonics,
and to other encoding techniques.

BACKGROUND TO THE INVENTION

Ambisonics was developed in the 1970°s and early 1980’s
based on the idea of encoding information about a 360°
directional surround-sound field within a limited number of
recording or transmission channels, and decoding these
through a frequency-dependent psychoacoustically opti-
mised decoder matrix. The matrix is adapted to the specific
arrangement of loudspeakers in the listening room. so as to
recreate through that specific layout the directional effect
criginally intended. Examples of Ambisonic systems are
described and claimed in the earlier British patents numbers
1494751, 1494752, 1550627 and 2073556. all assigned to
National Research Development Corporation. Ambisonic
techniques are also described in a number of published
papers including the paper by M. A. Gerzon, “Ambisonics in
Multichannel Broadcasting and Video” published at pp
859-871 of J Audio Eng. Soc.. Vol. 33, No. 11, (1985
November).

While known Ambisonic systems have worked extremely
well, particularly in those cases where at least three trans-
mission channels are available, they do nonetheless. in
common with many other sound reproduction systems.
suffer some limitations particularly with respect to the
stability of front-stage images. This is a marked disadvan-
tage in particular when it is desired to use Ambisonics in an
audiovisual system with TV, film or HDTV. Then it is found
that the stability of front-stage images is not good enough to
give areasonable match in direction between the audible and
visual image across the whole listening area.

SUMMARY OF THE INVENTION

According to a first aspect of the present invention. there
is provided a decoder for decoding directionally encoded
audio signals for reproduction via a loudspeaker layout over
a listening area, comprising:

an input for receiving the directionally encoded audio
signals;

matrix means for modifying said audio signals; and

an output for outputting the modified audio signal in a
form suitable for reproduction via the loudspeakers;

the coefficients of said matrix means being such that at a
predetermined listening position in the listening area the
reproduced velocity vector direction and the reproduced
energy vector directions are substantially equal to each other
and substantially independent of frequency in a broad audio
frequency range.

characterised in that the gain coefficients of said matrix
means are such that the reproduced velocity vector magni-
tude r,, of a decoded audio signal varies systematically with
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encoded sound direction at frequencies in the region of and
above a predetermined middle audio frequency.

According to another aspect of the present invention,
there is provided a surround sound decoder including matrix
decoding means for decoding a signal having pressure-
related and velocity-related components thereby providing
output signals representing feed signals for a plurality of
loudspeakers. in which the values of the coefficients of the
matrix decoding means are such that the magnitude r, of the
real part of the ratio of the reproduced velocity vector gain
to the reproduced pressure gain varies with azimuthal direc-
tion at at least some frequencies.

Preferably the decoder is an Ambisonic decoder.

The velocity vector having magnitude r,. energy vector
having magnitude 1, and pressure signal P are formally
defined and discussed in relation to the Ambisonic decoding
equations in the detailed description and theoretical analysis
below.

In all the prior art Ambisonic decoders, a decoding matrix
has been used which is frequency-dependent so as to ensure
that r, equals 1 at low frequencies and that 1z was larger at
high frequencies. In all such matrices the velocity vector had
a magnitude which was substantially constant for all direc-
tions and the pressure signal P had exactly the same direc-
tional gain pattern (as a function of encoded azimuth 6) at
low and high frequencies, apart from a simple adjustment of
overall gain with frequency. The present invention, by
contrast, provides an Ambisonic decoder arranged to satisfy
the Ambisonic decoding equations in the case where the r,
varies with azimuth, and, preferably, the directional gain
pattern of the pressure signal P varies with frequency.
Typically, for decoders having better front-stage than back-
stage image stability, the back-sound gain divided by front-
sound gain for the pressure signal will have a smaller value
at low frequencies (for which r, typically equals 1) than at
higher frequencies (for which typically r is maximised with
a greater value for front- stage sounds than for back-stage
sounds). :

The present inventors have recognised that the directional
gain pattern of the pressure signal P (which for layouts of
speakers at identical distances is the sum of the speaker feed
signals) can be varied with frequency while still giving
solutions of the Ambisonic decoding equations and that this
gives an extra degree of freedom which may be used to
optimise the performance of the Ambisonic decoder. In
particular, it is found to be advantageous to make r, vary
substantially with encoding azimuth 6 rather than to be
substantially constant with azimuth as it was in the prior art
Ambisonic decoders. This is particularly important in
improving the stability of images. It is found that the degree
of image movement with lateral movement of the listener is
proportional to 1-1y, so that the greater the value of 1z the
less the movement and hence the greater the image stability.
Tt is also found that the value of r, tends to be maximised
when r substantially equals 1,. 1 varies with the encoding
azimuth and so it is found that the best performance is
obtained by having r,, also vary with encoding azimuth so as
to track the value of 1 in so far as this is possible. In general
1 varies with direction with higher harmonic components
than, so that only rarely canr and r, have exactly the same
values for all azimuths. Nonetheless it is found that fairly
close matching of the two quantities generally gives
improved high frequency results.

Preferably the encoded directional signal is modified to
increase the relative gains of sounds in those directions in
which the magnitude 1z of the reproduced energy vector is
largest,
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A further property of Ambisonic decoder systems which
hitherto has tended to degrade image stability. is the fact that
overall reproduced energy gain E tends to be largest when
is smallest and vice-versa. It is therefore advantageous if as
well as maximising 1 in a desired direction in accordance
with the first aspect of this invention, the gain is modified in
a complementary fashion to counter the loss in energy gain
which would otherwise occur. In general, such modifications
will alter the reproduced azimuth so that it no longer equals
the encoded azimuth 6 but such modifications in practice
will not be so large as to introduce gross directional distor-
tions in the reproduced sound image. Moreover, it is found
that even if the reproduced azimuth does not exactly equal
the encoded azimuth nonetheless frequency-dependent
image smearing can be avoided as long as the decoded
azimuth does not vary substantially with frequency (at least
up to around 3%z kHz).

According to a second aspect of the present invention. an
Ambisonic decoder including decoder matrix means
arranged to decode a signal having components W, X, Y
where W is a pressure-related component and X and Y are
velocity-related components, as herein defined, the matrix
decoding means producing thereby output signals represent-
ing loudspeaker feeds for a plurality of loudspeakers, further
comprises transformation means arranged to apply a trans-
formation to the signal components W, X, Y thereby gen-
erating transformed components W', X', Y for decoding by
the decoding matrix means.

The transformation may be a Lorentz transformation.

As described in greater detail below. the sound field is
preferably encoded using the so called B-format. B-format
encodes horizontal sounds into three signals. W, X and Y
where W is an omnidirectional signal encoding sounds from
all azimuths with equal gains equal to 1 and X and Y
correspond to figure-of-eight polar diagrams with maximum
gains v2 aligned with the orthogonal X and Y axes respec-
tively. This format is shown in FIG. 2. These signals have
the property that for sound from any given direction 6 the
relationship

2W2=X2+Y? )

applies. The present inventors have recognised that by
applying to the original encoded W, X and Y signals a
transformation of the class known as Lorentz
transformations. signals W', X', Y" result which still satisfy
the relationship given above. This enables manipulation of
the sigmal while retaining the Ambisonic properties.
B-format can also be extended to full-sphere directional
signal by adding a fourth upward-pointing 2 figure-of-eight
signal as shown in FIG. 3. Although for clarity this aspect of
the invention is described in relation to encoding in the
horizontal plane it also encompasses such full-sphere WX,
Y.Z encoding. Similarly the other aspects of the invention
are also applicable to full-sphere encoding.

Preferably the Lorentz transformation means are arranged
to apply a forward dominance transformation.

One particular Lorentz transformation termed by the
inventor the “forward dominance” transformation, and
defined in detail below, has the effect of increasing front
sound gain by a factor A while altering the rear sound gain
by an inverse factor 1/A. A forward dominance transforma-
tion is particularly valuable with decoders in accordance
with the first aspect of the invention, since as noted above
such decoders can otherwise give excessive gains for rear
sounds.
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According to a third aspect of the present invention. in a
surround sound decoder include decoder matrix means
arranged to decode a signal and provide output signals
corresponding to a plurality of loudspeaker feed signals. the
decoder is arranged to output signals representing feed
signals for an arangement of loudspeakers surrounding a
listener position comprising at least two pairs of loudspeak-
ers disposed symmetrically to the two sides of the listener
position and for at least one further loudspeaker positioned
between one of the said pairs of loudspeakers. Preferably the
decoder is an Ambisonic decoder.

Preferably the at least one further loudspeaker is posi-
tioned centrally between the two front-stage loudspeakers.

It has long been known that the use of an additional
central loudspeaker to supplement the two loudspeakers for
the front stage can enhance considerably the stability of
front-stage images. In view of this, proposed standards for
HDTV sound invariably incorporate at least one such central
loudspeaker in addition to a stereo pair. However. hitherto it
has only been possible to find Ambisonic decoder solutions
for highly symmetrical, e.g. rectangular or hexagonal, lay-
outs. The present inventor however have found a solution for
decoders suitable for a less symmetric layout incorporating
one or more central loudspeakers. There are listed in further
detail below solutions for different 5 and 6 speaker layouts
together with a general procedure for finding other such
solutions.

According to a further aspect of the present invention,
there is provided an Ambisonic decoder including matrix
decoding means for decoding a signal having pressure-
related and velocity-related components and thereby pro-
viding output signals representing feed signals for a plurality
of loudspeakers, in which the values of the coefficients of the
matrix decoding means are such that the directional gain
pattern of the pressure-related component P of the repro-
duced signal is different at different frequencies, the decoder
not being a 2.5 channel Ambisonic decoder responsive to
3-channel surround sound at some audio frequencies and to
a 2-channel surround sound at some other frequencies.

According to a further aspect of the present invention
there is provided a decoder including an Ambisonic decoder
according to any one of the preceding aspects, and further
comprising means for decoding a supplementary channel E,
thereby providing improved stability of and separation
between the front and rear stages.

According to a further aspect of the present invention
there is provided a decoder including an Ambisonic decoder
according to any one of the preceding aspects, and further
comprising means for decoding a supplementary channel F
thereby providing a further output signal for use in cancel-
ling crosstalk between front and rear stages.

Preferably E is encoded with gain k (1—c_(1-cos 8)) for
161<@, and gain O for 18>0, and F encoded with gains 2'7*
ksin 6 for 181=6,, gains —2"%k,sin 6 for 1180°—0I=0, and
gain 0 for other 6, where 9, is the half-width of a frontal
stage which may typically be 60°, 6 is the half-width of a
rear stage which may typically be 70°, and k., k. and k,, are
gain constants which may be chosen between 0 (for pure
B-format) and a value equal to or in the neighbourhood of
1 (for reproduction effect purely in front and rear stages).
Preferably c, lies between substantially 3 and 3.5 and more
preferably is equal to substantially 3.25.

This aspect of the present invention provides a decoder
which gives a further improvement in frontal-stage image
stability. While the Ambisonic decoders of the preceding
aspects of the present invention in themselves give a sig-
nificant improvement in stability even greater stability may
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still be desirable when, for example, the decoder is to be
used in an HDTV system. The present inventor has found
that by adding at least one additional channel signal E to
provide a feed for a centre-front loudspeaker, a system
results which offers much of the image stability attainable
with the three or four-speaker frontal stereo systems known
in the art, while retaining the flexibility of the Ambisonic
decoders in providing optimally decoded results via a vari-
ety of speaker layouts. Moreover, it is found that the 5 or
6-speaker Ambisonic decoders of the present invention
provide a far better basis for such a system enhanced by a
supplementary channel than do the conventional 4-speaker
Ambisonic decoders known in the art.

In the preferred implementation of this aspect of the
invention, two supplementary channels E, F are used in
addition to channels W, X. Y to provide a format termed by
the inventor “enhanced B-format”. This enhanced format is
described fully in the detailed description below.

The present invention in its different aspects is applicable
to audio signals that are directionally encoded. Directional-
ity of sounds can be encoded in various ways, using two or
more related audio signal channels. In all of these methods,
each encoded direction of sound is mixed into the audio
signal channels with gains (which may be real or complex.
and may be independent of or dependent on frequency) on
each signal channel whose values as a function of direction
characterise the directional encoding being used.

An overall real or complex gain change applied equally to
all audio channels does not change the directional encoding
of a sound. but only the gain and phase response of the sound
itself. Thus, directional encoding is characterised by the
relative gains with which a sound is mixed into the audio
signal channels as a function of intended direction.

Examples of directional encoding include the familiar
case of conventional amplitude stereophony in which the
direction of sounds in two stereo channels is encoded by the
relative amplitude gain in two channels normally intended
for reproduction via respective left and right loudspeakers.
The means of encoding gains as a function of direction often
used in studio mixing is the device known as a stereo panpot
which allows alteration of the encoded stereo direction by
giving adjustment of the relative gains of a sound in the left
and right channels. An alternative means of encoding direc-
tionally often used is a coincident stereo microphone record-
ing array, where coincident directional microphones point-
ing in different directions are used, and sounds recorded in
different directions around such a microphone array will be
encoded into the two channels with different gains deter-
mined by the gain response of the two microphones for that
incident sound direction.

Conventional two channel stereo is only the simplest of
many directional encoding methods known in the prior art.
The invention is particularly applicable to methods of sur-
round sound decoding cover a 360° sound stage of
directions, such as the methods known as B-format or UHJ
described in M. A. Gerzon, “Ambisonics in Multichannel
Broadcasting and Video™, J. Audio Eng. Soc., Vol. 33, No.
11, pp. 859-871 (1985. November) or to other prior art
methods such as BMX directional encoding described later
in this description.

These preferred methods of surround sound directional
encoding with which the invention may be used encode
horizontal directions as linear combinations of three signals,
W with constant gain 1 as a function of direction, and
directional signals X and Y whose gains as a function of
encoded direction follow a figure-of-eight or cosine gain law
pointing in two orthogonal directions. For example, in
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B-format, X may be chosen to have a gain v2 cos@ and Y a
gain v2 sin. where 6 is the angle of a direction measured
anticlockwise from due front in the horizontal plane. The
directionality for B-format can be encoded either by a
suitable B-format panpot such as has been described by M.
A. Gerzon & G. J. Barton, “Ambisonic Surround Sound
Mixing for Multritrack Studios”, Conference Paper C1009
of the 2nd Audio Engineering Society International
Conference. Anaheim (1984 May 11-14), or by means of a
sound field microphone giving a B-format encoded output in
response to incident sounds.

Alternatively, any three independent linear combinations
of the signals W, X and Y may be used to encode
directionality, since B-format signals may be recovered from
these by using a suitable inverse 3x3 matrix. Any decoder
for reproducing B-format may be converted to one for three
such linear combination signals by preceding or combining
the B-format decoder with an appropriate 3x3 matrix having
the effect of recovering B-format signals.

360° directionality may also be emcoded into just two
channels as complex linear combinations of W, X and Y. For
example, in the prior art in one of the inventors’ British
Patent 1550628, systems encoding direction are considered
that use two independent linear combinations of channels
whose gains as a function of directional angle 0 are

T=a+bcosB+jcsin®
A=je+jfcos6+gsind

where the coefficients a, b, ¢, d, e, f. g are real gain
coefficients and where j=v(-1) represents a relative broad-
band 90° phase difference, which may be implemented by
known 90° difference all-pass phase shift networks. As is
well known in the prior art. such directionally encoded
2-channel signals may be derived from B-format signals by
means of a phase-amplitude matrix incorporating 90° dif-
ference networks.

The invention is also applicable to the decoding of a broad
range of such 2-channel directionally encoded sound signal
channels, including the prior art BMX and UHJ systems,
which are of this form. It is also applicable to conventional
2-channel amplitude stereophony encoding, since this direc-
tional encoding may be converted to a BMX encoding by
inserting a 90° difference between the two channels.

The invention may also be applied to signals in which
additional to a 360° azimuthal encoding, directions in three
dimensional space are encoded including for example
elevated sounds, such as are described in M. A. Gerzon,
“Periphony: With-Height Sound Reproduction”. J. Audio
Eng. Soc., Vol. 21, pp. 2-10 (1973, January/February) and in
the cited 1985 Gerzon reference. Additional directionally
encoded channels may be added, such as a signal Z with
vertical figure-of-eight directional gain characteristic. or the
directional enhancement signals E and F described else-
where in this description.

The invention is additionally applicable to other systems
of directional encoding having substantially the same rela-
tive gains between signal channels as the systems described
above, even if their overall or absolute gains or phases as a
function of encoded direction varies.

As already noted, the decoders of the present invention
while being generally applicable have particular advantages
when used with audiovisual systems. The present invention
also encompasses TV, HDTV, film or other audiovisual
systems incorporating a decoder in accordance with any one
of the preceding aspects in its sound reproduction stages.
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Decoders according to the invention may be implemented
using any known signal processing technology in ways
evident to those skilled in the art, and in particular either
using electrical analogue or digital signal processing
technology, or a combination of the two.

In the electrical analogue case, matrix networks or circuits
may be implemented using resistors or voltage or digitally-
controlled active gain elements to implement matrix gain
coefficients in combination with active mixing devices such
as operational amplifiers to perform addition or subtraction
of signals. Frequency-dependent elements such as cross-
over network filters may be implemented using any familiar
active filter topology. Good approximations to relative 90°
difference networks may be implemented by pairs of all-pass
networks each comprising cascaded first order all-pass poles
of the kind extensively described in the previous literature
on, for example, quadraphonic or surround-sound phase-
amplitude matrixing or on single sideband modulation using
quadrature filters.

