US 20140219460A1

a9 United States

a2y Patent Application Publication o) Pub. No.: US 2014/0219460 A1

McGrath 43) Pub. Date: Aug. 7, 2014
(54) METHOD AND SYSTEM FOR GENERATING (52) US.CL
A MATRIX-ENCODED TWO-CHANNEL CPC oottt H04S 3/02 (2013.01)
AUDIO SIGNAL USPC ittt s 381/23
(75) Inventor: David S. McGrath, Rose Bay (AU)
57 ABSTRACT
(73) Assignee: Dolby Laboratories Licensing
Corporation, San Francisco, US (US) In some embodiments, a method for generating a matrix-
. encoded two-channel audio signal in response to a horizontal
(21) Appl. No- 14/239,510 B-format signal by performing a mixing operation. In other
(22) PCT Filed: Aug. 14, 2012 embodiments, a method for generating a matrix-encoded
two-channel audio signal, including steps of generating
(86) PCT No.: PCT/US2012/050701 microphone output signals (by capturing sound with a micro-
phone array), and performing a mixing operation on the
§371 (1), microphone output signals, where the mixing operation is
(2), (4) Date:  Feb. 18, 2014 equivalent to generating a horizontal B-format signal in
Related U.S. Application Data response to the microphone output signals, and generating the
. o matrix-encoded two-channel audio signal in response to the
(60)  Provisional application No. 61/526,415, filed on Aug. horizontal B-format signal. The microphone array is typically
23,2011 a small array of cardiod microphones (e.g., an array consist-
Publication Classification ing of three cardiod microphones). Other aspects include
systems (e.g., encoders) programmed or otherwise config-
(51) Int.ClL ured to perform any embodiment of the method for generating
H04S 3/02 (2006.01) a matrix-encoded two-channel audio signal.
80° (Left)

ke

/ 180° (Rear)

" Forward

Direction

3

\  -60° (Right)

(2

e [ o
=1 Encoder e L
e S et {1
o I W: 5 et
i O -
sl vy |2
w1 Uil st 4] R

B
S
g
g



Patent Application Publication Aug. 7,2014 Sheet 1 of 6 US 2014/0219460 A1

A& X-axis

SourceN

@

Y-axis

§ Forward
Direction

60° (Left)
—1

~3

\  -60° (Right)

(2

Encoder 5= Lf
. e

¥

f
Encoder




Patent Application Publication Aug. 7,2014 Sheet 2 of 6 US 2014/0219460 A1

P e - e T
w 2 2 2 L
3 3 3
FIG.3 < | x|={2 2 _4ix R
(PRIOR ART) 3 3 3
Y 2 _ 2 0 S
L d L3 3 1oL -
- i
Lt
= F X
Rt
S
2 2 2]
3 3 3
— 2 2 4
where, F= M X 3 3 3
2 __2 0
RE J3
Co+(1Hj3 2-(1Hj)W3 —143) |
_ 32 32 32
2-(1-j)\3  24(1—j)\3  —1-3j
9 32 32 32




Patent Application Publication Aug. 7,2014 Sheet 3 of 6 US 2014/0219460 A1

A VA I Y S R B
4 2 W
C 1 1 0
FIG. 5 < =4 2 x| X
{(PRIOR ART) R 1 0 1
4 2 %
S 1 1 0 S
Yo b e .. 4 2 -
s L
1 1 0 J
L t - _J C
G.6< |"|_| & |
{PRIOR ART) Rt 0 R _ R
v V2
~ S
4 — W -
L1 2+(1+j)N2  (1=j)V2 g
FIG. 7 < — 8 4 2 1yl X
Rt 2+(1—j)N2  (+iN2 1
8 4 2 Y
(. - o




Patent Application Publication

Aug. 7,2014 Sheet 4 of 6

US 2014/0219460 A1

200 =
150 —
100
50—
l!lll!lll !E!IG ii !EEEI!!;!
W 3w Lo i X m 3=: n
4 4 : 4 4



Patent Application Publication

Aug. 7,201

4 Sheet5of6 US 2014/0219460 A1

¥ E ¥ H ¥ E L) 1 g L) E ] 10 !
4 2 4 p2- 4 2_ 4
0
208 =
150 =
100 —
50 —
] E ] L] L] E L] L] ] E ] l:l i H IO ¥ ] Eﬂ L] i ] L] ] i L 3 ] i 3
o 3m L m X I E T
4 2 4MM4 2 " 4

FIG.