In the case where it is preferred to use digital signal
processing to implement decoders, analogue-to-digital con-
verters may be used to provide signals in the sampled digital
domain, and the decoders may be implemented as signal
processing algorithms on digital signal processing chips. In
this case, filters may be implemented using digital filtering
algorithms familiar to those skilled in the art, and matrices
may be implemented by multiplying digital signal words by
gain coefficient constants and summing the results. The
digital outputs may be converted back to electrical analogue
form by using digital-to-analogue converters.

It will be understood by those skilled in the art that matrix,
gain and filter means in decoders may be combined. rear-
ranged and split apart in many ways without affecting the
overall matrix behaviour, and the invention is not confined
to the specific arrangements of matrix means described in
explicit examples, but includes. for example, all functionally
equivalent means such as would be evident to one skilled in
the art.

The outputs of decoders will typically be fed to loud-
speakers using intermediary amplifier and signal transmis-
sion stages which may incorporate overall gain or equaliza-
tion adjustments affecting all signal paths equally. and also
any gain, time delay or equalization adjustment that may be
found necessary or desirable to compensate for the differ-
ences in the characteristics of different loudspeakers in the
loudspeaker layout or for the differences in reproduction
from the loudspeakers caused by the characteristics of the
acoustical environment in which the loudspeakers are
placed. For example, if the reproduction from one loud-
speaker is found to be deficient in a given frequency band
relative to the reproduction from the other loudspeakers, a
compensating boost equalisation may be applied in that
frequency band to feed that loudspeaker without changing
the functional performance of the decoder according to the
invention.

Especially, but not only in public address applications of
the invention, decoders may be fed to loudspeaker layouts
using loudspeakers covering only a portion of the audio
frequency range, and different loudspeaker layouts may be
used for different portions of the audio frequency range. In
this case, the directionally encoded audio signals may be fed
to different decoder algorithms for loudspeaker layouts used
in different frequency ranges by means of cross-over net-
works.

As with prior art Ambisonic decoders, it is a characteristic
of decoders according to the imvention that for any given
directional encoding specification, the matrix algorithms
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used to derive signals suitable for feeding to loudspeakers
depends on the loudspeaker layout used with the decoder, as
will be described in more detail below and in the appendices.

It is therefore desirable that the decoder should incorpo-
rate or be used with means of adjusting the decoder matrix
coefficients in accordance with the loudspeaker layout it is
intended to use with the decoder. so that correct directional
decoded results may be obtained. For example, as disclosed
in one of the inventors British Patent 1494751 filed 1574,
Mar. 26, prior art Ambisonic decoders for rectangular loud-
speaker layouts incorporated gains in two velocity signal
paths in decoders as a means of adjusting for different shapes
of rectangle, and in commercially available decoders this is
implemented by means of a potentiometer adjusting the gain
of two velocity signal paths whose settings are calibrated
either with pictures of the layout shape or with the ratio of
the two sides of the rectangle. In a similar way, one of the
inventors British Patent 2073556 filed 1980 discloses the
provision of gain adjustments in velocity signal paths in
decoders for certain loudspeaker layouts where loudspeak-
ers are disposed in diametrically opposite pairs.

In general, loudspeaker layout control means may con-
stitute a number of adjustable matrix coecfficients in the
decoder linked to a means of adjusting these in accordance
with an intended or actual reproduction loudspeaker layout.
The adjustment means may constitute potentiometers or
digitally or voltage controlled gain elements in analogue
implementations or a means of computing or looking up in
a table the matrix coefficients in a digital signal processor,
and a means incorporating these coefficients in a signal
processing matrix algorithm. ’

The method of adjustment may be in response to a control
menu specifying the shape of the loudspeaker layout, or one
or more controls adjusting analogue parameters defining the
loudspeaker layout shape, or a combination of these, or any
other well known means of adjusting parameters in signal
processing systems. The loudspeaker layout may be deter-
mined by geometrical measurements, for example with a
measurement tapé, or by any known automatic or semi-
automated measurement technique such as those used to
determine distance in autofocus cameras. In the automated
case, the results of the measurements may be used to
compute appropriate matrix coefficients, for example by
interpolation between the precomputed values of matrix
coefficients on a discrete range of loudspeaker layouts
computed by the methods indicated in the appendices.

In the prior Ambisonic art, the layout control adjustment
of matrix coefficients has the effect of altering only signals
represented reproduced velocity, but not signals representing
the reproduced pressure. In contrast, for many loudspeaker
layouts to which the present invention is applicable. includ-
ing those with more loudspeakers disposed across a frontal
stage than across a diametrically opposed rear stage, the
layout control adjustment of matrix cocfficients has the
effect of altering not only signals representing reproduced
velocity, but also signals representing the reproduced pres-
sure as well, as may be seen by computing the pressure
signal (which is the sum of the loudspeaker output signals})
for various loudspeaker layouts disclosed in the appendices.

The invention may be used in conjunction with the
methods disclosed in British Patent 1552478 to compensate
for different loudspeaker distances from a preferred listening
position in the listening area. The decoding matrices of the
present invention may be combined with time delays and
gain adjustments for the output loudspeaker feed signals that
compensate for the altered time delay and gains of sounds
arriving at the preferred listening position caused by unequal
loudspeaker distances from the preferred listening position.
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BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described in further
detail with reference to the accompanying drawings, in
which:

FIG. 1 is a diagram illustrating an encoding/reproduction
system;

FIG. 2 is a diagram illustrating the coordinate conven-
tions;

FIG. 3 is a polar response diagram for horizontal B
format;

FIG. 4 is a polar response diagram for full sphere B
format;

FIG. 5 is a diagram illustrating a forward dominance
transformation;

FIGS. 6 and 7 are diagrams showing alternative 5-speaker
layouts;

FIGS. 8 and 9 are diagrams showing alternative 6-speaker
layouts;

FIG. 10 is a diagram showing the architecture of a
B-format Ambisonic decoder for the layouts of FIGS. 6to 9;

FIG. 11 shows the architecture of a decoder for an
enhanced Ambisonic signal incorporating E & F channels;

FIG. 12 shows a rectangular speaker layout;

FIG. 13 shows a 2-channel Ambisonic decoder for the
layout of FIG. 12; and

FIG. 14 shows an example of a 2-channel Ambisonic
decoder.

DETAILED DESCRIPTION OF EMBODIMENTS

FIG. 1 is a block diagram illustrating a typical ambisonic
encoding/reproduction chain. An incident sound field is
encoded by a SoundField microphone 1 into B-Format
signals. The resulting WXY signals are applied to an
ambisonic decoder. The ambisonic decoder 2 applies to the
WXY signals a decoding matrix which derives output sig-
nals from weighted linear combinations of the W X and Y
signals. These output signals are then amplified by ampli-
fiers 3 and supplied to speakers 4 arranged in a predeter-
mined format around a listener 5.

The sound field microphone 1 is a one-microphone sys-
tem such as that currently commercially available from
AMS as the Mark IV SoundField microphone.

FIG. 3 shows the horizontal polar diagrams of the
B-format signals. As noted above, B-format can be extended
to include four full-sphere directional signals as shown in
FIG. 4.

As an alternative to direct encoding of sound using a
SoundField microphone. it is also possible to produce hori-
zontal B-format signals using a B-format panpot which
feeds an input signal directly to the W output with gain 1,
and uses a 360° sine/cosine panpot with an additional gain
2! to feed the respective Y and X outputs. This is described
in the paper by the present inventors *“Ambisonic Surround-
Sound Mixing for Multi Track Studios” Conference Paper
C1009. 2nd AES International Conference “The Art and
Technology of Recording”. Anaheim. Calif. (1984 May
11-14).

The ambisonic decoding equation used to derive the
loudspeaker feed signal from the WXY signals is determined
for a given loudspeaker layout in accordance with certain
psychoacoustic criteria formally represented by the
so-called Ambisonic equations. As described in further
detail below, these define different constraints appropriate to
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different frequency bands for the reproduced sound in terms
of the energy vector and velocity vector together with the
scalar pressure signal P.

The localisation given by signals emerging with different
gains g; from different loudspeakers around a listener can be
related to physical quantities measured at the listener loca-
tion. In particular, it can be shown that localisation given at
low frequencies by interaural phase localisation theories
below about 700 Hz is determined by the vector given by
dividing the overall acoustical vector velocity gain of a
reproduced sound at the listener by the acoustical pressure
gain at the listener. In the case of complex signals, the real
part of this vector is used. The resulting vector. for natural
sound sources. has length one and points at the direction of
the sound source. For sounds reproduced from several
loudspeakers, the length r,, of this vector should ideally be as
close to 1 as possible. especially for sounds intended to be
near azimuths +90°, and the azimuth direction 0, of this
vector is an indication of the apparent sound direction.

Between about 700 Hz and about 4 kHz (and these figures
are merely rather fuzzy indications). and also for non-central
listeners hearing mutually phase-incoherent sound arrivals
from different speakers below 700 Hz, localisation is deter-
mined by that vector which is the ratio of the vector
sound-intensity gain to the acoustical energy gain of a
reproduced sound. Again, for natural sound sources, this
vector would have length one and point to the sound source.
For reproduced sounds, the length 1, of this vector should be
as close to one as possible (it can never exceed 1) for
maximum stability of the image under listener movement,
and its direction azimuth 6 is an indication of the apparent
direction of the image.

These vector quantities can be computed from a knowl-
edge of the gains g; with which a sound source is fed to each
of the loudspeakers, as follows. Suppose one has n loud-
speakers all at equal distances from the listening position; let
the i’th loudspeaker be at azimuth 6; and reproduce a sound
with gain g, (While the theory can be developed for
complex gains g, we here assume that g; is real for
simplicity). The acoustical pressure gain is then simply the
sum

P= ‘:l: & )
i=1

of the individual speaker gains. The velocity gain is the

vector sum of the n vectors with respective lengths g

pointing towards azimuth 6, (i.e. towards the associated

loudspeaker), which has respective x- and y-components

(6x)
and
V= £ gsin®; (6)
i=1
Vo= ‘g g0t (6y)
i=1

By dividing this velocity gain vector by the pressure gain P,
one obtains a velocity localisation vector of length r,Z0
pointing in direction azimuth 0,, where

r,cos0,=Vy/P (7x)
r,sin6,=Vy/P. )

@, is termed the velocity vector localisation azimuth, or
Makita localisation azimuth, and is the apparent direction of
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a sound at low frequencies if one turns one’s head to face the
apparent direction. r, is termed the velocity vector magni-
tude and ideally equals one for single natural sound sources.
The two quantities 6, and r, are indicative of apparent
localisation direction and quality according to low-
frequency interaural phase localisation theories, with devia-
tions of r, from its ideal value of one indicative of image
instability under head rotations, and poor imaging quality
particularly to the two sides of a listener.

A similar procedure is used according to energy theories
of localisation, but with the square IgJ? of the absolute value
of the gain from each speaker replacing the gain g, The
overall reproduced energy gain is

E=% igd ®)
=1

and the sound-intensity gain is the vector sum of those

vectors pointing to the i’th speaker with length g/, which

has x- and y- components

no2
E.= X lgi cosb; ¢x)
=1

and

E =T lgisind; 9
=1

By dividing this sound-intensity gain vector by the overall

energy gain E, one obtains an energy localisation vector of

length ;=0 pointing towards the direction azimuth O,

where

rgcosb=E/E
rgsinz=E /E.

Oy is termed the energy vector localisation azimuth, and is
broadly indicative of the apparent localisation direction
either between 700 Hz and around 4 kHz, or at lower
frequencies in the case that the sounds arrive in a mutually
incoherent fashion at the listener from the n loudspeakers.

1y is termed the energy vector magnitude of the
localisation, and is indicative of the stability of localisation
of images either in the frequency range 700 Hz to 4 kHz or
at lower frequencies under conditions of phase-incoherence
of sound arrivals. As before with r,. the ideal value for a
single sound source is equal to 1. Because 1z is the average
(with positive coefficients Ig,*/(ZlgJ?)) of n vectors of length
1, it is only equal to 1 if all sound comes from a single
speaker. Generally 1 is less than 1, and the quantity 1-rg is
roughly proportional to the degree of image movement as a
listener moves his/her head. Ideally, for on-screen sounds
with HDTV, one would like 1-1,<0.02. but one finds that
typically for central stereo images with 2-speaker stereo that
1-rg=0.134, and for surround-sound systems that 1-r, lies
between 0.25 and 0.5.

For frontal stage stereo systems subtending relatively
narrow angles (say with stage widths of less than 60°), it is
found that the value of r, is not critical providing that it lies
between say 0.8 and 1.2, but that the value of 1z is an
important predictor of image stability. For surround sound
systems aiming to produce images at each side of a listener,
however, making r, equal one accurately at low frequencies
becomes much more important, since the low-frequency
localisation cue is one of the few cues that can be made
correct for such side-stage images, and the accuracy of such
localisation depends critically on the accuracy of r,.

(10x)

(10y)

20

25

30

45

50

55

65

12

It has thus been found that the localisation criteria for
front-stage stereo and for surround sound are somewhat
different in their practical trade offs.

For all methods of reproduction, it has been found that it
is desirable that the two localisation azimuths 0, and O
should be broadly equal, so that any decoding method
should ideally be designed to produce speaker feed gains g;
for all localisation azimuths such that

0,=9¢ (11)

at least for frequencies up to around 3% or 4 kHz. This
ensures that different auditory localisation mechanisms give
broadly the same apparent reproduced azimuth, especially in
those frequency ranges in which more than one mechanism
is operative. Equation (11), which is an equation relating the
quantities g, via equations (5) to (10), can be written in the
form

E.Vy=E,V, (12)

and is seen in general to be cubic in the gains g,. If equations
(11) or (12) are satisfied, there is a tendency for illusory
phantom images to sound more sharp and precise than if 6
and 6 differ substantially.

However. sharpness is not the same as image stability, and
additional requirements on r, and rp are necessary for
optimurm imaging stability. For surround sound systems, it is
highly desirable, under domestic scale listening conditions.
that

i a3

for all reproduced azimuths at low frequencies, typically
under 400 Hz, at a central listening location. However,
above 400 Hz, it is instead desirable that the value of 1z be
maximised. With some exceptions, it is generally not pos-
sible to design a reproduction system to be such as simul-
taneously to maximise ry in all reproduced directions, so that
in practice, some design trade off is made between the values
of rp in different reproduced directions. In general. for
surround-sound systems, I above 400 Hz is designed to be
larger across a frontal stage than in side and rear directions,
but not to the extent that side and rear sounds become
intolerably unstable.

The optimisation of g above about 400 Hz is partly a
matter of design skill and experience obtained over a period
of years, but some of this skill can be codified as informal
rules of thumb. It is generally highly undesirable that 1-1
should vary markedly in value for sounds at only slightly
different azimuths, since such variations will cause some
sounds to be much more unstable than other near by ones.
In general, it is desirable that 1z be maximised at the due
front azimuth or across a frontal stage, and it is desirable that
the values of 1 in other directions vary smoothly.

A decoder or reproduction system for 360° surround
sound is defined to be Ambisonic if, for a central listening
position, it is designed such that

(i) the equations (11) or (12) are satisfied at least up to
around 4 kHz, such that the reproduced azimuth 6,=0,
is substantially unchanged with frequency.

(ii) at low frequencies, say below around 400 Hz, equa-
tion (13) is substantially satisfied for all reproduced
azimuths, and

(iii) at mid/high frequencies, say between around 700 Hz
and 4 kHz, the energy vector magnitude rg is substan-
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tially maximised across as large a part of the 360°
sound stage as possible.

In large reproduction environments. such as auditoria. it is
unlikely that a listener will be within several wavelengths of
a central listening seat; under these conditions, the require-
ment of equation (13) is desirably not satisfied. although it
is still found that satisfying equations (11) or (12) gives
useful improvements in phantom image quality.

The Ambisonic decoding equations (11) to (13), plus the
requirement for maximising rz above 400 Hz, are in general
a highly nonlinear system of equations. Prior-art solutions to
these equations involved the use of loudspeaker layouts with
a rather high degree of symmetry, e.g. regular polygons,
rectangles, or involving diametrically opposite pairs of
loudspeakers but the new solutions in accordance with the
present invention apply to much less symmetrical speaker
layouts.

Previously, in finding solutions for the Ambisonic decoder
solutions have been selected such that the reproduced acous-
tical pressure gain P, as defined above had a directional gain
pattern as a function of encoded azimuth ¢ which was the
same at low and high frequencies, apart from a simple
adjustment of overall gain with frequency. In the presently
described decoders, by contrast, the values of the decoding
matrix is such that while the output from the speakers
satisfies the Ambisonic decoding equations. different direc-
tional gain patterns for the pressure signal P result at
different frequencies. A further characteristic of the decod-
ing matrixes is that they result in the magnitude of the
velocity vector r, varying systematically with encoding
azimuth O rather than being substantially constant with
azimuth as in previous Ambisonic decoders. In particular,r,
is made substantially to track rp in a mid-high frequency
range of e.g, 700 Hz to 4 kHz while in a low frequency range
up to e.g 400 Hz 1, is as far as possible equal to one.

It is found that the use of a decoding matrix having these
characteristics gives markedly improved image stability.
Moreover, it is possible in addition to find solutions for a
decoder to feed a loudspeaker layout incorporating addi-
tional central loudspeakers such as the five or six - speaker
layouts illustrated in the Figures. The derivation of solutions
for such layouts will be described in further detail below.

One characteristic of the Ambisonic decoding matrices is
that they increase the gain of those signals for which 1 is
lowest, which will typically be the rear-stage signals.
Accordingly. to counter this effect, the decoder is arranged
to apply a forward dominance transformation to the
B-format signal W,X.Y. This is a Lorentz transformation
which produces transformed signal components

WI=(A+A" W8 M (A-A-1)X
X=X+ 2 W

Y=Y 3)
W X' Y satisfying the above equation where A is a real
parameter having any desired positive value.

Tt follows from the above relationship that a due-front
B-format sound with W.X,Y gains of 1, 2/* and 0 respec-
tively is transformed into one with a gain A times larger
whereas a due-rear sound with original gains 1,-2"2 and 0
respectively is transformed into a rear sound with gain
multiplied by A", Thus this forward dominance transfor-
mation increases front sound gain by factor A whereas it
alters rear sound gains by an inverse factor 1/A and the
relative gain of front to back sounds is altered by a factor Az
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which allows the relative gain of reproduction of rear sounds
to be modified to reduce (or increase) their relative contri-
butions.

This use of forward dominance control is important in
various applications of B-format to HDTV. In a production
application. it can be used to de-emphasise sounds from the
rear of a sound field microphone while still giving a true
B-format output. However, it can also be used in different
reproduction modes relying on B-format input signals to
de-emphasise rear sounds. In particular. in the new B-format
Ambisonic surround-sound decoders of the present inven-
tion which may otherwise give excessive gain for rear
sounds can be compensated for by a judicious application of
a compensating forward dominance.

Besides altering the front-to-rear level balance. forward
dominance also alters the directional distribution and azi-
muths of sounds (other than those at due front and
directions). FIG. 4 shows the effect of forward dominance
with A=2"2, Without going into the detailed analysis. it can
be shown that an original azimuth 0 is transformed into a
new azimuth 6' given by the equation

+ cosd (4a)
o= [
o8 =T T iicosd
where
BV +1). (4b)

If A>1, then all directions are moved towards the front, and
if A<1, all directions are moved towards the back by the
forward dominance transformation of equation (3). The
width of a narrow stage around due front is multiplied by a
factor 1A, and of a narrow stage around the back is multi-
plied by a factor A, as shown in FIG. 4. by this
transformation. so that forward dominance is a kind of
B-format “width control” that narrows the front stage as it
widens the rear stage, or vice-versa. The relative front-to-
back amplitude gain A2, expressed in decibels, is termed the
“dominance gain”, so that A=2" is said to have a dominance
gain of +6.021 dB. This dominance gain causes images at
the sides (azimuths +90°) to move forward by an angle of
sin~'%4=19.47° in the B-format sound stage, via equation (4).

Although for simplicity the forward dominance transfor-
mation may be considered as a separate operation carried out
on the input W.X.Y signals, before the transformed signals
are applied to the decoding matrix. in practice both the
transformation and the decoder may be carried out by a
single matrix.

Considering now in detail the derivation of the coeffi-
cients for the decoding matrix in the enhanced Armbisonic
decoders, FIGS. 6-9 show typical speaker layouts which
will be considered for 360° surround-sound reproduction.
FIG. 6 shows a rectangular speaker layout using left-back
L. left-front L, right-front R, and right-back Rz speakers
at respective azimuths 180°-¢, ¢, —¢ and —180°+¢. supple-
mented by an extra centre-front C,. loudspeaker. FIG. 7
shows a similar 5-speaker layout, except that now the
azimuth angles +¢, of the front pair differs from that
180°+0,, of the rear pair, so that the L, L Ry and Ry
speakers form a trapezium layout.

FIGS. 8 and 9 show similar rectangle and trapezium
speaker layouts respectively, but this time supplemented by
a frontal pair of speakers C, and Cg at respective azimuths
+0c and —§.

There is already a long-known Ambisonic decoder for
B-format for the 4-speaker rectangular layout shown in
FIGS. 6 or 8, for which 6,~6,=0 for all encoded azimuths
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0. However, this decoder has identical 1. for due front and
due back sounds above about 400 Hz, and for square
loudspeaker layouts has 1 equal to 0.7071 in all directions.
which is not adequate for frontal-stage sounds for use with
TV. However, it is possible to show that for the rectangular
layouts of FIGS. 6 and 8, there are other Ambisonic decoders
that feed the additional frontal speakers so as to increase rg
for front-stage sounds, at the expense of slightly decreasing
1 at the sides and rear.

Although the speaker layouts of FIGS. 6 to 9 lack a high
degree of symmetry, they are still left/right symmetrical. i.e.
symmetrical under reflection about the forward direction.
We assume here that we are considering a left/right sym-
metric speaker layout in which all speakers lie at the same
distance from a listener. We seek to find for the various
speaker layouts of this kind those real left/right symmetrical
linear combinations of the B-format signals W, X and Y such
that the equations

0,=65=0

are satisfied for all encoding azimuths € in the 360° sound
stage. Having found all such solutions, the next step is to
find among those solutions ones with r,=1 for low frequen-
cies and those with maximised 1 at higher frequencies, and
to use a frequency-dependent matrix to implement these two
matrices in a frequency-dependent manner as an Ambisonic
decoder. The decoder architecture we now describe, and the
associated methods of solution described in Appendix A
works for quite general left/right symmetric speaker layouts,
although the numerical details of the solution process can be
extremely messy in particular cases, requiring the use of
powerful computing facilities.

In order to take advantage of left/right symmetry, it is
convenient to express the speaker feed signals illustrated in
FIGS. 6 to 9 in sum and difference form as follows:

(25)

L=MptSp
Re=M;—S¢
Ly=MgtSs
Re=My—5,
C=CptSe
Cr=CrSc

Because of the left/right symmetry requirement, at any
frequency one can write the signals Cg, S My, Sy, Mp and
S in terms of B-format in the following form:

(26)

S koY
Sp=kpY
Sy=k,Y
Crma Wb X
M,=a;W+bpX
My=a,W-bsX, @7

where k.. kp. kg, ac. 8, ag, b, b, by are real coefficients
(which typically will all be positive, excepting k. which
may be zero).

FIG. 10 shows the general architecture of an Ambisonic
decoder for the speaker layouts of FIGS. 6 to 9, based on
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equation (27). At the B-format input, there is provided
optionally a forward-dominance adjustment according to
equation (3) so that the relative front/back gain balance and
directional distribution of sounds can be adjusted. Each of
the three resulting B-format signals is then passed into a
phase compensated band-splitting filter arrangement. such
that the phase responses of the two output signals are
substantially identical. Typically for domestic listening
applications, the cross-over frequency of the phase-
compensated band-splitting filters will be around 400 Hz,
and the sum of low and high frequency outputs will be equal
to the original signal passed through an all-pass network
with the same phase response. For example, the low-pass
filters in FIG. 10 might be the result of cascading two RC or
digital first order low-pass filters with low frequency gain 1,
and the high-pass filters might be the result of cascading two
first order high pass filters with the same time constants,
with high frequency gain of —1; these filters sum to a first
order all-pass with the same time constant, and have iden-
tical phase responses.

The low-frequency B-format signals resulting are fed to a
low-frequency decoding matrix to implement equation (27)
for coefficients appropriate below 400 Hz (typically ensur-
ing that r,=1), and the high-frequency B-format signals are
fed to a second high-frequency decoding matrix to imple-
ment equations (27) for a second set of coefficients appro-
priate to the higher frequencies at which r, is to be maxi-
mised. The resulting low and high frequency signals C. S¢
(where it exists), Mg, Sp. My and S, are then summed
together and fed to output sum and difference matrices to
provide speaker feed signals suitable for the speaker layouts
of FIGS. 6 to 9. In the case of 5-speaker layouts such as
those of FIGS. 6 or 7, or in the case of 6-speaker layouts in
the case that C,=C =Cp., the S signals path and the top
sum-and-difference matrix in FIG. 10 may be omitted.

The use of phase compensation (i.e. phase matching) of
the band-splitting filters in FIG. 10 is found to be highly
desirable for surround sound decoders, since any ‘“phasi-
ness” errors due to relative phase shifts between signal
components are magnified by the large 360° angular distri-
bution of sounds, although in some cases, the use of filters
that are not phase matched may prove acceptable. It is also
clear that the architecture of FIG. 10 can be extended to 3 or
more frequency bands by using a three-band phase-splitting
arrangement with three decoding matrices, so as to optimise
localisation quality separately in three or more bands. Typi-
cally a three band decoder might have crossover frequencies
at 400 Hz and at or around 5 to 7 kHz so as to optimise
localisation in the pinna-colouration frequency region above
about 5 kHz.

It is also evident that, rather than bandsplitting into, say.
low and high frequency bands as in FIG. 10, other band-
splitting arrangements can be used, e.g. an all-pass path
feeding high frequency decoding matrix coefficients and a
phase-matched low-pass path feeding a decoding matrix
whose coefficients are the difference between the low and
high frequency coefficients. Similarly, part or all of the
output sum and differencing process might be implemented
in the decoding matrices before the band-combining sum-
ming process. Such variations on the architecture shown in
FIG. 10 are relatively trivial practical modifications that
would be evident to a skilled designer.

In particular, the forward dominance adjustment might be
implemented directly as modified coefficients a ., be. ag b,
ag, by rather than or in addition to an input forward
dominance matrix.

Besides possibly implementing forward dominance and
overall gain adjustments, the decoding matrices in FIG. 10
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will, in general, have matrix coefficients that vary with the
speaker layout in use. so that a typical Ambisonic decoder
implemented as in FIG. 10 will have a means of causing the
matrix coefficients to be altered in response to the measured
or assumed speaker layout shape and angles shown in FIGS.
6 to 9. This may be done by a microprocessor software
adjustment of coefficients. or by manual gain adjustment
means.

Appendix A below describes a general method for finding
decoder solutions having the properties discussed above and
Table 1 lists the values of the matrix coefficients for a given
layout, and also describes the performance of the decoder in
the different high and low frequency domains. Appendix B
goes on to describe specific analytic solutions for particular
layouts and Appendix C and Table 2 describe the low and
high frequency solutions for nine different 5-speaker lay-
outs.

As noted in the introduction above, as well as providing
an inherently improved front-stage image stability. the
Ambisonic decoders of the present invention also provide a
suitable basis for an enhanced decoder including additional
channels providing improved stability of and separation
between the front and rear stages. At the very simplest. in
such an enhanced system one can add one additional channel
signal denoted by E which incorporates a feed for a front
loudspeaker. Such an isolated centre front signal has been
found to be important in film and HDTV applications, in that
typically dialogue and other sounds from the centre of the
screen are more important than any other directions, and
experiments in using Ambisonics plus a front-centre speaker
feed have confirmed that such a method also works well in
cinema applications. However. having only a single sound
position that is highly stable proves rather inflexible and
unsubtle for many applications. Nevertheless, such an added
E channel in combination with B-format signals can yield
useful benefits. A second added channel F can be used
largely to cancel front-to-rear stage cross talk (which is
largely due to the Y -signal) and to widen the frontal stage.
In combination with E and the three B-format signals, the F
signal gives a frontal stage reproduction closely approxi-
mating 3-channel frontal stereo. Any sounds assigned to
such a high-stability frontal stage should also be encoded
conventionally into the three B-format signals so that users
discarding the E and F signals will still get B-format
reproduction incorporating those sounds.

In view of these considerations, the present example
provides a decoder for an enhanced B-format comprising up
to S signals W.X.Y, E and F for studio production applica-
tions in horizontal surround-sound with enhanced frontal
image stability. This encodes signals from azimuth 6 into the
five channels with respective gains

W with gain 1

X with gain 2'%cos6

Y with gain 2Y2sin@

E with gain k,(1-3.25(1—c0s8)) for I81=0 and gain 0 for

161>8¢

F with gain 2%k, sin6 for 161565, gain —2"%k, sin6 for

1180°—0I=0zand gain O for other 0
where 8 is a frontal stage half width. typically between 60°
and 70°, 8, is the rear half stage width, typically around 70°
and the gains k_ and k. may be chosen between zero (for pure
B-format) and a value in the neighbourhood of or equal to
one (for reproduction effect purely in the front and rear
stages). The co-efficient 3.25 may be subjected to slight
changes in value somewhere between 3 and 3.5. Enhanced
B-format thus allows, by variations of the gains k.. k. and
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k,, (which should preferably be roughly equal). the assigna-
tion of frontal stage sounds anywhere between pure
B-format and positioning in the front and rear stages. As a
production format. it allows reproduction in a large variety
of different modes.

For Ambisonic reproduction via 5 or 6 loudspeakers, FIG.
11 shows a typical architecture for decoding enhanced
B-format signals incorporating an Ambisonic decoding
algorithm as described earlier for pure B-format signals.
Across the frontal stage for k,=k=1. it will be seen that F=Y
and it will further be seen that for front centre sounds, W=E
and X=2'2E. Thus the signals

W-E
X-2"?E

and

Y-F (54)

equal zero and cancel for due front sounds. and Y-F
continues to cancel across the rest of the frontal stage,
whereas. as @ increases towards 60° and the gain of E falls
to zero and then becomes negative, the other two of the
signals of equation (54) become large. but in a manner that
causes very little output from rear speakers.

Thus the first step in an Enhanced B-format Ambisonic
decoder is to derive the “cancelled” signals of equation (54)
to feed a conventional 5- or 6- (or greater) speaker B-format
Ambisonic decoder, and to take the E signal and to feed it
with an appropriately chosen gain via a phase-compensating
all-pass network (to match the filter networks in the
Ambisonic decoder) to feed centre front loudspeakers
directly.

For azimuth zero sounds with k=1, this gives ideal
localisation of centre front sounds. For sounds at other
azimuths, the change of the sign of E’s gain towards the
edges of the frontal stage mean that the directly fed E signal
now tends to cancel the centre-front speaker feeds deriving
from the output of the B-format Ambisonic decoder, leaving
largely just the front left and right speaker feeds. If one then
provides the frontal speakers with a multiple of the F signal
(passed through another phase-compensating all-pass
network) as a left/right difference signal, the width of this
largely frontal stage reproduction can be given a desired
degree of left/right separation.

By this means, the architecture of FIG. 11. with initial
“cancellation” of the enhancement channels E and F from
the B-format signals before these are Ambisonically
decoded, and the provision of direct speaker feed signals. via
phase compensation networks, from E and F, can provide
substantially conventional 3-speaker stereo from frontal-
stage sounds with k =k=1. with relatively low crosstalk onto
rear speakers, provided that the Ambisonic decoder design is
a type having additional frontal stage speakers of the kind
described above such as in FIGS. 6 to 10. The cancellation
by E of a central speaker feed for encoded azimuths near
+60° can be adjusted for a given decoder design by a careful
choice of the direct speaker feed gains of the E signal. In
particular, while FIG. 11 shows the E and F signals as being
simply fed forward and mixed into the Cr., S and S signal
paths in a manner that is (apart from phase compensation)
independent of frequency, in a practical design, a judicious
feed of a small amount of E signal to the Mz and M signal
paths, and of the F signal to the S, signal path in small
amounts, possibly with a frequency dependence in the gain,
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can yield a small but useful improvement in the overall
performance of front-stage stereo sounds.

It will this be seen that the diagram of FIG. 11 illustrates
the structure of an enhanced B-format decoder only in its
most basic form, and that slightly more complex direct feeds
of the E and F signals, with the dominant components
feeding respectively Cr and Sc and Sp may be used to
optimise front-stage performance. possibly using gains that
vary somewhat with frequency.

In typical 5-speaker decoders, it is found that the gain of
the E signal fed to C is typically around gz=2. and the gain
f,. of the F signal fed to S, is typically around 1 to ensure
broadly *discrete” frontal 3-speaker stereo. These figures
vary somewhat with the Ambisonic decoder design and
speaker layout.

The function of the E signal is to increase the “separate-
ness” of the frontal speaker feeds, especially that of centre-
front, whereas the F signal has the effect of cancelling out
the left/right difference signal from the rear speakers and
increasing it at the front, thereby converting signals from
true Ambisonic surround-sound signals to ones dominantly
reproduced from a frontal stage.

The gains k, and k. that give predominantly discrete
speaker feeds at the front are around 1, and if one wishes to
keep rear speaker levels low for frontal stage sounds, it is
desirable to put k~=1. However, in general. an improved
localisation quality of phantom front-stage images is typi-
cally achieved not with k_=1. but with k_ having a value near
0.4 or 0.5, as is shown by computed values of 6, and 0, for
decoders of the form of FIG. 11.