11



Patent Application Publication Aug. 7,2014 Sheet 6 of 6 US 2014/0219460 A1

{?4

= Ph{20)

¥
-
=
=
+

-t [ f

= Ph(0) _@{.;. .

> Ph(30)

FIG. 12



US 2014/0219460 Al

METHOD AND SYSTEM FOR GENERATING
A MATRIX-ENCODED TWO-CHANNEL
AUDIO SIGNAL

CROSS-REFERENCE TO RELATED
APPLICATIONS

[0001] This application claims priority to U.S. Provisional
Patent Application No. 61/526,415 filed 23 Aug. 2011, which
is hereby incorporated by reference in its entirety.

BACKGROUND OF THE INVENTION

[0002] 1. Field of the Invention

[0003] The invention relates to methods and systems for
generating a matrix-encoded two-channel audio signal, in
response to a horizontal B-format signal, or in response to the
output signals of a microphone array.

[0004] 2. Background of the Invention

[0005] Throughout this disclosure, including in the claims,
the term “render” denotes the process of converting an audio
signal (e.g., a multi-channel audio signal) into one or more
speaker feeds (where each speaker feed is an audio signal to
be applied directly to a loudspeaker or to an amplifier and
loudspeaker in series), or the process of converting an audio
signal into one or more speaker feeds and converting the
speaker feed(s) to sound using one or more loudspeakers. In
the latter case, the rendering is sometimes referred to herein
as rendering “by” the loudspeaker(s).

[0006] Throughout this disclosure, including in the claims,
the terms “speaker” and “loudspeaker” are used synony-
mously to denote any sound-emitting transducer. This defi-
nition includes loudspeakers implemented as multiple trans-
ducers (e.g., woofer and tweeter).

[0007] Throughout this disclosure, including in the claims,
the expression performing an operation “on” signals or data
(e.g., filtering, scaling, or transforming the signals or data) is
used in a broad sense to denote performing the operation
directly on the signals or data, or on processed versions of the
signals or data (e.g., on versions of the signals that have
undergone preliminary filtering prior to performance of the
operation thereon).

[0008] Throughout this disclosure including in the claims,
the expression “system” is used in a broad sense to denote a
device, system, or subsystem. For example, a subsystem that
implements an encoder may be referred to as an encoder
system (or an encoder), and a system including such a sub-
system (e.g., a system that generates X output signals in
response to multiple inputs, in which the subsystem generates
M of the inputs and the other X-M inputs are received from an
external source) may also be referred to as an encoder system
(or an encoder).

[0009] Throughout this disclosure including in the claims,
the verb “includes” is used in a broad sense to denote “is or
includes,” and other forms of the verb “include” are used in
the same broad sense. For example, the expression “a filter
which includes a feedback filter” (or the expression “a filter
including a feedback filter”) herein denotes either a filter
which is a feedback filter (i.e., does not include a feedforward
filter), or filter which includes a feedback filter (and at least
one other filter).

[0010] A matrix-encoded two-channel audio signal can be
rendered (typically, including by performing a decoding
operation thereon) by a speaker array to produce a multi-
channel sound field. For example, one type of matrix-encoded
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two-channel audio signal can be decoded to determine N
(where N is greater than two) audio channels for rendering by
a speaker array (e.g., an array of N speakers).

[0011] Matrix encoding is a method for mixing one or more
(e.g., two, three, four, or five) source audio signals into a pair
of encoded audio signals, such that each source signal is
mixed into the encoded signals according to directional
encoding rules. The directional encoding rules operate on the
assumption that there is a source azimuth angle 6 associated
with each source audio signal, where 0 is defined as in FIG. 1.
Specifically, the source shown in FIG. 1 is the source of an
audio signal having the time-varying audio waveform
“SourceSig” which is received by a microphone array (e.g., a
single microphone) or listener at the origin of the indicated
X-Y coordinate system. In FIG. 1, positive values along the
X-axis correspond to positions in front of the listener (or
microphone array), and azimuth 6 is measured anticlockwise
from the X-axis.