The design of the best direct gains for the E and F signals
for each B-format Ambisonic decoding design, for each
speaker layout. is a matter of subjective tradeoffs of different
aspects of frontal-stage localisation quality by the designer,
and does not form a strict part of the system standards for
enhanced B-format, but rather a decoding option that may be
varied within quite wide limits. It is, of course, necessary to
ensure that reasonable results can be obtained, and the basic
architecture of FIG. 11 based on the 5- or 6-speaker
Ambisonic B-format decoders described in this
specification, or its minor modifications suggested above,
does broadly achieve the desired results of enhanced frontal-
stage image stability very similar to the use of separate
frontal-stage stereo transmission channels, while still incor-
porating full B-format surround sound signals in an eco-
nomical manner.

While the above has explained how decoders using addi-
tional channels E and F similar to those shown in FIG. 11
provide a greater “discreteness” and separation of front-
stage azimuthal sound with 10120, the same method also
reduces rear-to-front stage crosstalk across the rear stage
azimuths 1180°-61=06, when k, has a value near one. This is
because the subtraction of F from Y in such a rear stage has
the effect of doubling the gain of Y, thereby increasing the
left/right difference signal across both front and rear stages
by a factor 2, and the addition of substantially F to the front
stage difference signal cancels out the contribution F and Y
to the front stage.

It will be appreciated that instead of subtracting F fromY
at the input stage of the decoder of FIG. 11, it may instead
by preferred to add or subtract the F signal, after passage
through a phase-compensating network to match the phase
of the bandsplitting filters., with various coefficients directly
to the signals S, S, and Sy 50 as to achieve a similar effect.
Similarly, the subtraction of E at the input stages of FIG. 11
may be replaced, in whole or in part. by appropriate addi-
tions or subtractions of multiples of E, after phase-
compensation filtering, to Cg, M and M,,.
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The invention may also be applied to signals encoded by
methods other than B-format, and in particular to a direc-
tionally encoded signal conveyed via two channel encoding.
such as the two-channel surround-sound systems known as
UHJ, BMX or regular matrix. One example of such an
ambisonic decoder according to the invention for a rectan-
gular loudspeaker layout illustrated in FIG. 12 is now
described, although the methods here may be applied to
more complicated loudspeaker layouts also.

One method of encoding sounds assigned an azimuthal
direction 6 into two audio signal channels is that used in the
BMX system of encoding, whereby a first signal M is
encoded with gain 1 for all azimuths, and a second signal S
is encoded with complex-valued gain

£®=cosB+jsind X1)
where j=v-1 represents a relative 90° shift or Hilbert
Transform. The 2-channel example described here will be
described in terms of BMX encoding, although it will be
realised that similar methods apply to other 2-channel
encoding methods.

The psychoacoustic localisation theory described earlier
can be applied to loudspeaker signals with complex gains
rather than real gains g, by putting

r,cos0,=Re[V,/P]
r,in0,=Re[V,/P

using the saw notations for P, V, and V, in equations (5).
(6x) and (6y) earlier, where Re means “the real part of”. r,
and 0, in this case have similar psychoacoustic interpreta-
tions as in the case that g; are all real gains. The equations
(8) to (10) above may still be used to compute the locali-
sation parameters I and O as before, and the equations (11)
and (13) still define the desirable ambisonic decoding equa-
tions that we ideally wish a decoder to satisfy.

A new factor that must be considered for decoders with
complex speaker feed gains g; is the perceived “phasiness”
of signals. Phasiness is an unpleasant subjective effect
caused by phase differences between loudspeakers, which
causes broadening of illusory sound images, an unpleasant
change in perceived tonal quality, and an unplesant “pres-
sure on the ears” sensation. For a forward-facing listener, the
degree of phasiness effect may be quantified by the quantity

(X2)

g=imV,/P x3)

where Im means “the real coefficient of the imaginary part
of”.

While subjective sensitivity to phasiness varies among
individual listeners, it is found that the effect is objectionable
if the magnitude of q exceeds about 0.4, and is usually
acceptable if the magnitude of q is less than about 0.2. It is
further found that generally, phasiness is more objectionable
for frontal stage sounds than for rear stage sounds, so that it
is generally preferred that decoder designs be biased to
producing a frontal stage phasiness of less than 0.2
magnitude, even if this should mean a quite large phasiness
in the rear stage.

In the previous art described by one of the inventors’
British patent number 1550627, a means was described of
reducing phasiness for 2-channel ambisonic decoders using
rectangular or other loudspeaker layouts across a frontal
stage, at the expense of increasing it across a rear stage. The
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present invention, applied to 2-channel ambisonic decoders.
allows a lower phasiness and an increased value of 1 to be
achieved across the surround sound stage than was possible
with this previous art.

As noted earlier, in the previous ambisonic decoder art,
the reproduced pressure signal P was substantially a single
signal subjected only to a shelf filtering process to meet the
requirements of lower and higher frequency localisation,
whereas the present decoder uses a pressure signal P whose
polar diagram varies substantially with frequency, thereby
achieving at higher frequencies, a value of r, that is not
constant with encoded azimuth, but which instead roughly
tracks the variation of rp with encoded azimuth.

Denoting the respective rear left. front left. front right and
rear right loudspeaker feed gain by the symbols L. Ly Rp
and R, as in FIG. 12, and denoting the respective loud-
speaker azimuths with respect to a central listener by 180°—
. ¢, —¢ and —180°+¢. where ¢ is the half-width of the stage
subtended by the front speaker pair, one can design decoders
for this speaker layout as follows. First write

WA LgtL iR+ Rp)
XY~ LgtLpt RetRy)
Y AL g+l s~Rp—Ryg)
FY4-LgtL—RetRp) (X4)
Then it can be shown that 6,=0 if one puts F=0, and that
in this case
r,cos8,=Re(X /Wajcosd
r,sind,=Re(¥ /W )sing
F=Im(Y W gsing
and that further

X5)

LW XY
Lt WX Yo
Re=4 WX Y )
Ry=( WX Y2 (X6)

Moreover, in this case that F,=0 it can be shown that

P=2Wg4, V,=2X cosd, v,=yY sing

and that

&N

E=IWB+X PHY 2
E,=2(cos)Re(Xy W*)
E,=2(sind)Re(Y; W,*) (X8)

where * indicates complex conjugation. From these results,
the “psychoacoustic localisation parameters”™ r,, 1z 0,=0z
and ¢ can be computed via

reosB,=ENWF)

5100, =4 E W42}
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so that

roEZHE AW L) (X10)

and

v, (X1

W

+

2

FIG. 13 shows an example of an ambisonic decoder for a
rectangular speaker layout, which provides signals W ,. X,,.
and Y, derived via phase-amplitude matrices from input
signals M and S, in two separate signals paths at low and at
high audio frequencies (typically with a cross-over fre-
quency around 400 Hz) produced from the input signals via
phase-compensated band splitting filters as described earlier
in connection with FIG. 10. Such low and high frequency
signals W,, X, and Y, may then be fed to an output
amplitude matrix, such as in equ. (X6) above, to derive
output loudspeaker feed signals suitable for a layout such as
shown in FIG. 12.

By using two phase-amplitude matrices for the two audio
frequency ranges. it is thereby possible to optimise r, to
equal 1 in the low frequency range and to use a different
matrix so as to maximise £, and to minimise the effects of
phasiness q in the higher frequency range. It will be appre-
ciated that the band splitting filters need not preceed the
phase amplitude matrices, but may alternatively follow them
or be placed in the middle of the signal path of the matrices.
In particular, in practical implementations, it is often con-
venient for the relative 90° difference networks, which are
relatively complex and which form a part of any phase-
amplitude matrix, to precede the bandsplitting filters.

Also shown in FIG. 12 is an optional “forward domi-
nance” adjustment, which in general will differ from that for
B format given earlier, but which performs a similar function
of altering the gains and azimuthal distributions of different
encoded azimuth directions while maintaining the charac-
teristics of the particular locus of encoded directions char-
acterising the directional encoding scheme for which the
decoder is designed.

In the prior art, as described in British patents 1494751,
1494752 and 1550627, there is a known solution to the
ambisonic decoding equations for which 0=6,=0, for BMX.,
which may be characterised in terms of the above signals
W, X, and Y, as follows. Put X=cos0 and y=sinf. so that
¢/®=x+jy. Then the prior art solution is

2 Xa
re=@Wd)n E=2nt{ 14| =

Wko!=kgM
X =k, (x+jyYcost=k, S/cosd
Y =k (yjxyrkyf1Vsing

=[—kyiS+ka/MYsing, X12)
where the real gain constants k,, k, and k, are frequency
dependent, with k,=k, at low frequencies to ensure thatr,=1,
and with k; equal to between 0.5 and 0.7 times k, at high
frequencies, with k, equal to about ¥k, to help maximise £,
and minimise phasiness q.

It will be noted in particular that in this prior art solution,
in each frequency range r, is independent of encoded
azimuth 0, being equal to k,/k,. and that the pressure signal
P=2W, is simply the signal M subjected to a frequency-
dependent gain k,, without any variation of polar diagram to
encoded azimuth © as frequency varies.
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We have found new solutions of the ambisonic decoding
equations for BMX for which 6=8,=0,. These have the form

Wt M1,S=t, 41y(ety)
Xk (1M1, SYcosmky(~5;+1, (+y)Yoosd
Y A(~kojS+hojMYsin gk, (-jxyksiVsing, X13)

where t,. t,. k,. k, and k, are 5 real parameters chosen such
that

r,c088, =k, (1, -6 W (1, 2417+ 21 px)Er X X14)
and
F S0 =(hsty thpt )y (17 + 4 2y L)1, (X15)
so as to give 8=0,=0..
This is ensured by requiring that
katythot =k (1,2-5,7). (X16)

With this equation. the new BMX solution to the ambisonic
decoding equation 8=0,=0; has four free real parameters,
one of which merely represents the overall reproduced gain.
If t,#0. these solutions differ from the prior art, and if the
ratio of t, to t, varies with frequency, the resulting decoder
has a pressure signal P whose polar diagram varies with
frequency and such that r, varies with azimuth 6.
Solutions with r,=1 are given whenever

£=0, k=1

and

k2=th (XI7)
for any choice of k,, and such solutions are apt to the low
frequency audio region as explained earlier. At high
frequencies, it is found to be better that t,#0. Typically. the
pressure signal gain P=2W, is chosen such that at low
frequencies it tends to have an omnidirectional polar pattern,
but at high frequencies it is more sensitive to the back than
to the front.
The phasiness of this decoder is given by

a={(kati—kstsYHkatakat Y (1 45420 0). (X18)

We have found that the following values give a BMX
decoder with excellent high frequency performance:

1,=1, ,=-0.15, k,=0.5, k,=0.53915, k;=0.3360 (X19)
which satisfy the equation (X16) above, and also ensure that
g=0 for 6=1+45° azimuth, thereby helping to minimise phasi-
ness across a frontal azimuthal stage.

The values of the localisation parameters and total repro-
duced energy gain for this high frequency BMX decoder for
various encoded azimuths  are given in the following table
for a square speaker layout.
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0=0y=0: 1 g = gindB
0° 0.6765 —0.2390 0.6666 1.66
45° 0.6031 0.0000 0.5675 2.36
a0° 0.4780 0.4077 0.4176 3.69
135° 0.3959 0.6753 0.3303 471
180° 0.3696 0.7610 0.3040 507

with similar results for negative azimuths because of left/
right symmetry.

Compared to prior art BMX decoders via square loud-
speaker layouts, this decoder gives a lower rear-stage phasi-
ness for given values of 1.

Note from the above table that the values of 1z and r,
more-or-less track as azimuth varies. which we have found
to be generally desirable for good performance in ambisonic
decoder designs.

It will be noted that the reproduced gain in the above table
varies with azimuth. As in the earlier B-format examples of
the invention, a suitable forward dominance transformation
may be used prior to decoding, as shown in FIG. 13.to
compensate for such gain variation. A forward dominance
transformation that preserves BMX encoding is given by the
amplitude matrix transformation

M=Ya(1+w)M+Y2(1-w)S
S=YA(1-w)MAYA(14+W)S, X20)

where w is a positive parameter. This has the effect of
leaving 6=0° sounds with unchanged gains, but of multi-
plying the amplitude gain of rear 6=180° sounds by a factor
w, and also of altering encoded azimuths 0 to a new azimuth
©' given by the formula equ. (4a) where i is now given by:

p=(1-wPY (1 +w?) (21
As in the B-format case, the forward dominance matrix may
be combined with the phase-amplitude matrices.

The above BMX decoder is not only applicable to use
with rectangular loudspeaker layouts. since the output
amplitude matrix in FIG. 13 may be replaced with alterna-
tive output amplitude matrices described in the prior art in
British patents 1494751, 1494752, 1550627 and 2073556
for regular polygon, regular polyhedron or other loud-
speaker layouts comprising diametrically opposed pairs of
loudspeakers.

While BMX encoding has been used in the above descrip-
tion for ease of description, the same decoding method can
be used with other 2-channel directional coding methods.
and in particular with conventional amplitude-panned ste-
reophony. In this case. left and right speaker feed signals L
and R may be converted into BMX signals M and S suitable
for the above decoder by means of a phase-amplitude matrix

M=(IARYwW(L~R)

S=(L+Ry—jw(L~R) (X22)
or by a phase-amplitude matrix

M=(IAR)—w(L-R)

S=(L+Rytjw(L-R), X23)

where w is a positive stage width parameter which may be
predetermined or adjustable by the user. Again, this matrix
may be combined with the phase-amplitude matrices shown
in FIG. 13.
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The above-described decoder for conventional ste-
reophony may also be used with signals encoded for the
Dolby 2-channel cinema encoding method with advanta-
geous results, and for signals encoded for regular matrix
encoding.

While. for simplicity of description. the 2-channel
example of the invention has been discussed only in con-
nection with regular loudspeaker layouts. more complicated
loudspeaker layouts such as those shown in FIGS. 6 to 9 may
also be used. in which the signals P, V, and V, have the
forms already given in connection with equation (X13) and
(X16) for BMX. i.e. such that equ. (X16) hold and such that

P=2{t 4y (x4jy)]
V. =2k (—ty+t; (etfy))

V=2 (el (X24)

and in which other linear combinations of loudspeaker feed
signal gains are adjusted so as to ensure that 6=0,. By this
means, decoders for 2-channel surround-sound encoded
signals may be devised which feed 5- or 6-speaker layouts
such as shown in FIGS. 6 to 9 and which satisfy the
ambisonic decoding equations.

FIG. 14 shows the block diagram of a typical 2-channel
decoder satisfying the ambisonic decoding equations and
capable of feeding five or six loudspeakers arranged as in
FIGS. 6 to 9. It will be seen that such a decoder is broadly
similar to the B-format decoder of FIG. 10, except that it is
fed by a 2-channel encoded signal, which is then fed to a first
phase amplitude matrix which provides four output signal
components W,, X,. Y, and B, which typically represent
“pressure”, “forward component of velocity”, “leftward
component of velocity” and “pressure phase shifted by 950°”
signals. and these four signals are then bandsplit via phase
compensated low and high pass filters and fed into respec-
tive low- and high-frequency amplitude matrices. The out-
puts of these matrices are then handled in an identical
manner to that already described in connection with the later
stages of FIG. 10.

The four signal components are, in typical
implementations, related by B, being a nonzero imaginary
multiple of W, and by Y, being a nonzero imaginary
multiple of X,, and by being such that W, and X, are
“Yeft/right symmetric” encoded signals in the sense that their
gains as a function of encoded azimuth 6 satisfy

Wo-8)=[ W)}
X,(-OFX(0)]* (X25)

typically having the form

Wo(8)=a,+a,cosb+a,jsind

X(8)=b,+b,0050+b5j8in6, (X26)

where a,. a,. 5. b,. b, and b, are real coefficients.
For example. in the BMX case, one may have

Wo=M, X,=5, Y,=JS, BjM. x27)

For such signals W, X,. Y, and B, the low- and
high-frequency amplitude matrices in FIG. 14 will then have
the form
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Cr=acWatb X,
Me=apWytbpX,
My=agWythbeX,
Sc=keYat1cB,
Sp=kp¥ytlpB,

Sg=kpY,+15B, (X28)

where ac., be. ap, by ag. bg, ke, 1. ke L, Kp and 15 are real
coefficients, by analogy with equations (27) in the B-format
case, and where the output amplitude matrix in FIG. 14 is
given by equations (26) as in the B-format case.

Tt will thus be seen that in the two channel case. the broad
architecture of a decoder satisfying the ambisonic decoding
equations is similar to the three channel B-format case.
except that an input phase-amplitude matrix produces four
signal components to be processed rather than three.
Because much of the signal processing is similar. large parts
of the signal processing circuitry or algorithm may be
common to use for decoding from different 2-channel and
3-channel sources.

We now indicate how new decoder solutions according to
the invention may be derived for 2-channel directional
encoding systems other than BMX, including the UHJ
system. We consider systems of en coding sounds into a 360
degree range of direction angles 6, where typically and for
convenience of description. 6 is measured anticlockwise in
the horizontal plane from the forward direction.

Such systems encode directional sound into two indepen-
dent linear combinations (for example the sum L =Z+A and
the difference R=X—A) of signals ¥ and A with respective
gains

T=atbxtjcy
Asjd+jextfy

where a.b,c.d.e.f are real coefficients and where x=cos0 and
y=sin8. For example, in the UHJ 2-channel encoding system
described in M. A. Gerzon, “Ambisonics in Multichannel
Broadcasting and Video”, J. Audio Eng. Soc.. vol. 33 no. 11,
pp- 859-871 (1985 November). one has

X-29)

2a=0.9397, b=0.2624, c=0

d=-0.1432, e=0.7211, £=0.9269. (X-30)

Since such directional encoding systems use only 2
channels. all signals used in decoders are complex linear
combinatjons of just two signal components, which we shall
denote as W, and X, analogous in the general case to signals
with gains 1 and x+jy in the special case already described
of BMX. The analogous signals W, and X, are conveniently
chosen to be those signals used for the pressure and forward-
facing velocity components of a 2-channel decoding system
disclosed in one of the inventors British patent 1550628 for
a system with 2-channel encoding equations (X-29). The
signal X, may be multiplied by a real constant times j to
obtain a signal Y, and the signal W, may be multiplied by
a real constant times j to obtain a signal B, suitable for use
in a decoder for 2-channel encoded signals according to the
invention having the form shown in FIG. 14.

By way of example of a decoder according to the inven-
tion for a more general encoding system of the form (X-29).
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consider the case where the encoding system signals are
linear combinations of signals W, and X, with respective
gains

W=1, X;=x+jBy (X-31)
which generalises the BMX case by having a real factor B
not necessarily equal to *1, although in most cases its
magnitude will be fairly near 1 in value, for example in the
range 0.7 to 1.4.

In this case. we may implement a decoder according to the
invention for which

P=t, 11 (xtjBy)
vk {131 1, (e4/BY)}

vy =y {ko(yJB xyrkaj1} (X-32)

which are all complex linear combinations of W, and X,,. In
the case of decoders of the form of FIG. 13 for the same
rectangular loudspeaker layout of FIG. 12 described in the
BMX case, this may be done by putting

WF“ l”z("‘"jB)’)
X =k {—1,"" ((x+jBy) Heose
Y i { ey (-8 Xy koj1 Ysing

F 0, X-33)

which is a generalised version of equations (X13) of the
BMX case, except that here we have chosen to normalise k,
and k, differently by taking out an additional factor k,; this
is purely a matter of analytic convenience in the following.

Prior art known decoders for such encoded signals that
gave correct decoded azimuth 0, i.e. that had

Re{v/P]:Relv, /Pl=x:y, X-34)

all satisfied t,=0, and hence had a pressure polar diagram
that did not vary with frequency, and all satisfied k,=t,, and
thus had. at each frequency, values of r, which were inde-
pendent of encoded azimuth. However, as in the BMX case
above. the present invention allows decoders to be designed
substantially satisfying Eq. (X-34) for which the pressure
polar diagram varies with frequency and for which r, varies
significantly (by more than say 5% in value) with encoded
signal direction.
Computations using the above formulas then show that

X, P=4a( LBy H(1-B) (P, (%-33)

using the fact that x>+y>=1 for all directions 0, and that

Re[v,/PHE(Relv. P*1YI1PI?

Re[v/PY=(Re[v,P*IVIPP2, (X-36)
where

IPP=t, 24,5 14+-B2 1+, P4(1-BHP—7) (X-37)

Re[v PHVk,=—tsty iyt P (1B Ryt 2 (1-BPY PP+

28

(tatytits)x (X-38)

Re[v, PYVk =(kyty+kst, B)y.

Unlike in the BMX case, making the constant term in Eq.
3 (X-38) zero is not enough to make Re[v,/P]:Re[v,/P] pro-
portional to x/y. However, the term t,t,**(1-B?) (x*-y*) of
Eq. (X-38) is zero for azimuths B=*45° and *135°, and
typically causes only small reproduced azimuth errors for
other azimuths (being worst around 6=90°) since the coef-
ficient t,t,*(1-B?) is generally small compared to the
coefficient t,t,—t,t; of x.

For this reason, we may ignore the small term t,t,"*(1-
B%)(x%-y?) in Eq. (X-38). One then has reproduction of
sound substantially in the correct velocity vector azimuth 6
if and only if

(X-39)
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15

Re[v /P Re[vy/Pl=x:y,

20 which is then the case from Egs. (X-38) and (X-39) if

—t31 40,2 %(14+8% =0 (X-40)

25 and

(et =Rt s B). (X41)

Eqs. (X-40) and (X-41) are in turn satisfied if we determine

30 the normalisation factor k, by putting

t=ty (X-42)
35 So that from Eq. (X-40),
=Ya(1+8%) t, (X-433)
and substituting into Eq. (X-41) we find
40
1,2 1+B2)y =kt +est, B. (X-43b)

Thus Eqs. (X-42) and (X-43a) and (X43b) provide, for t, not
equal O, a more general solution to decoding W, and X, than
known in the prior art but sharing substantially the same
decoded azimuths. At low frequencies, where it is desirable
that r,=1, the older known solutions with t,=0 may be used,
and at higher frequencies above a psychoacoustically deter-
mined cross-over frequency in the region typically of 400
Hz, the decoder may use a nonzero value of t, giving a value
of r, which varies with direction, preferably being chosen so
as to be larger across the frontal stage of encoded directions
than across the rear stage, as in the BMX example given
55 above.
We may rewrite equations (X-33) as

45

50

Wty Wott, X,
60 X =k {—taWo+1,X, Y/cosd

Y =k {k Y54k, B, }Ysing

F=0, X44)
65 where W,, X,, Y,=—iB'X,, B,=jW, are of the general form

described above for genmeral decoders of FIG. 14 for
2-channel directional encoding.
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Although the UHJ encoding system does not strictly
satisfy equations (X-31). it may be decoded in a similar way
using

W,=0982Z+0.164jA
X,=0419Z-0.828jA

where a value B=—1.085 approximately gives a satisfactory
directional decoding.

It will be seen that for any 2-channel decoder satisfying
Eqs. (X-32) or Eqgs. (X-28) that the pressure signal is of the
general form

P=ay"*oxvjcyy (X-45)

and that the velocity signals v, and v, are of the general form

(X-46)
(X-47)

V,=max'+byrticxy
vy=jayl—jbyxtCyy

where the coefficients ay. by. Cy. ax. bx. Cx» 8y. by and ¢y
are all real. It is desirable for 2-channel directional encoding
systems having the form indicated in Bgs. (X-29) that
reproduced pressure and velocity gains be of the general
form of Eqs. (X-45) to (X-47) if the results are to have a
desirable left/right symmetry.

In general, decoders for 2-channel encoded signals of the
form of Eqs. (X-29) having larger r, and rz across a frontal
stage than across a rear stage will. as in the BMX example
given earlier, have an undesirable gain variation with
direction, with the less well localised rear stage sounds being
reproduced with louder energy than the frontal stage. As in
both the B-format and the BMX cases considered earlier. it
is possible to subject the encoded 2-channel signals to a
linear transformation which has very little effect on the
encoding specification of directions except that the direc-
tions themselves are altered slightly and changed in gain. In
the case of encoded signals W,, X, of the form of Egs.
(X-31), such a transformation produces transformed signals
W, X' of the form

W,'=a( 14w )W, Ha( 1-w)X,
Xp'=¥a(1-w)WoHa(14+w)X; (X-48)

similar to Eq. (X-20) for BMX, where w is a positive
parameter, and where w<1 if is desired to increase gains of
sounds at the front and reduce them at the back.

In a decoder, transformed signals W', X,' may replace
W, and X,. for example in Eqgs. (X-44), whenever it is
desired to adjust the reproduced directional gains. While this
directional transformation may be implemented as a com-
plex 2x2 matrix on the directionally encoded signals before
decoding, it is generally preferred if this matrix is either
combined with the phase amplitude matrix in the decoder
that derives the signals fed to the low and high frequency
amplitude decoding matrices, or is implemented as a real
linear matrix on signals such as W,, X,, Y, and B,. Such
preferred implementations avoid having to use additional
phase amplitude matrixing, which is generally more costly
and harder to do well than simple amplitude matrixing, due
to the use of and need for relative 90 degree phase difference
networks.

The invention may be applied using the methods and
principles described in more complicated cases than those
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decoders explicitly described in the examples. For example,
the invention may be used with loudspeaker layouts having
seven, eight. nine or more loudspeakers disposed in a
left/right symmetrical arrangement around a listening area.
The structure of such decoders is identical to that described
with reference to FIGS. 10, 11 and 14. except that additional
pairs of signals M, and S, are provided for feeding any
left/right symmetric additional pairs L, and R, of speakers.

Such layouts with further loudspeakers again preferably
have a greater number of loudspeakers across the frontal
reproduced stage than across the rear reproduced stage so
that the reproduced value of 1 is larger for frontal stage
sounds than for rear stage sounds, and again it is preferred
that the values of r, and r as a function of encoded sound
direction should roughly track each other.

With such increased numbers of loudspeakers, the
B-format enhancement signals E and F may as before be
added to and subtracted from respective M, and S, signals so
as to increase the separation among front stage loudspeakers
and between front and rear stages.

Such decoders are designed by exactly the same methods
described in Appendix A and D in the 5 and 6 speaker case.

APPENDIX A

Solving Ambisonic Decoding Equations

We illustrate the method of finding the general left/right
symmetric B-format decoder solution to equation (25) with
reference to a decoder for the 5-speaker layout of FIG. 7.
assuming speaker feed signals of the form given by equa-
tions (26) with (27). A direct computation using equations
(5). (6). (8) and (9), yields from equations (26)

P=CA2M+2M, (28a)
V,=Ct2Mpcosh—2Mpcosds (28b)
V, =28 psindyrt 25,5100 (28¢)
E=C 2+ AMPHS 2 +Mp2+S57) (29a)
E=Ce UM 45" xoshe—2(Myg™+55°)cosdy (29b)
E,=4MpSpsindp+4MpS psinds, (29¢)

where, by a slight abuse of notation, we use the same
symbols to represent the gains of signals for a given encod-
ing azimuth © as we do to indicate the signals themselves.

The quantities P, V, and V, of equation (28) are all
lefi/right symmetric real linear combinations of W. X and Y.
In particular, from equation (7). the requirement that 6,=0 as
in equation (25) implies that

ve v=XY, (30a)
so that we may put

V=2gX (30b)

V,=2%28Y (30c)

where g is an overall gain factor. In order to simplify the
equations following. we shall set

&=1 (30d)

so as to avoid repeating a lot of factors g in the analysis;
however, it will be necessary to multiply the overall decoder
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coefficients thus obtain in equations (27) by an overall gain
g afterwards. in order to obtain a desired overall gain of
reproduction. In particular. it is desirable to match the gains
of low and high frequency Ambisonic decoding matrices so
as to ensure a flat overall frequency response.

Substituting equations (28) to (30) into equation (12). we
get

YICP+2M P +8 2 Yoosp—2M5"+5 57 Jcosbp FAXIM pSpsingp+
MpS psindp].

substituting Sy=k,Y and Sg=kpY into this from equations
(27). and dividing both sides by Y (which means discarding
the exceptional solution Y=0 to equations (25). which only
applies for azimuths 0° or 180°). we get

CA+2UM Pk Y YC p—2(Mp +hig? Y2 )C 5=AX Tk pM s -k pM ps ), (31)

where to reduce notational clutter, we have written

Cp=cosdp, sp=sindr
Cp=costy

and

s5=singp, (32)
But from equation (2), Y2=2W>-X?, and from equations
(28b). (30b) and (30d).

C=22X-2M pcp+ 2M gc 5, (32b)

so that substituting into equation (31) gives

(X=22M pc prt- 2 2 Mge g +M P Mo gtk cp—k g c (2 W2 X2 =
2X(keM 5tk gM ps ),

which. for an arbitrary real constant a. may be rewritten in
the form

[Mp*(2cptL)cp+Mg?(2c51)cy—4cpc M pMgl-2X[ (kpspt 2V
26 M pr{fips g2 )M g X =2(kp cyky cp) WoHO- 1+

kplcpkgicn) X2 (33)

For a suitable choice of o, to be determined. the left hand
side of equation (33) can be factorised. and the right hand
side of equation (33) can also be factorised provided only
that the coefficients of W? and X are of opposite signs. By
setting factors on the two sides equal to each other, we find
solutions to the decoding equations (25) which are of the
form given by equations (27).

The first step in factorising the left hand side of equation
(33) is to factorise the first term in square brackets, i.e. to
write it in the form

(oM et M) (B MM ), (34
where for convenience we choose to put
=B pavi2crtlicel, 35)

which is real provided that [¢,<90°. Putting
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a=cp(2cptl), b=2crcp

and

c=ca(2cp~1) (36)

we find by solving a quadratic equation that the factorisation
equation (34) equals the first square bracket term on the left
hand side of equation (33) provided that

o=P=va (37a)
p=l-b—V(b?-ac)a (37b)
By=|-t+v(bR—ac)Wa 37c)

which are real. so that a factorisation exists. only if b*Zac.
The left hand side of equation (33) can thus be written in
the factorisable form

(LM prt O pM gt 0 XN B M B sM gt PxX) (38)
if we have

Oxfprt ByOp=—2kps 22 c) (39a)

OBt Byt g=—2(k 552" 2 p( (39b)
and we put

o=0yPy. (39¢)

Given k, and k. one can solve the linear equations (35a)
and (39b) in o, and By. giving:

_ [=2krs + 22cr)lon — [-2kass — 2\ Pep)]oF (40a)
ox= Brows ~ Beour

_ [=20kpsp + 21Pcg)Bp — [-2knsp - 2ca)IBr (40b)
Px= oPs — asBr ’

from which o can be computed via equation (39c¢).
Thus, we can factorise both sides of equation (33) and
write:

(0 M0t aM gt O X(B oM ot B sM gt B X=(—C)YXEBW] (€Y

1(sgnl Y YXEOW] A1)
where
y=vIrl (42a)
where
=Py 1+ crkscy
and
S=VR2(kPcpkpcy) (42b)

provided only that the coefficients of W? and X on the right
hand side of equation (33) do not have the same sign, where
C is an arbitrary nonzero coefficient that can be chosen
freely.
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If we select a value of k. then the value of ky can be
computed from equations (28c¢), (30c) and (27) to be given
by

kg=(2 ks p)ss. (43)

Thus. specifying a chosen value of kr and C, and a choice
of the + signs in equation (41) allows us to put

B M B M 5t X=(—C) " (sgul )| YA EEW], (44b)

and

O pM 0t pM gt O X=(—C([YX 1O W} (442)

and equations (44) thus form a pair of simultaneous linear
equations in M. and M. whose solution expresses M, and
M in the form of equations (27). Having solved equation
(44) and My and My, equation (32b) can then be used to
express Cg in the form of equation (27). Thus. given an
arbitrary choice of the coefficients k;. and C. a choice of the
sign # in equation (44), this completely solves the problem
of finding a B-format solution of the form equation (27) to
equation (25), provided only that the coefficients of W2 and
X? in equation (33) (which depend only on the choice of k)
do not have the same sign.

We have implemented a numerical program to determine
solutions to the B-format Ambisonic decoding equations
(25) to (27) for 5-speaker decoders using the above solution
algorithm, with input user parameters ky, C and the sign
Tt has been found that the behaviour of the resulting solu-
tions behaves in quite a singular way particularly as kp
varies near the values for which the coefficients of W* or X*
in equation (33) become equal to zero. It turns out that
subjectively desirable solutions tend to be quite close to
these singularity values, so that a first step in finding
solutions is to determine what values of k. cause either
coefficient of W2 or X* in equation (33) to equal zero, and
to ensure that either k. exceeds the larger such value or is
smaller than the smaller such value in order that the signs of
the W2 and X? coefficients differ.

Exploring the values of 1, and r of different solutions, it
has been found that the sign of + in equations (44) should be
chosen to be the upper sign, that k. should exceed the largest
“critical value” for which one of the coefficients of W? and
X? in equation (33) equals zero, and that C should be
positive, typically between 0.5 and 2.

A low frequency solution with r,=1 in all directions may
be found most easily by noting that P has the form

P=apW+bpX (45)

computed via equation (28a). and that r, =1 for all directions
if an only if
ap=2

and

bp=0. (45b)

Thus a low frequency solution can be found by varying kr
and C until equations (45b) are found to be satisfied; such
values can be found by a numerical “hill climbing” or
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Newton’s algorithm method. We have found that generally.
there are to such 1,=1 solutions within the chosen desirable
range of parameters k., C and . and that the one with larger
k. generally gives larger values of rg. and so is more
desirable.

As explained earlier. finding a high frequency solution
maximising I is a more subjective thing, since rg cannot
simultaneously be maximised in all directions. However. it
has been found that typically. excellent results are obtained
by choosing values of k; and C in the desirable range of
values such that apapproximately equals

a,=872, (45¢)

which gives r,=0.7071 for azimuths 6+90°. The choice of b,
is less clear, but in general. b, at high frequencies is
preferably chosen to be a negative coefficient such that for
0=0°. the outputs from the L, and R, speakers are close to
or equal to zero. and at least 20 dB below the outputs from
the frontal loudspeakers.

In doing designs of Ambisonic decoders for any given
layout shape, (i.e. given ¢z and ¢p) . the values of k, and C
are varied and for each such choice of values, it is desirable
to compute a, and bp, and also the coefficients in equations
(27). and additionally Do compute the speaker feed gains,
the energy gain E (in decibels), and the values of the
psychoacoustic localisation parameters r,. 0, Iz, and 6 for
each encoded azimuth © (selecting perhaps typical values
say 0°, 15°, 45°, 60°. 90°, 135° and 180°—there is no need
to examine negative azimuths. since the results are left/right
symmefrical). One should, of course, have 6,=0;=6, so such
computations provide a useful check that the above algo-
rithms have been computed correctly.