[0012] The directional rules that must be satisfied to gen-
erate a matrix-encoded two-channel audio signal can be
expressed in terms of a simple set of instructions as follows:

[0013] 1. The matrix-encoded audio signals are referred to
as left channel signal Lt and right channel signal Rt (a matrix-
encoded pair of audio signals). To generate a matrix-encoded
audio signal indicative of a source audio signal having the
time-varying audio waveform, SourceSig, and source azi-
muth, 0, the source audio signal should be mixed into the Lt
and Rt signals with a pair of encoder gains (G;,, and Gy,
which are functions of 0), such that:

Lt=G7{(0)xSourceSig, (€8]
Rt=Gg(0)xSourceSig, and 2)
|G +IGg,?=1. 3)

Equation (3) is sometimes referred to as the constant power
rule. Note that, in keeping with common nomenclature, the
gains (G;, and G,) may be complex valued, where the argu-
ment of the complex gain corresponds to a phase-shift in the
mixing operation;

[0014] 2. Any source audio signal that has a source azimuth
of 0° (6=0), corresponding to the centre-front channel of a
multi-channel audio stream, for example, should be encoded
into the L.t and Rt signals with encoder gains satisfying
Gr~Grs

[0015] 3. Any source audio signal that has a source azimuth
ot 90° (6=m/2), corresponding to the left channel of a multi-
channel audio stream, for example, should be encoded into
the Lt and Rt signals with encoder gains satisfying 1G,,I=1
and G,,~0;

[0016] 4. Any source audio signal that has a source azimuth
of -90° (8=—m/2), corresponding to the right channel of a
multi-channel audio stream, for example, should be encoded
into the Lt and Rt signals with encoder gains satisfying G;,=0
and |Gg,/=1; and

[0017] 5. Any source audio signal that has a source azimuth
of 180° (6=m), corresponding to the centre-rear channel of a
multi-channel audio stream, for example, should be encoded
into the L.t and Rt signals with encoder gains satisfying
Gz ~Gge

[0018] It can be shown that the above rules can be satisfied
by using gain values (each a function of source azimuth 0)
defined as follows:
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G, = Oxcos(0/2-n/4), and 4

Gr=¢/P@xcos(0/2+m/4), ©)

where ®(0) is an arbitrary real valued function defined over
the interval —n<O=m.

[0019] The function ®(0) effectively applies an azimuth-
dependent phase shift to the Lt and Rt signals equally. Note
that a Matrix Decoder operates by examining the relative
amplitude and phase of the Lt and Rt signals, but has no way
of detecting a bulk phase shift that has been applied equally to
both Lt and Rt. Hence, the general case for matrix-encoded
signals includes this ®(0) term.

[0020] Another audio signal format is the horizontal B-for-
mat. Similar to the way that matrix-encoded signals may be
defined in terms of azimuth-dependent gain functions G, ()
and Gg,(0) (and a source signal waveform, SourceSig), a
horizontal B-format signal (indicative of a source audio sig-
nal having waveform, SourceSig, and azimuth 0) is defined
herein as being composed of three audio signals, W, X and Y,
as follows:

W=SourceSig, (6)
X=cos OxSourceSig, (7
Y=sin OxSourceSig. (®)

Some authors define the W signal with a reduced amplitude,
as

1
W = — xSourceSig,
vz

but that definition is not used herein. It will be apparent to
those of ordinary skill that the present invention applies to
B-format signals with alternative scaling of their audio signal
components, without loss of generality.

[0021] A variety of methods are known for recording an
acoustic performance (or other acoustic event) in the form of
a B-format signal.

[0022] Gerzon proposed (in M. A. Gerzon, “Ambisonics in
Multichannel Broadcasting and Video,” Preprint 2034 of the
74th Audio Engineering Society Convention, New York,
October 1983) a method for mixing the W, X, and Y channels
of'a horizontal B-format signal into two channels (i.e.,a UHJ
format stereo signal; not a matrix-encoded stereo signal) to
enable more convenient handling in a transmission and play-
back environment. The UHJ format stereo signal comprised
two signals (2 and A) which could be converted to UHJ
format L and R stereo channels as follows:

2 =0.9397xW +0.2624x X

A= jx(-03420x W +0.7211 x X) + 0.9269 x Y

Z+A
L==

Z-A
k===

Note that the above UHJ encoding equations fort, A, L, and
R are based on the assumption that the W, X, and Y signals are
scaled according to above equations (6), (7), and (8); not with
application of a
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1

vz

scaling factor to W].
[0023] The UHJ encoding equations set forth above may be
written in matrix form as:

)

[L} [0.4698—0.1710/' 0.1213+0.3605; 0.4634
= X

R 0.4698 +0.1710j 0.1213-0.3605 -0.4634

Gerzon’s method for mixing the three channels of a horizon-
tal B-format signal into a stereo pair is intended to provide a
reasonable stereo listening experience, as well as to provide
some ability to regenerate an approximate version of the
original W, X, and Y signals from the UHJ format [ and R
stereo signals. However, the stereo UHJ format has signifi-
cant disadvantages:

[0024] UHJ encoding (per equation (9) does not encode an
original source signal (with azimuth 6) with power indepen-
dent of 8. Rather, the power of the UHJ format L. and R signal
pair (or the corresponding Z and A signal pair) depends on the
azimuth 0 of the source signal. Sounds from the front will be
encoded (by equation (9)) with greater amplitude than sounds
from the rear. Indeed, it was the design intention of UHJ
encoding to give greater prominence to frontal signals; and
[0025] an original source signal with azimuth equal to zero
(i.e., a front-center source signal) is encoded into the UHJ
format [ and R channels with a phase shift between the
channels (i.e., the UHJ format [ and R channels generated in
response to a front-center source each have form kW+j(mW),
where k and m are nonzero coefficients). This means that a
clear phantom-center image will not be formed by the stereo
UHJ signal.

[0026] Typical embodiments of the present invention gen-
erate a matrix-encoded two-channel (stereo) signal in
response to in response to a horizontal B-format signal (or in
response to the output signals of a microphone array). These
matrix-encoded stereo signals are useful for many purposes.
For example, matrix-encoded two-channel signals generated
by typical embodiments of the invention are useful as input to
decoders which implement Dolby Prologic II decoding.
Such decoders are in widespread use throughout the world.
[0027] Also, until the present invention, it had not been
known how to use the outputs of microphone arrays (e.g.,
simple arrangements of simple microphones, such as for
example, cardiod microphones with 1st-order directivity pat-
terns) to generate matrix-encoded signals via a simple linear
mixing process. Matrix-encoded two-channel signals are
generated by some embodiments of the invention by captur-
ing an acoustic event with any of a variety of commonly
available microphone arrangements (e.g., B-format micro-
phones) and encoding the resulting microphone outputs into
a matrix-encoded signal pair.

BRIEF DESCRIPTION OF THE INVENTION

[0028] Inaclass of embodiments, the invention is a method
for generating a matrix-encoded two-channel (stereo) audio
signal, Lt, Rt, in response to a horizontal B-format signal
comprising signals W=SourceSig, X=cos OxSourceSig, and
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Y=sin 0xSourceSig, where SourceSig is the waveform of a
source audio signal and 0 is the azimuth of the source audio
signal, said method including a step of:

[0029] (a) performing on the horizontal B-format signal a
mixing operation having form

where S:e]‘PxT, W is a real phase shift, and T is a 2%3 matrix.

[0030] Inany embodiment of the invention, the expression
“mixing operation having” an indicated “form” denotes
either that the mixing operation is identical to the operation
having the indicated form, or that the mixing operation differs
from the operation having the indicated form by presence of
a scaling factor. For example, one example of a mixing opera-
tion having “form” K=LxM, where K and M are vectors and
L is amatrix, is the operation K=(sL.)xM, where s is a scaling
factor.