It is then possible to see how 1 in particular varies with
azimuth so as to select a good choice at high frequencies.
However, satisfying equation (45c) and ensuring that
Lg=R,=0 for 6=0° provides a reasonable ‘“automated”
choice of high-frequency decoder. As with the r,~=1 low
frequency solution, however, there are generally two such
solutions, and the one with larger k,. is generally found to
have better r,, and 1 performance.

By way of example, in Table 1, we show the computed
results of an analysis and decoder design for the case 9=45°
and $z=50°. both for the low frequency 1,=1 solution and the
high frequency solution satisfying equation (45c) and having
rear-speaker outputs equal to zero for 6=0. It will be noted
that r; is larger at the front than at the back, and is usefully
larger over a frontal stage than the typical value 1,=0.7071
encountered for prior art Ambisonic B-format decoders.
However, this example also illustrates a typical defect
encountered with S-speaker and 6-speaker decoders
designed according to the methods herein—namely that
those directions for which ry is largest (and for which high
frequency localisation is best) are reproduced with the
lowest gain and those for which 1, is smallest (and for which
localisation is poorest) are reproduced with the highest gain.
This is clearly undesirable.

In order to overcome this problem, it is necessary to use
forward dominance to help reduce the gain of back sounds.
Typically. the degree of forward dominance applied will be
that which compensates for the difference in total energy
gain between due front and due back sounds, at high
frequencies, thereby giving equal gains in the front and back
stages. The price paid for using forward dominance to
compensate for gain variations in the decoder is that the
reproduced azimuth 0,=6; no longer equals the encoded
azimuth 8, but a modified azimuth €' given by equations (4).
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For forward dominance, this generally results in a narrower
reproduced frontal stage. This is often desirable, since it
helps to narrow the rather wide frontal Ambisonic stage to
be a better match to the rather narrower frontal stage
encountered with stereo reproduction systems using np
frontal stage channels and ng rear stage channels, and helps
improve the match between the directions of sounds and
associated visual images with HDTV.

In general. such additional forward dominance need not
be implemented as a separate pre-decoder adjustment as
shown in FIG. 10 (although such additional adjustment can
be a useful listener control), but may preferably be imple-
mented as altered coefficients a. be. ag. by, ag and by in the
decoder matrices implementing equations (27)—there is no
need to alter the Y coefficients since these are unaffected by
forward dominance adjustments. The modified coefficients
ac. bc. ag. by, ag and by may be derived from the
computed coeflicients a to bp as follows: First compute the
values (46a)

ac+22be, a—2Y%b, (462)
then multiply them respectively by A and A~'. giving

¢'=Mact2"?bo), c"=(ac=2""b Y} (46b)
and finally compute the modified coefficients

ac=Hcc) (46¢)

bo=(c'~c"¥V8 (46d)

Identical computations are used to compute the other
coefficients, simply by replacing the subscripts C in equation
{46) either by F throughout or by B throughout.

In addition to using forward dominance with gain A2 to
compensate for the difference between front and rear gain at
high frequencies, it is also desirable to adjust the overall gain
of (say) the high frequency decoder to match that of the low
frequency decoder. Since in general the way gain varies with
encoded azimuth will not be identical at low and high
frequencies, in practice it is necessary to choose a particular
azimuth (say 0,=45°) at which to make the gains of the low
and high frequency decoders identical. Such an application
of dominance and gain adjustment finishes the design
procedure, and it is only necessary to check that for the
average of the low and high frequency coefficients in equa-
tions (27). that the computed values of 0, and 8, do not
deviate markedly from their values at low and high
frequencies, to ensure that the decoder of FIG. 10 continues
to perform well in the cross-over frequency range. It is found
that 6, does not vary in the cross-over range thanks to
equations (30b) and (30c). and that 8 differs from 0, in that
frequency range only by an insignificant fraction of a degree.

Very similar design methods are used for decoders for
B-format decoders for six speakers, with a similar use of
factorisation of two sides of an equation similar to equation
(33). The main difference is that there is an additional free
parameter k. (see equations (27)) in addition to k- and C, so
that optimisation of decoder designs (including the r,=1 low
frequency case and the a,=8%% high frequency case) involves
trying to maximise rp over a wider range of design
parameters, and in doing such designs it helps to have
interactive computing facilities so that the way decoder
performance alters as parameter values change can be exam-
ined interactively. Alternatively. by putting k.=0. similar
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design methods to those used in the 5-speaker case can be
used. with only relatively small changes in formulas from
equations (28) onward. However. a 6-speaker decoder
design with k=0 will not necessarily give the best possible
performance.

APPENDIX B

Special Solutions

The complexity of the analytic solutions for general
speaker layouts motivates a search for Ambisonic decoder
solutions that are analytically simple, for 5 or 6 speakers.
Such simple solutions exist for the special case, illustrated in
FIGS. 6 and 8. for which the L, L. R and R g loudspeakers
lie on a rectangle. These special cases are of considerable
interest in their own right. Here we give the results we have
found. derived by methods involving factorisation similar to
those used in the last section. We omit full details of the
derivations of these results.

‘We introduce, for rectangle speaker layouts, the notations

Wobo(LgtL p+RertRp)
X=¥{-LptLetReRp)
Yol L gL pReRy)

FyYa(~Lg+Lp—R+Ry) (47)

The matrix equation (47) is a 4x4 orthogonal matrixing. and

its inverse is

Ly~ Wo—Xo+Yo—F(hd 0)
L= Wo+Xo+Yo+Fo)
Re=AWotXo—Yo+Fo)

(48)

Ry=Yawg—Xo=Yo+Fo).

If we require that equations (30) hold for decoders for these
layouts, it is found that the following solutions exist to the
Ambisonic decoding equations:

7.1 4-Speaker Decoder

This solution has

C=S.=0 (giving no output from frontal speakers)
F=0

Wk, Wk, X

X=X/(2"Pcosd)

Yo Y/(22sind), (49)

where preferred decoders generally have k,=0. and where

k=1 (49b)
for the low frequency r,=1 solution, and
k=2 (49¢)

for the high frequency solution. This solution is the well-
known Ambisonic decoder for a rectangular speaker layout
described in the prior art Ambisonic literature.
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7.2 Cp=W, solution
For both 5- and 6-speaker layouts, this solution is char-
acterised by the equations

F=8.0
C=W,
Y =Y/(2 2sing) (502)

and, for the S-speaker case

Xo=[2""X-C¥(2cosp) (50b)

or for the 6-speaker case

Xo={2Y2X~2c0s0Crl(2c0sd). (50¢)

For the 5-speaker case, put

wo=Y(kywHepx( (50d)

and for the 6-speaker case, put

woYalk, wtk,X), (50d)

where in both cases, the r,=1 low frequency solution has

k=1, k,=0. (50¢)

This solution generally has very bad rg for rear azimuths,
so is not generally recommended. The “best” values of k,
and k, at high frequencies do not give such a good rz even
for azimuth 0° sounds as solutions described below, and
considerably worse 1 at the rear.

7.3 Forward- and Backward Oriented Solutions

7.3.1 5-Speaker Case

This satisfies the equations

_ k cosd 1 E1))
C c (\l—z Wimx)

B k cosp _
Wo = V_(C+Csm2¢ )W+

kcosy 1 k
(C_ Csint ) cosp X 2W2cosg X

Xo = (2Y2X-Cri(kos$)
Yo = Yi(2Yising)
Fo = k¥/(2V2sind),

where k is a free parameter and C' a nonzero free parameter,
and the forward-oriented solution is that with the upper
choice of signs in equations (51) and the backward-oriented
solution is that with the lower choice of signs. The forward-
oriented solution is found to be subjectively far more
satisfactory than the backward-oriented solution or the
C=W, solution, and superior to the 4-speaker solution
across a broad frontal state of azimuths.

The low frequency r,=1 solution can be shown to be given
by the formulas

10

15

20

25

30

as

43

50

55

65

38
P = 1 (51b)
2
cosp cosd
6 oS +\J(6 TS ) +1
c = asyNs.

The value of our earlier parameters k. and ky is given in
this case by

kp=ta(1+kY(2V%sing)
kg=a( 1-k)/(2V2sind). (51¢)
7.3.2. 6-Speaker Case
This special case satisfies
S¢ = 0 (52)
CL = Cr=Cr= (2E0¢C)_”2 ( colsq; X )
_ osd
Wo = (200860) m[\l_ (c+ o )W+
(o koot + —
( T Csinkg ) cosh 2172 cost
Xo = (212X - 2cosdc Cry(2cost)
Yo = Y(2Vising)
Fo = kY/(2Y2sing),

where k and C' are free parameters. with C'#0. and the
forward-oriented solution is that with the upper choice of
signs in equations (52), and the backward-oriented solution
is that with the lower choice of signs. As in the 5-speaker
case, the forward-oriented solution is found to be subjec-
tively far more satisfactory than the backward oriented
solution of the Cp=W, solution, and superior to the

‘4-speaker solution across a broad frontal stage of azimuths.

The low frequency r,=1 solution can be shown to be given
by the formulas

0 = 1 (52b)
2
cosd cos
—_— —— 1
4 cosdc sin%d +\l (4 cosde sind ) *
C = 12(11k) (cospo)l/2.

The rectangle cases dealt with in this Appendix. with
$=0,=0 are rather special in that the 4-speaker and C;=W,
solutions arise in the special case that the coefficients of both
W2 and X? in equation (33) (or its 6-speaker equivalent)
equal zero. There is no counterpart to these special solutions
in the non-rectangular case. However, the solutions consid-
ered in subsection 7.3 are special cases of the general
solutions discussed in section 6, distinguished only by virtue
of the relative simplicity of the form of the solution.

The fact that there are a number of quite distinct families
of solutions for Ambisonic decoders for specific speaker
layouts seems to be quite a general phenomenon. For
example, there are two distinct solutions to panpot laws for
three speaker stereo such that 0,=0.. For speaker layouts
even more elaborate than the five or six speaker layouts
considered here, the structure of the space of solutions to the
Ambisonic decoding equations can be quite complex, and a
computer search among the solutions is required to identify
those having the best rz behaviour.
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APPENDIX C

Numerical Results

Table 2 lists a range of low and high frequency designs for
9 different 5-speaker layouts computed by the methods of
appendices A and B, including forward dominance to com-
pensate for front/rear gain variations and a gain adjustment
of the high frequency decoder to ensure that it has the same
gain at reproduced azimuths 45° as the low frequency
decoder. The cases ¢=35°. 45° and 55° and ¢—¢=5°. 0°
and —10° are listed. Because both the low and high fre-
quency decoder matrices are chosen according to “objec-
tive” criteria, it is possible to use quadratic interpolation to
derive 5-speaker Ambisonic decoders for other intermediate
values of ¢ and ¢5—0-

It has been found, however, that low frequency r=1
solutions do not exist for all angles ¢, ¢p. For example, for
the values ¢-=35°% $z=55° there is no r,=1 solution. In
general, such low frequency solutions are found to exist for
05=¢. but in general, ¢ cannot be more than about 10%
or 15% larger than ¢, before an r,=1 solution can no longer
be found. In cases where the r,=1 solution does not exist, one
should seek to use a low frequency solution having as large
a value of 1, as is possible if this still gives a greater r, than
at high frequencies.

The attainable value of r at high frequencies for front
stage sound is clearly enhanced by the use of the 5-speaker
decoder. as seen in Table 2. as compared to similar 4-speaker
rectangle decoders, thanks to the significant output from the
C- speakers, with rg typically being increased from 0.7071
for a square layout to around 0.835 when a C, speaker is
added. This almost halves the degree of image movement for
front stage sounds. It will be seen that the value of 1 at the
sides and back is not drastically reduced, although the
average value for rp over the whole 360° stage is mot
increased, and in fact is slightly reduced.

Thus. although the value of 1 at the front is not brought
up to ideal values very close to 1. the use of a 5-speaker
Ambisonic decoder provides an improved image stability, as
compared to previous designs. without giving an unaccept-
able loss of the rest of the surround sound 360° stage. Thus
a 5-speaker Ambisonic decoder designed as here described
matches TV use a great deal better than earlier decoders, and
makes good use of just three transmission channels.
although there is still a need for enhancing front-stage
results by adding extra transmission channel signals.

The use of six speakers gives a further improvement of 1z
at the front, improving image stability further, while still
giving reasonable values or 1 (typically around 0.6) around
the rest of the sound stage, as the Ambisonic decoder
solutions listed in Table 3 illustrate. The degree of frontal
stage image movement of the 6-speaker decoder is typically
only 40% of that encountered with 4-speaker decoders.
Where possible, the use of six speakers is preferable to five
in terms of frontal image stability.

APPENDIX D

Six-Speaker B-Format Solutions to Ambisonic Decoding
Equations

Here we outline the general solution to the 6-speaker
Ambisonic decoding equations for B-format signals for the
speaker layout of FIG. 9. analogous to the 5-speaker solution
given in Appendix A. Except where explicitly defined
otherwise, all notations are those of the above text and will
not be redefined here.

Use the notations ¢=cos¢,. and S=sin¢. and t=tand.
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For the 6-speaker decoder, we assume that we seck
solutions of the form of equations (26) and (27). where we
assume that we start the design by assuming values of the
parameters k¢ and k.. Then the quantities P, V.. V. E. E,,
E, are given by

P=2(CotMptMp)

VE2eLrrepMp—cpMp)
V,=2(scSc+$rSptsaSpF2sckertspkpts phg) Y
E=ACe+S M +8 2 +Mp2+S 5%)
=2ACAHM P M P Uk P+ +hg )Y
E=ACAHS et AME+S e UMp™+S5° )5
E~(s.CpScrtspM pSp+ssMpSp)
=A(sckcCptspkpMptsghpMp)Y. (Al

Putting by analogy with equations (30)

v=212X

v,=212Y (A2)
and ensuring that 0,_¢.=0 by setting

EV,=EV,, (A3)

we get from equations (Al) by dividing by Y (and hence
ignoring the very special solutions with Y=0)

ClectMpPcpMyc ok otk scomkp e g =2schcCpts ph-
(Ad)

AMptsgkpMp)X.
From equation (A2) and (Al). we have (A5)
CrA2 ™ x—cpMptcpMp)ee (A5)
and also from equation (2) that
=2W-X2. (A6)

Substituting these into equation (A4), we get

(T X—ceMprcoMpiiectepM P—cpMp Hk e e
kgl p2WP—X2)y=2{(2 K —~cpMptepMp cic+sph pMprts gh-
Mp)X (A7)
Note that from equations (Al) and (A2). particularly the
equations for V,, that k, is given in terms of k. and k. by

kg=(2 s ckcspkp)sp. (A8)
Then equation (A7) can be rearranged to give
2, (A9)
[cp( = +1 )Mpz— — MrMa+

cs
e _
B C

1 )MBZ]+X[(—21’2:—Z —ZTFkF+ZCFkCtC)MF+
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-continued

(2“2—2—‘:_— —Zfdcg—lcakctc)Ma]+m2=AW+FX2

where o is an arbitrary constant to be chosen so that the left
hand side of equation (A9) factorises. and where

A=k cpk 2cckicr) (Al02)

and

Teo-2e chPeathsepkyo 2kt (A10D)

The first square-bracketed term on the left hand side of
equation (A9) can be factorised in the form

(oM 40 pMp) B M 4B 5Mg)

where

ap=Pr=va (Alla)

ag=[-b—v(b*—ac)Va (Allb)

Bal-b+V(b*—ac)yva (Allc)

where a, b and c are defined as the three quadratic coeffi-
cients in the first square-bracketed term of the left hand side
of equation (A9), i.e.

a=cp{14calec)
b=cpcplec
c={~l+cplecky. (Alld)

the left hand side of equation (A9) can be factorised in the
form

(0 pM 0L pMt ot XH B M B gM 5 +B,X) (A12)
provided that a is chosen to equal
o=0yPy (Al3a)

and that o, and {3, are the solutions to the pair of linear
simultaneous equations

OBt Brte=—2" cpfoc—2s hpt2epkctc {A13b)

and

oxPatBros=2"%(cplcc)-2sshs20pkctc: (Al3c)

Having used equation (A13) to compute 0Ly, Bx and o, one
can then compute the numerical values of I' and A.

In the very special case that k. and k. are such that
'=A=0, then we have that either

O M p=0pM gt 0L X=0 (Alda)

or
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Bt BpM g+ X=0, (Al4b)

and either of the conditions (Alda) or (A14b) is sufficient in
that special case to ensure that the resulting decoder satisfies
the 6=0 =8 equations. Otherwise. it is necessary to choose
values of k. and k.- such that I” and A do not have the same
sign.

In that case, putting y=VIT| and 3=vIAl, equation (A9) can
be put in the form

(M 0 oM G XY (B M et B M s P Xy YX L W(sgrl N (YX £5H915)

so that, for an arbitrary nonzero constant C, we can separate
factors and put, for arbitrary choice of the sign *.

0 pM et 0t pM gt O X=(—C)H(YX B W) (A15b)

and

B M B M B X=(~C) " (sgnl X yXLOW).

Thus equations (A15b) and (Al15c) are a pair of simulta-
neous linear equations for M and M in terms of W and X,
once one has chosen the constants

(Al5c)

K kg C and 1. (A16)

Cj- can be then derived from equation (AS), and S, Sp and
S, are given via equation (27). where k,; is given by equation
(A8).

This completes the derivation of a solution of the
6-speaker decoding equations for 6=6,=0; for a given
speaker layout. In general. the best solutions, in terms of
giving reasonable values of 1, are again those with +=+and
C positive, but a search among the possible values of the
parameters k. and k. is required. There is a one-parameter
family of solutions which have r,=1, and one will generally
choose those solutions giving largest rg at low frequencies.
In general. when searching among the parameters (A16) for
a good high frequency solution, similar methods to those
described in section 6 are used, and it is convenient to search
among the values of the extra parameter k. in the 6-speaker
case by setting

k~=Kkp

where the constant K will generally be chosen to be positive
and typically having a value in the general neighbourhood of
O/ Or-

The need to search among the values of 3 continucus
parameters (A 16) for a good 6-speaker solution means that
there is more choice in finding suitable equations for low and
high frequency decoders for a given 6-speaker layout
(provided that the layout is such as to give an r,=1 solution),
and the designer of a 6-speaker ambisonic decoder thus has
some leeway in designing different tradeoffs for different
tastes. In making such design tradeoffs, it is advisable to
write a computer program that not only computes the
decoder equations for a different values of the free param-
eters (A16), but which also prints out the values of the
psychoacoustic localisation parameters r, and 1y for azi-
muths around the circle, possibly in a graphical form., so that
the effect of varying the decoder parameters (A16) can be
seen in judging the final best tradeoffs.
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For any given speaker layout. once a decoder design is
arrived at, the forward dominance should be adjusted to
minimise front/back reproduced gain variations, especially
at higher frequencies, and the relative gain of the low and
high frequency decoders should be adjusted so as to give
broadly similar reproduced gain at all frequencies for at least
front-stage sounds, as already described in connection with
5-speaker B-format decoders. This will yield the final

4

the case of 7- or 8- speaker Ambisonic designs with yet more
front stage speakers. For such designs, the number of free
continuous parameters increases (5 for the 7 speaker case
and 6 for the 8-speaker case), so that surveying the possible
solutions to choose a “best” tradeoff becomes very time
consuming, and preferably requires computer graphic aids to
present psychoacoustic performance data in an easily
assimable form.

TABLE 1

Example of 5-speaker Ambisonic decoder design according to the
methods of section 6, for the speaker layout of FIG. 7 with ¢y = 45°

and ¢y = 50°, including values of psychoacoustic localisation

parameters, overall energy gain in dB and speaker feed gains. High
frequency front/back gain imbalance can be compensated by 3.893 dB
forward dominance before decoding, and high frequency decoder can be
matched in gain to low frequency decoder at azimuth ©, = ©g = 45° by

a 0.784 dB gain reduction of the high frequency decoder.

Low frequency decoder design 5-speakers, ¢y = 45°, $g = 50°

ke = 0.50527, C = 1.13949

Cp = 0.34190 W + 0.23322 X, My = 0.26813 W + 0.38191 X, Sz = 0.50527 Y
My = 0.56092 W — 0.49852 X, Sy = 045666 Y

decoder performance:

©=0y=6g Ty dB s Ly Le Cr R Ry
0 10000 2551 07494 -0.1441 08082 06717 0.8082 -0.1441
15 10000 2641 07396 00471 09748 06605 0.6049 -0.2872
45 10000 3.246 0.6807 05191 1.1553 0.5751 0.1448 -0.3943
60 10000 3645 06481 07677 11570 0.5068 -0.0806 -0.3509
%0 10000 4386 0.6017 12067 05827 03419 -0.4464 -0.0849
135 10000 5065 0.5815 15161 03915 0.1087 -0.6190 0.5028
180 10000 5255 05832 12659 -02720 00121 -0.2720 12659

High frequency decoder design S-speakers, dp = 45°, ¢ = 50°

ky = 0.54094, C = 0.93050

Cp=0.38324 W + 037228 X, Mg = 0.44022 W + 0.23386 X, Sp = 0.54054 Y

Mg = 0.78238 W - 055322 X, 85 = 042374 Y

decoder performance:

=06y =0g Iv dB b33 Lp Ly Ce Rg Rp
0 08158 3.046 08273 O 07709 09097 07709 0
15 08115 3.175 08148 0.1818 09577 0.8918 0.5617 -0.1284
45 0.7806 4.029 0.7431 0.6529 1.2150 0.7555 0.1331 -0.19%46
60 07576 4585 07059 09102 12681 0.6465 -0.0569 —0.1278
90 07071 5620 06550 13816 1.2052 03832 -0.3248 0.1831
135 0.6462 6625 06306 17593 07473 00110 -0.3346 09919
180 06240 6938 0.6294 15648 0.1095 -0.1432 0.1095 1.5648

6-speaker B-format ambisonic decoder equations which
typically may be implemented as in FIG. 10. TABLE 2a

Such design procedures need to be done for a range of
layout angles ¢, ¢ and ¢ in FIG. 9 likely to be used, so
that the Ambisonic decoder can be adapted to the layout
actually used in any particular situation. and adjustment
means for the decoder matrices in FIG. 10 to allow this are
desirably included.

In general, it is found that, for a given set of positions for
the Lg. Ly Ry, Ry loudspeakers, a 6-speaker design will
give a significantly larger 1 across the frontal stage than a
5-speaker design, with only a small reduction of r. spread
across the rear and side stages, in other directions. Thus. in
general, 6-speaker designs are often better than 5-speaker
designs in their subjective performance. The price paid for
this improved localisation quality performance is the need to
use larger amounts of forward dominance in 6-speaker
designs (typically over 6 dB) to compensate reproduced gain
variations than is needed for 5-speaker designs.

It is thought that this trend of improved frontal r and the
need for yet more forward dominance applies even more in

50
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5-speaker Ambisonic decoder design for ¢p = 35°, §g = 25°.

Low frequencies ¢y = 35°, ¢g = 25°

ky = 0.73675, C = 0.90593, forward dominance = 3.8636 dB, gain = 0 dB
Cp=0.44310 W + 0.45887 X, Mg = 042349 W + 0.24979 X,
Sp=073675Y,

Mg = 037979 W - 0.32066 X, S5 =0.67324 Y.

High frequencics ¢y = 35°, $p = 25°

kg = 0.74762, C = 0.80803, forward dominance = 3.8636 dB, gain =
—0.4217 dB

Cg = 0.49752 W + 0.43912 X, Mg = 0.54081 W + 0.16195 X, Sp =
071219,

My = 0.52758 W— 0.37306 X, S = 0.62728 Y.

psychoacoustic analysis

low frequencies high frequencies
QO By=0g Iy Ty dB ry Iy dB
0 0.00 1.0000 0.9009 3.820 08952 09120 3868
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TABLE 2d

S-speaker Ambisonic decoder design for ¢ = 45°, $g = 35°.

5 Low frequencies ¢g = 45°, by = 35°
kg = 0.58727, C = 091502, forward dominance = 3.1169 dB, gain = 0 dB
15 1203 10000 08319 4130 08900 08512 4.162 Cp = 0.41964 W + 0.45001 X, Mg = 0.41347 W + 0.27104 X,
45 3669 10000 05424 5705 08504 05912 5.699 Sp=058727Y,
Mp = 0.39285 W — 0.36850 X, Sp = 0.50882 Y.
60 4961 10000 04399 63790 08186 04988 6.388 High frequencies dp = 45°, g = 35°
00 7736 10000 03447 6837 07412 04190 6983 10 ke=0.60353, C = 085140, forward dominance = 3.1169 dB, gain =
-0.58727 dB
135 12529 10000 04405 4820 0.6306 05192 5.699 Cp = 048102 W + 0.43822 X, My = 051317 W + 018754 X, S5 =
180 18000 10000 08384 1586 05843 07567 3.868 0.55524 Y,
My = 0.53400 W — 0.37759 X, Sy = 0.44965 Y.
15 psychoacoustic analysis
TABLE 2b fow frequencies high frequencies
© ©,=6 dB dB
5-speaker Ambisonic decoder design for ¢p = 35°, ¢p = 35°. v =% v = v i
) 0 000 10000 08214 3834 08284 08535 3844
Low frequencies ¢ = 35°, ¢ = 35° 20
ke = 0.63701, C = 1.00206, forward dominance = 41113 dB, gain = 0 dB Is 1256 10000 07946 3953 08230 08306 3957
G = 042521 W + 0.34037 X, My = 042380 W + 033924 X 45 3819 1.0000 0.6495 4.627 07991 07045 4619
PPt P =0 . g 60 5152 10000 0.5809 4946 07780 06439 4960
Fo d _ % 7977 10000 0.5077 S5.108 07260 05785 5277
HMfgh' 0'3922;: %(ﬁg’f 1“:’:5;5: 059579 Y. 135 12727 10000 0.5872 3817 06495 06300 4619
i Oﬁ;qss"% © = 083708, forerard dominance = 4.1113 dB, gain < ,5 180 18000 10000 07678 2354 06168 07273 3844
—0.5188 dB
Cp = 0.46290 W + 0.37054 X, M, = 0.53317 W + 0.22733 X, Sp =
061782 Y,
M, = 0.54101 W - 0.38255 X, S = 0.54351 Y. TABLE 2e
psychoacoustic analysis L. \
30 5-speaker Ambisonic decoder design for ¢p = dg = § = 45°.
low frequencies high frequencies Low frequencies ¢p = dg = ¢ = 45°
kg = 0.52936, C = 1.00589, forward dominance = 3.5692 dB, gain = 0 dB
© Oy=86 v g d T8 dB Cp = 0.41221 W + 0.36631 X, My, = 040810 W + 0.36266 X,
Sp=0.52036 Y,
0 0.00 10000 0868 3928 0.8853 08915 3.865 My = 0.40697 W — 0.39951 X, Sp = 047064 Y.
15 1186 10000 08251 4.118 08806 08527 4057 3 High frequencies ¢p = dg = ¢ = 45°
45 3621 10000 06122 5.155 08443 06633 5.127 kp = 055707, C = 089149, forward dominance = 3.5692 dB, gain =
60 4900 10000 05227 5.626 08147 0.5847 5642 —0.7857 dB
90 76.56 10000 04317 5899 07418 05102 6.103 Cp = 046527 W + 0.41346 X, M = 049415 W + 0.24746 X, Sp =
135 12462 10000 05225 4175 06345 05916 5.127 0.50889 Y, :
180 18000 10000 08087 1.860 0.5886 0.7561 3.865 Mp = 0.55584 W — 0.39304 X, S = 040463 Y.
40 psychoacoustic analysis
low frequencies high frequencies
TABLE 2c © ©Oy=0g Ty g dB Iy Iy dB
5-speaker Ambisonic decoder design for ¢r = 35, g = 40°. 45 0 000 10000 07771 4.169 08194 08349 4027
15 1224 10000 07645 4213 08165 08226 4.083
Low frequencies ¢p = 35°, $g = 40°
v ¢ . _ L 45 3728 10000 06869 4468 07937 07472 4426
ky = 0.59675, C = 1.20337, forward dominance = 4.2769 dB, gain = 0 dB 60 5036 10000 06432 4579 07749 07046 4612
g: = o107 W+ 022867 X, Me = 040882 W+041726 X, 90 7831 10000 05860 4535 07273 0.6457 4791
=0 : 135 12608 10000 06113 3.637 06543 06435 4426
Mg = 0.40080 W — 0,35574 X, Sy = 0.56756 Y.
Hioh froquencics bp = 35°, &, = 40° so 180 18000 10000 06810 2839 06219 06742 4027
ky = 0.62175, C = 0.86543, forward dominance = 4.2769 dB, gain =
~0.5464 dB
Cp = 0.44995 W + 033464 X, My = 0.52657 W + 0.26606 X, Sg =
0.58384 Y, TABLE 2f
M = 0.55191 W - 0.39026 X, Sg = 0.51202 Y.
psychoacoustic analysis 55 5-speaker Ambisonic decoder design for ¢ = 45°, §g = 50°.
low frequencies i uencies Low frequencies ¢p = 45°, $p = 50°
freq high freq kp = 0.50527, C = 1.13949, forwand dominance = 3.8929 dB, gain = 0 dB
o - N . & r . @ Cp = 042505 W + 0.29374 X, M = 0.39694 W + 0.43438 X,
Oy =6g v E v B Sp = 0.50527 Y,
0 000 10000 08471 4153 08803 08812 3949 o Mp=041574 W- 042146 X, Sp = 045666 Y.
15 1175 10000 08150 4.283 08758 08511 4.098 High frequencies ¢p = 45°, ¢p = 50° .
45 3580 10000 0.6431 5017 08412 06946 4956 kg = 0.54094, C = 0.93050, forward dominance = 3.8929 dB, gain =
60 4858 10000 05619 5358 08120 06244 5384 —0.7838 dB
0 7603 10000 04681 5519 07424 05523 5.773 Cp = 0.46771 W + 0.40469 X, My, = 0.48067 W + 0.28334 X, Sp =
135 12417 10000 05185 4060 0.6367 06136 4.956 049427 Y,
180 180.00 10000 06908 2339 0.5908 07368 3.949 Mj = 0.57135 W — 040401 X, S5 = 038718 ¥.
65 psychoacoustic analysis
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TABLE 2f-continued
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TABLE 2i

5-speaker Ambisonic decoder design for $p = 45°, dg = 50°.

low frequencies high frequencies

O Oy=06g 3% Ig dB Ty Ig dB
1} 0.00 10000 0.749%4 4497 08158 08273 4.208
15 12.01 1.0000 0.7430 4502 038131 08192 4.239
45 36.63 1.0000 0.6996 4.513 07918 0.7655 4.429
&0 49.54 10000 0.6705 4489 0.7740 07313 4.536
90 77.27 1.0000 0.6177 4309 07285 06724 4.640
135 125.21 10000 0.5824 3710 0.6567 0.6325 4.429
180 180.00 10000 0.5832 3308 0.6240 0.6294 4.208

TABLE 2g

5-speaker Ambisonic decoder design for ¢p = 55°, ¢ = 45°.

Low frequencies ¢y = 55°, ¢y = 45°

ke = 0.50933, C = 092862, forward dominance = 2.2870 dB, gain = 0 dB
Cp = 0.39401 W + 0.46686 X, Mg = 0.39742 W + 0.29732 X,

S, =0.50933 Y,

Mg = 041425 W — 043739 X, 85 = 040997 Y.

High frequencies ¢ = 55°, ¢ = 45°

ke = 0.53280, C = 0.89997, forward dominance = 2.2870 dB, gain =
-10511 dB

Cp = 0.46072 W + 0.46569 X, Mg = 047680 W + 0.21890 0.29732 X,
Sp=047207Y,

Mp = 0.54710 W - 0.38686 X, Sp = 0.33915 Y.

psychoacoustic analysis

Jow frequencies high frequencies

& 0By=6g Ty Tg dB Iy Ty dB
0 0.00 10000 0.7185 4036 07509 07832 3.961
15 13.17 10000 0.146 4044 07497 07834 3976
45 3991 10000 0.6889 4.087 0.7402 07507 4071
60 53.60 10000 0.6724 4.095 07324 07286 4.125
90 8248 10000 0.6463 4021 07125 06881 4.178
135 12942 10000 0.6412 3.675 0.6819 0.6564 4.071
180 180.00 10000 0.6516 3.435 0.6682 0.6515 3.961

TABLE 2h

5-speaker Ambisonic decoder design for ¢p = ¢ = § = 55°

Low frequencies ¢pp = g = ¢ = 55°

ke = 0.47329, C = 1.01391, forward dominance = 3.0674 dB, gain = 0 dB
Cp = 039903 W + 041484 X, My = 0.38886 W + 0.40426 X,
Sp=047329Y,

Mg = 0.42726 W — 0.48618 X, Sp =0.38992 Y.

High frequencies ¢y = dp = ¢ = 55°

kg = 0.51350, C = 0.94656, forward dominance = 3.0674 dB, gain =
-1.0292 dB

Cp = 0.46402 W + 0.48241 X, My = 0.45136 W + 0.28083 X, Sg =
045613 Y,

M, = 0.58098 W — 0.41082 X, Sp = 031063 Y.

psychoacoustic analysis

low frequencies high frequencies

O Oy=06g Iy Ty dB Ty e dB
[0} 0.00 1.0000 0.6613 4702 07455 0.7770 4.399
15 1259 10000 0.6658 4.649 07445 07775 4.374
45 38.20 10000 0.6954 4.281 07369 07763 4.208
60 51.64 10000 07112 4035 0.7304 07684 4.109
90 7994 10000 0.7080 3.675 0.7135 07227 4.007
135 127.40 10000 0.5943 3.841 0.6857 0.6040 4.208
180 180.00 10000 0.5225 4.129 0.6725 0.5439 4.399
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S-speaker Ambisonic decoder design for ¢p = 55°, ¢p = 60°

Low frequencies ¢y = 55°, ¢g = 60°

kg = 0.45806, C = 1.13695, forward dominance = 3.6033 dB, gain = 0 dB
Cr = 0.41789 W + 0.36491 X, Mg = 0.37845 W + 0.48674 X,

Sp = 0.45806 Y,

My = 0.43420 W — 0.52147 X, Sg = 0.38321 Y.