[0031] Intheabove-noted class of embodiments, the matrix
T is preferably selected from the group consisting of M and
M_=M, where

el

1+ 1-j 1+j
W2 W2 22
1—j 145 =-1+j

W2 22 22

1-j 1+j 1-j
W2 22 242
1+ 1-j

WZ W2 2V2

[0032] In typical embodiments in this class, the source
audio signal has a frequency domain representation including
at least one frequency component, each said frequency com-
ponent having a different frequency, w, the horizontal B-for-
mat signal has complex frequency components W(w), X(w),
and Y(w) for each frequency component of the source audio
signal, and step (a) includes the step of:

[0033] for each said frequency component of the source
audio signal, generating complex frequency components,
Lt(w), Rt(w), of the matrix-encoded two-channel audio signal
in response to the frequency components W(w), X(w), and
Y(w), of the horizontal B-format signal by performing a
mixing operation having form

W(w)
X(w)
Y(w)

5

[an)

Rnw)}:smnx

where S(w)=¢/*“ T, and W(w) is a real phase shift whose
value depends on the frequency, w. Preferably, the 2x3 matrix
T is selected is selected from the group consisting of M and
M_=M, where
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1+j 1—-j 1+j
W2 242 22
B j —14+j

W2 W2 W2

and

1-j 1+j 1-j
W2 W2 22
1+j 1-j -1-j

WZ 22 22

[0034] Typically, each set of three frequency components
W(w), X(w), and Y(w) of the horizontal B-format signal is
indicative of a frequency component, SourceSig(w), of the
source audio signal, and each said set of three frequency
components W(m), X(w), and Y(w) is W(w)=SourceSig(w),
X(mw)=cos OxSourceSig(w), and Y(w)=sin 8xSourceSig(w).
Also typically, the matrix-encoded two-channel audio signal
Lt, Rt, is a time domain, matrix-encoded two-channel audio
signal, and the method also includes a step of:

[0035] (b) performing a frequency-to-time domain trans-
form on the frequency components Lt(w), Rt(w) generated in
step (a) to determine said time domain, matrix-encoded two-
channel audio signal.

[0036] In embodiments in which the horizontal B-format
signal is indicative of a source audio signal having at least one
frequency component, each frequency component having a
different frequency, w, and the horizontal B-format signal has
frequency components W(w), X(w), and Y(w) for each fre-
quency component of the source audio signal, each frequency
o is typically measured in radians per second, the frequency
components W(w), X(w), and Y(w) are typically defined for
only positive frequencies, and the complex gain values
included in the matrix S(w) are gains that apply to positive
frequencies (0>0). It is also within the scope of the invention
for the frequency components W(w), X(w), and Y(w) to be
defined for positive and negative frequencies, and to apply in
step (a) the matrix S(m)=¢/*“xT to the components W(w),
X(w), and Y(w) having positive frequency, and to apply in
step (a) the complex conjugate of said matrix S(w) to the
components W(w), X(w), and Y(w) having negative fre-
quency.

[0037] In another class of embodiments, the invention is a
method for generating a matrix-encoded two-channel (stereo)
audio signal, including the steps of generating microphone
output signals (by capturing sound with a microphone array),
and performing a mixing operation on the microphone output
signals, wherein the mixing operation is equivalent to (e.g.,
comprises the steps of) generating a horizontal B-format sig-
nal in response to the microphone output signals and gener-
ating the matrix-encoded two-channel audio signal, Lt, Rt, in
response to the horizontal B-format signal in accordance with
any embodiment of the inventive method. The microphone
array is typically a small array of cardioid microphones (e.g.,
an array consisting of three cardiod microphones). In one
subclass of embodiments in this class, the mixing operation
includes the steps of: generating the horizontal B-format sig-
nal in response to the microphone output signals; and gener-
ating the matrix-encoded two-channel audio signal, Lt, Rt, in
response to the horizontal B-format signal in accordance with
any embodiment of the inventive method.
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[0038] In a second subclass of embodiments in this class,
the microphone output signals are a set of n microphone
signals, M1, . . ., Mn, and the mixing operation has form

M1

Mn

where S'=¢/¥xT', W is a real phase shift, and T' is a 2xn
matrix.

[0039] In some embodiments in the second subclass, n=3,
the microphone output signals are a left channel signal, L
(having a frequency domain representation including at least
one frequency component, [.(w), where ®w denotes fre-
quency), a right channel signal, R (having a frequency
domain representation including at least one frequency com-
ponent, R(w)), and a surround (rear) channel signal, S (having
a frequency domain representation including at least one
frequency component, S(w)), the matrix-encoded two-chan-
nel audio signal, Lt, Rt, has a frequency domain representa-
tion including at least one pair of frequency components,
Lt(w), Rt(w), and the step of generating the matrix-encoded
two-channel audio signal, Lt, Rt, includes a step of:

[0040] (a) generating the frequency components Lt(w),

Rt(w) in response to the frequency components L(w), R(w),
and S(w), by performing a mixing operation having form

L{w)
R(w)
S(w)

5

[an)

Rnw)}:s(w)x

where S' (0)=¢/¥@xT", W(w) is a real phase shift whose
value depends on the frequency, w, and T' is a 2x3 matrix.
Preferably, the matrix T' is selected from the group consisting
of

2/3  2/3  2/3
Mx| 23 2/3 —4/3| 4

2/N3 2v3 0

2/3 2/3  2/3
M. x| 2/3 2/3 -4/3 |
2/N3 2V3 0
I+j 1-j 1+j
NN
1—-j 1+j -1+j

WZ W2 22

where M = and

1-j 1+j 1-j

WZ W2 02

1+j 1-j -1-j|

WZ W2 2V2
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Typically, the matrix-encoded two-channel audio signal Lt,
Rt, is a time domain, matrix-encoded two-channel audio sig-
nal, and the step of generating the matrix-encoded two-chan-
nel audio signal, Lt, Rt, also includes a step of:

[0041] (b) performing a frequency-to-time domain trans-
form on the frequency components Lt(w), Rt(w) generated in
step (a) to determine the time domain, matrix-encoded two-
channel audio signal.

[0042] Aspects of the invention include a system (e.g., an
encoder) configured (e.g., programmed) to perform any
embodiment of the inventive method, and a computer read-
able medium (e.g., a disc) which stores code for programming
aprocessor or other system to perform any embodiment of the
inventive method.

BRIEF DESCRIPTION OF THE DRAWINGS

[0043] FIG.11is adiagram of an audio signal source located
as shown in an X-Y coordinate system. The audio signal
emitted from the source is received by a microphone array or
listener at the origin of the X-Y coordinate system, and the
source is at the indicated azimuth 6 relative to the origin of the
X-Y coordinate system.

[0044] FIG. 2 is a block diagram of a system implementing
an embodiment of the inventive method, including a micro-
phone array and three encoders (2, 4, and 6). Encoder 6 is an
embodiment of the invention and encoder 2 is another
embodiment of the invention.

[0045] FIG. 3 is an equation defining a conventional trans-
form.
[0046] FIG. 4 is a set of equations that defines a transform

implemented in accordance with an embodiment of the inven-
tion.

[0047] FIG. 5 is an equation defining a conventional trans-
form.
[0048] FIG. 6 is an equation defining a conventional trans-
form.
[0049] FIG. 7 is an equation which defines a combination of

the FIG. 5 and FIG. 6 transforms.

[0050] FIG. 8 is a graph of the power of the Lt signal
generated by the method of equation (10) as a function of
azimuth 0 (the solid curve), the power of the Rt signal gen-
erated by this method as a function of azimuth 6 (the dashed
curve), and the total power of these Lt and Rt signals as a
function of azimuth 6 (the dotted curve).

[0051] FIG.9is a graph of the phase difference between the
Lt and Rt signals of FIG. 8 as a function of the azimuth 6.

[0052] FIG. 10 is a graph of the power of the Lt signal
generated by the conventional method of equation (24) as a
function of azimuth 6 (the solid curve), the power of the Rt
signal generated by this method as a function of azimuth 6
(the dashed curve), and the total power of these Lt and Rt
signals as a function of azimuth 6 (the dotted curve).

[0053] FIG. 11 is a graph of the phase difference between
the Lt and Rt signals of FIG. 10 as a function of the azimuth
0.

[0054] FIG.12isablock diagram of a system configured to
perform an embodiment of the inventive method by imple-
menting a mixing operation having form as set forth in equa-
tion (12).
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DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

[0055] Many embodiments of the present invention are
technologically possible. It will be apparent to those of ordi-
nary skill in the art from the present disclosure how to imple-
ment them. Embodiments of the inventive system and method
will be described with reference to FIGS. 2-4, 8-9, and 12.
[0056] Typical embodiments of the present invention are
methods and systems which mix a horizontal B-format signal
(consisting of signals W=SourceSig, X=cos OxSourceSig,
and Y=sin 0xSourceSig) into a matrix-encoded two-channel
(stereo) signal pair (Lt, Rt). A matrix-encoded stereo signal
pair (Lt, Rt) is determined by a source azimuth 0 and gains G,
and Gy, that obey Equations (1), (2), and (3) set forth above.
The matrix-encoded stereo signal pair, Lt, Rt, generated in
accordance with these embodiments possesses the following
desirable properties:

[0057] the power of the stereo signal pair Lt, Rt, is inde-
pendent of the source signal azimuth 6 (and is determined
only by the source magnitude, SourceSig); and

[0058] the stereo signal pair Lt, Rt determined from a
source signal with azimuth equal to zero (a front-center
source signal) has no phase shift between the Lt and Rt
channels.

[0059] In a class of embodiments, the inventive method
generates a matrix-encoded stereo signal pair (Lt, Rt) in
response to an input horizontal B-format signal (W, X, andY)
by performing a mixing operation defined simply in terms of
a 2x3 matrix, M, and having form:

w (10)
Lr
[ }:Mx X
Rt
Y
1+j 1-j 1+ (11
22 242 2v2
where, M =
1—-j 1+j -1+j
22 242 2v2

The mixing operation of equations (10) and (11) thus has
form:

I+j 1-j 1+j (12)
_[Lr}_ WT WD WD | Y
Rt 1—-j 1+j -1+j

PN NN B

Equations (10) and (12) assume that the input horizontal
B-format signal has a single frequency component. In the
typical case of an input horizontal B-format signal having
multiple frequency components (i.e., the case that each of W,
X, and Y has multiple frequency components), equations (10)
and (12) determine for each of the frequency components
having frequency, w, a matrix-encoded stereo signal pair
(Lt(w), Rt(w)), where Lt(w) is a frequency component of a
time domain representation of the matrix-encoded signal, Lt,
and Rt(w) is a frequency component of a time domain repre-
sentation of the matrix-encoded signal, Rt, in response to the
corresponding frequency components W(w), X(m), and Y (w),
of the input horizontal B-format signal.
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[0060] Inother embodiments, variants of the matrix defined
in equation (11) are applied (in place of matrix M in equation
(10) to produce a matrix-encoded Lt, Rt signal in response to
an input horizontal B-format signal. For example, one such
alternative matrix is the complex conjugate matrix:

1—j 1+j 1-j (13)
W2 22 22

. V2 W2 22
1+j 1-j —1—j
W2 W2 W2

where said matrix M., is the matrix formed by taking the
complex conjugate of each element of the matrix M. Also,
either of the matrices defined in equations defined in equa-
tions (14) and (15) below, which are determined by applying
an arbitrary complex phase shift to the matrices of equations
(11)and (13), can be applied (in place of matrix M in equation
(10)) to produce a matrix-encoded Lt, Rt signal in response to
an input horizontal B-format signal:

My=e'YxM 14)
M, =" <M 15)

where W is an arbitrary (real) phase shift. The phase shift ¥
can be a frequency dependent phase shift (e.g., as might occur
if an all-pass filter were applied to the elements of the matrix
M). In the case that the input horizontal B-format signal has
multiple frequency components (i.e., each of W, X, and Y has
multiple frequency components) and the phase shift ¥ is
frequency dependent, equation (12) with the matrix defined in
equation (14) or (15) replacing matrix M of equation (10),
determines for each of the frequency components having
frequency, m, a matrix-encoded stereo signal pair (Lt(w),
Rt(w)), where Lt(w) is a frequency component of a time
domain representation of the matrix-encoded signal, Lt, and
Rt(w) is a frequency component of a time domain represen-
tation of the matrix-encoded signal, Rt, in response to the
corresponding frequency components W(w), X(m), and Y (w),
of the input horizontal B-format signal.

[0061] A preferred embodiment of the present invention
implements the mixing operation having form set forth in
equation (12). However, it is contemplated that some alterna-
tive embodiments employ a mixing matrix as defined in
Equation (13), (14), or (15), in place of matrix M of equations
(10) and (11), to generate valid matrix-encoded stereo sig-
nals.