High frequencies ¢x = 55°, ¢ = 60°

ke = 0.50892, C = 0.99169, forward dominance = 3.6033 dB, gain =
-09719 dB .

Cp = 0.47960 W + 0.49722 X, My = 0.42446 W + 0.32011 X, S =
045504 Y,

Mg = 0.60440 W — 0.42738 X, Sp = 0.29965 Y.

psychoacoustic analysis

low frequencies high frequencies

0 Oy=06g | 28 g dB Iy rg dB

[¢] 0.00 10000 0.6259 5.227 07441 0.7742 4732
15 12,21 10000 0.6337 5.142 07433 07766 4.688
45 37.21 10000 0.6890 4.531 07363 07872 4392
60 50.27 10000 0.7231 4.116 07303 0.7843 4.212
S0 78.20 10000 0.7300 3.550 07144 0.7295 4.024
135 125.99 10000 0.5327 4.093 06870 0.5581 4.392
180 180.00 1,0000 04251 4694 06736 04745 4732

TABLE 3a

example of 6-speaker Ambisonic decoder design for ¢ = 45°,
¢c = 15° and k. = 0, without forward dominance or gain adjustments.

Low frequencies ¢ = 45°, g = 15°

kg = 0.08476, C' = 0.53306, ko =0

Cg = 0.22811 (W + X), Sc = 0, Mg = 0.22932 (W + X),
Sp=054238Y

Mg = 0.54187 W — 0.458125 X, 55 = 045762 Y.

High frequencies ¢ = 45°, ¢g = 15°

kp =02, C' = 104567, kc =0

Cp = 0.27522 (W + X), 8¢ = 0, Mg = 0.48161 W + 0.01765 X,
Sp=0.60000Y,

My = 0.85756 W — 0.60639 X, Sy = 0.40000 Y.

psychoacoustic analysis
low frequencies high frequencies
O=06,=06g v Ig dB Iy Tg dB

0 10000 0.8084 0954 08540 08708 1449

15 1.0000 07730 1219 08431 08400 1763

45 1.0000 0.6171 2697 07687 07047 3562

60 1.0000 05629 3458 07180 0.6551 4.560

90 1.0000 0.5297 4489 06194 06068 6.197

135 1.0000. 0.6087 4.782 05187 0.6003 7.602

180 10000 0.6877 4574 04860 0.6070 8012

TABLE 3b

6-speaker ambisonic decoder design of table 3a with forward
dominance and high-frequency gain adjustments.

Low frequencies ¢ = 45°, o = 15°

k = 0.08476, C' = 0.53306, forward dominance = 6.5621 dB, gain =0 dB
Cp = 0.37049 W + 030791 X, Sc = 0, Mg = 037131 W +

0.30859 X,

Sp = 0.54238 Y, My = 0.33040 W — 0.34300 X, Sp = 045762 Y.
High frequencies ¢ = 45°, §c = 15°

k =0.20000, C' = 1.04567, forward dominance = 6.5621 dB, gain =
-0,8300 dB

Cp = 0.40502 W + 0.33661 X, Sc = 0, My = 0.37810 W +

0.13692 X,

Sp=0.54532 Y, Mg = 0.53421 W — 037775 X, 85 = 036355 Y.
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We claim:

1. A decoder (2) for decoding directionally encoded audio
signals for reproduction via a loudspeaker layout (4) over a
listening area, comprising:

an input (21) for receiving the directionally encoded audio

signals;

matrix means (22.23) for modifying said audio signals;

and

an output (24) for outputting the modified audio signal in

a form suitable for reproduction via the loudspeakers;

the coefficients of said matrix means being such that at a
predetermined listening position in the listening area
the reproduced velocity vector direction and the repro-
duced energy vector directions are substantially equal
to each other and substantially independent of fre-
quency in a broad audio frequency range.

characterised in that the gain coefficients of said matrix
means (22.23) are such that the reproduced velocity
vector magnitude r, of a decoded audio signal varies
continuously in a predetermined manner with encoded
sound direction at frequencies in the region of and
“above a predetermined middle audio frequency.

2. A decoder according to claim 1., in which the matrix

means comprise:

first matrix means (22) operative at low audio frequencies
below a cross-over frequency;

second matrix means (23) operative at high aundio fre-
quencies above the cross-over frequency. the second
matrix means being different in effect to the first matrix
means; and

cross-over means (25) for effecting the transition around
said cross-over frequency between the first matrix
means and the second matrix means;

the broad frequency range in which the reproduced veloc-
ity vector direction and the reproduced energy vector
direction are substantially equal to each other and
substantially independent of frequency encompassing
said cross-over frequency and preferably covering sev-
eral octaves; and

the reproduced velocity vector magnitude r, varies con-
tinuously in a predetermined manner with encoded
sound direction at frequencies in the region of and
above the cross-over frequency.

3. A decoder according to claim 1, wherein above the
predetermined middle audio frequency the reproduced
velocity vector magnitude r, is significantly larger for a
frontal encoded direction than for a diametrically opposed
rear encoded direction.

4. A decoder according to claim 2, wherein the cross-over
frequency lies between 150 Hz and 1 kHz and preferably
between 200 Hz and 800 Hz.

5. A decoder according to claim 2, wherein for all encoded
sound directions the reproduced velocity vector magnitude
1, is significantly larger below said cross-over frequency
than above said cross-over frequency.

6. A decoder according to claim 2, wherein at frequencies
below a cross-over transition region around said cross-over
frequency. the reproduced velocity vector magnitude r, is
substantially independent of encoded sound direction.

7. A decoder according to claim 6, wherein at frequencies
below said cross-over transition region, the reproduced
velocity vector magnitude r, substantially equals 1 for all
encoded sound directions.

8. A decoder according to claim 1. wherein at frequencies
above said predetermined middle audio frequency, the
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reproduced energy vector magnitude 1 varies as a function
of encoded sound direction in a broadly similar manner to
the reproduced velocity vector magnitude r,.

9. A decoder according to claim 1, wherein control means
are provided for adjusting the gain coefficients of said matrix
means to adapt the decoder for a plurality of loudspeaker
layout arrangements. said control means modifying the gain
coefficient so as to change components, including pressure
components, of the reproduced audio signal.

10. A decoder according to claim 1, wherein said matrix
means are arranged to decode the signal for reproduction
over a loudspeaker layout having a greater number of
reproduction loudspeaker across a frontal stage of directions
than across a diametrically opposed rear stage of directions,
the gain coefficients of the matrix means being such that at
substantially all frequencies the reproduced energy vector
magnitude 1 of sounds encoded to be reproduced from
vector directions within said frontal stage is significantly
greater than the reproduced energy vector magnitude 1, of
sounds encoded to be reproduced from diametrically
opposed vector directions within said rear stage.

11. A decoder according to claim 10, wherein said loud-
speaker layout is substantially left/right symmetrical about a
forward axis or plane through the predetermined listening
position.

12. A decoder according to claim 11, wherein said loud-
speaker layout comprises three loudspeakers disposed
across said frontal stage and two loudspeakers disposed
across a rear stage.

13. A decoder according to claim 11, wherein said loud-
speaker layout comprises four loudspeakers disposed across
said frontal stage and two loudspeakers disposed across a
rear stage.

14. A decoder according to claim 1, in which the direc-
tionally encoded audio signals incorporate sound signal
components representative of sound pressure and orthogonal
directional sound velocity components.

15. A decoder according to claim 1. wherein said matrix
means are arranged to decode directionally encoded audio
signals comprising at least three linearly independent com-
binations of an omnidirectional signal W with uniform gain
for all directions, and at least two directional signals X and
Y. pointing in orthogonal directions, representing sounds
encoded with figure-of-eight or cosine directional gain char-
acteristics.

16. A decoder according to claim 15, wherein the repro-
duced pressure signal at the predetermined listening position
is at all frequencies a linear combination a,,W+by X of W
and X whose relative proportions ag:by vary with
frequency, the reproduced forward-pointing velocity signal
at the predetermined listening position is at all frequencies
a linear combination a,W+b, X of W and X whose relative
proportions ay:by do not vary with frequency. and the
reproduced sideways-pointing velocity signal at the prede-
termined listening position is at all frequencies proportional
toY.

17. A decoder according to claim 1, wherein said matrix
means are arranged to decode directionally encoded audio
signals comprising two independent complex linear combi-
nations of an omnidirectional signal W with uniform gain for
all directions, and at least two directional signals X and Y,
pointing in orthogonal directions, representing sounds
encoded with figure-of-eight or cosine directional gain char-
acteristics.

18. A decoder according to claim 17, wherein the gain
coefficient of the matrix means are such that the reproduced
pressure signal at the predetermined listening position is at
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all frequencies a linear combination ay Wby X+jcy Y of W,
X and Y. whose relative proportions ay by vary with
frequency, and the reproduced signal representing forward-
pointing velocity at the predetermined listening position is at
all frequencies a linear combination a,W+byX+jcxY of W,
X and Y. and the reproduced signal representing sideways-
pointing velocity at the predetermined listening position is at
all frequencies a linear combination —ja, W—jb, X+c,Y of W,
X and Y, where the coefficients ay, by, Cy. ay. by, Cx. 2y, by
and c, are real and where j=v(-1) represents a broadband
relative 90° phase difference.

19. A decoder according to claim 17, wherein the matrix
means further comprise phase-amplitude matrix means
arranged to produce at least three complex linear combina-
tions W, X,. Y. and preferably or optionally a fourth linear
combination B,. of two directionally encoded input signals
such that W, and X, have directional gain of the form
a,+b,X+c,jY for real gains a, b, and c, that may be
different for W, and X, and where Y, and B, are respec-
tively proportional to jX, and to jW, or to real linear
combinations thereof, and wherein said signals are fed by
cross-over means with matched phase responses to at least
two amplitude matrix means corresponding to different
frequency ranges in the audio band to provide modified
audio signals at the output of the decoder.

20. A decoder according to claim 15, wherein the matrix
means further comprise additional linear 20 matrix means
arranged to apply an additional linear transformation so that
the output reproduced vector directions are related to the
input encoded vector directions according to a transforma-
tion of direction.

21. A decoder according to claim 20, wherein said trans-
formation of directions is a Lorentz transformation.

22. A decoder according to claim 20, wherein the effect of
said additional matrix transformation is to render the total
reproduced energy gains of sounds encoded at the front and
at the rear substantially equal.

23. A decoder according to claim 20, wherein said addi-
tional linear matrix transformation is implemented as a
linear matrix acting on said directionally encoded signals or
linear combinations thereof.

24. A decoder according to claim 20, wherein said addi-
tional linear matrix transformation is combined with said
matrix means or said first and second matrix means.

25. A decoder according to claim 15, having at least three
loudspeakers across a reproduced frontal stage, wherein said
directionally encoded audio signals additionally comprise
signals proportional to E and/or F, where

E has a directional gain characteristic substantially equal

to zero outside an encoded frontal stage of encoded
directions and a gain proportional to a linear combina-
tion of W and X having a positive gain for sounds at the
centre of the encoded frontal stage across a frontal
stage of encoded directions; and

F has a gain substantially proportional to that of Y across

a frontal stage of encoded directions and a gain sub-
stantially proportional to that of —Y across a rear stage
of encoded directions,

and where the decoder incorporates means for adding E to

and subtracting E from the signal components contain-
ing W and X so as to localize encoded frontal stage
sounds more precisely in individual frontal stage loud-
speakers and/or means for adding F to and subtracting
F from signal components containing Y so as to reduce
cross talk between reproduced front and rear sound
stages.

26. A decoder according to claim 24, wherein E has a gain
of opposite polarity for sounds at the edges of the encoded
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frontal stage than for sounds encoded towards the centre of
the encoded frontal stage.

27. An andio system comprising:

a decoder;

a multiplicity of loudspeakers laid out around a listening

area; and

an amplifier for amplifying the output of the decoder to

drive the loudspeakers;

the decoder decoding directionally encoded audio signals

for reproduction via the loudspeaker layout over the
listening area, the decoder comprising:

an input for receiving the directionally encoded audio

signals;

matrix means for modifying said audio signals; and

an output for outputting the modified audio signal in a

form suitable for reproduction via the loudspeakers;
the coefficients of said matrix means being such that at a
predetermined listening position in the listening area
the reproduced velocity vector direction and the repro-
duced energy vector directions are substantially equal
to each other and substantially independent of fre-
quency in a broad audio frequency range,

characterised in that the gain coefficients of said matrix
means are such that the reproduced velocity vector
magnitude r, of a decoded audio signal varies substan-
tially with encoded sound direction at frequencies in
the region of and above a predetermined middle audio
frequency.

28. A system according to claim 27, in which the loud-
speaker layout includes a greater number of reproduction
loudspeakers across a frontal stage of directions and a lesser
number of loudspeakers across a diametrically opposed rear
stage of directions, and in which the gain coefficient of the
matrix means of the decoder are such that at substantially all
frequencies the reproduced energy vector magnitude 1z of
sounds encoded to be reproduced from vector directions
within said frontal stage is significantly greater than the
reproduced energy vector magnitude 1 of sounds encoded
to be reproduced from diametrically opposed vector direc-
tions within said rear stage.

29. A'system according to claim 28, in which the loud-
speaker layout is substantially left/right symmetrical about a
forward axis or plane through the predetermined listening
position.

30. A system according to claim 29, wherein said loud-
speaker layout comprises three loudspeakers disposed
across said frontal stage and two loudspeakers disposed
across a rear stage.

31. A system according to claim 29, wherein said loud-
speaker layout comprises four loudspeakers disposed across
said frontal stage and two loudspeakers disposed across a
rear stage.

32. An audio-visual system incorporating in its audio
stages a decoder according to claim 1.

33. A method of decoding directionally encoded audio
signals for reproduction via a loudspeaker layout over a
listening area, comprising applying the encoded audio signal
to matrix means arranged to decode the signal. and

outputting the signal in a form suitable for subsequent

reproduction via the loudspeakers,

the coefficient of said matrix means being such that at a

predetermined listening position in the listening area
the reproduced velocity vector direction and the repro-
duced energy vector direction are substantially equal to
each other and substantially independent of frequency
in a broad audio frequency range,
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characterised in that the reproduced velocity vector mag-
nitude 1, of a decoded audio signal varies continuously
in a predetermined manner with encoded sound direc-
tion at frequencies in the region of and above a prede-
termined middle audio frequency.

34. A method according to 33. in which low audio
frequencies of the encoded audio signal below a predeter-
mined cross-over frequency are decoded by first matrix
means, and high audio frequencies above the crossover
frequency are decoded by second matrix means different in
effect to the first matrix means, the broad audio frequency
range in which the reproduced velocity vector direction and
the reproduced energy vector direction are substantially
equal to each other and substantially independent of fre-
quency encompassing the cross-over frequency; and

the reproduced velocity vector magnitude r, varying sub-
stantially with encoded sound direction at frequencies
in the region of and above the cross-over frequency.

35. A method of encoding and decoding an audio signal.
in which the audio signal is encoded as at least three linearly
independent combinations of an omnidirectional signal W
with uniform gain for all directions and two directional
signals X and Y pointing in orthogonal directions. the
signals X and Y having figure-of-eight or cosinusoidal
directional gain characteristics, and the signal is subse-
quently decoded by a method according to claim 33.

36. A method of encoding and decoding an audio signal
according to claim 35, wherein the reproduced pressure
signal at the predetermined listening position is at all fre-
quencies a linear combination a, W+byX of W and X whose
relative proportions ay.:b,, vary with frequency. the repro-
duced forward-pointing velocity signal at the predetermined
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listening position is at all frequencies a linear combination
2, W+b,, X of W and X whose relative proportions aby do
not vary with frequency. and the reproduced sideways-
pointing velocity signal at the predetermined listening posi-
tion is at all frequencies proportional to Y.

37. A method of encoding and decoding an audio signal,
in which the audio signal is encoded as two independent
complex linear combinations of an omnidirectional signal W
with uniform gain for all directions, and at least two direc-
tional signals X and Y, pointing in orthogonal directions
representing sounds encoded with figure-of-eight or cosine
directional gain characteristics, and the signal is subse-
quently decoded by a method according to claim 33.

38. A method of encoding and decoding according to
claim 37, wherein the reproduced pressure signal at the
predetermined listening position is at all frequencies a linear
combination a,W-+b,X+c,Y of W. X and Y, whose rela-
tive proportions ay:by, vary with frequency. and the repro-
duced signal representing forward-pointing velocity at the
predetermined listening position is at all frequencies a linear
combination ayW+b,X+c,Y of W, X and Y, and the repro-
duced signal representing sideways-pointing velocity at the
predetermined listening position is at all frequencies a linear
combination —ja,W—jb,X+c,Y of W, X and Y, where the
coefficients ay, by, C,,. 3y, by. Cx. 35, by and C, are real and
may be frequency-dependent and where j=v(—1) represents
a broadband relative 90° phase difference.

39. An audio-visual system incorporating in its audio
stages an audio system according to claim 37.
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