[0062] Typically, the source audio signal represented by the
horizontal B-format signal has a frequency domain represen-
tation including at least one frequency component, the hori-
zontal B-format signal has frequency components W(w),
X(w), and Y(w) for each frequency component of the source
audio signal having frequency, w, and the inventive method
includes a step of:

[0063] (a) for each frequency component of the source
audio signal having frequency, w, generating frequency com-
ponents, Lt(w), Rt(w), of a matrix-encoded two-channel
audio signal in response to the frequency components W(w),
X(w), and Y(w), of the horizontal B-format signal by per-
forming a mixing operation having form
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X(w)

[ Li(w)
Y(w)
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Ri(w)
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where S=¢/“xT, W(w) is a real phase shift whose value
depends on the frequency, m, and T is a 2x3 matrix.

[0064] Preferably, the matrix T is selected is selected from
the group consisting of

M and M. =M,

1+ 1-j 1+j

where M = 2\/5, 2\/5, 2\/3, and
1—j 145 =-1+j
W2 22 22
| 20T L
145 1-j -1-j
W2 W2 22
[0065] Typically, the matrix-encoded two-channel audio

signal Lt, Rt, is a time domain, matrix-encoded two-channel
audio signal, and the method also includes a step of:

[0066] performing a frequency-to-time domain transform
on the frequency components Lt(w), Rt(w) generated in step
(a) to determine the time domain, matrix-encoded two-chan-
nel audio signal.

[0067] In embodiments in which the horizontal B-format
signal is indicative of a source audio signal having multiple
frequency components, each trio of frequency components
W(w), X(w), and Y(w) of the horizontal B-format signal may
be indicative of a component, SourceSig(w), of the source
audio signal, and the frequency components W(w), X(w), and
Y (w) of the horizontal B-format signal are W(w)=SourceSig
(), X(m)=cos OxSourceSig(w), and Y(w)=sin OxSourceSig
(w).

[0068] In embodiments in which the horizontal B-format
signal is indicative of a source audio signal having at least one
frequency component, each frequency component having a
different frequency, w, and the horizontal B-format signal has
frequency components W(w), X(w), and Y(w) for each fre-
quency component of the source audio signal, each frequency
w is typically measured in radians per second, the frequency
components W(w), X(w), and Y(w) are typically defined for
only positive frequencies, and the complex gain values
included in the matrix S(w) are gains that apply to positive
frequencies (w>0). It is also within the scope of the invention
for the frequency components W(w), X(w), and Y(w) to be
defined for positive and negative frequencies, and to apply in
step (a) the matrix S=¢/*“’«T to the components W(w),
X(w), and Y(w) having positive frequency, and to apply in
step (a) the complex conjugate of said matrix S to the com-
ponents W(w), X(w), and Y(w) having negative frequency. In
general, for complex gain values, a gain of j (a+90 degree
phase shift) corresponds to an inverse-Hilbert transform,
which applies a gain of j to the positive frequencies of the
signal, and a gain of —j to the negative frequencies of the
signal. Thus, the complex gain values in the above-discussed
matrix S=¢/*“«T are applied only to positive frequencies of
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the signals being processed, but the complex conjugates of
these values would be applied to the negative frequency com-
ponents (if any) of the signals.

[0069] Ingeneral, with reference to the expression Y(w)=G
(0)xX(mw), where Y and X are signals, and G is a frequency
dependant gain, there some important points to note about the
multiplication operation (X):

[0070] If x(t) is the original time-domain real signal and
X(w)=F{x(1)} is the Fourier transform of x(t), then X(w) is a
Hermitian function of w. Thus, the real part of X(w) is an even
function, and the imaginary part of X(w) is an odd function
(this is a consequence of x(t) being real);

[0071] In general, it is preferred to ensure that all fre-
quency-dependent signal or gain functions are Hermitian
functions (so that we can be assured that these frequency
domain signal or gain functions correspond to real time
domain functions). We already know that X(w) is Hermitian,
and if we force G(w) to be Hermitian, this ensures that Y(w)
will also be Hermitian;

[0072] IfY(w)is Hermitian, then we can be assured that the
inverse Fourier transform: y(t)=InvF{Y(w)} will be a real
signal;

[0073] In practical DSP systems (e.g., those which imple-
ment typical embodiments of the invention), signals are often
processed in the frequency domain, and in so doing, the
Fourier components that correspond to negative frequencies
w are typically discarded. The transform known as “Real
FFT” does this automatically. The negative frequencies can
be discarded because they can be regenerated at any time, if
needed, by assuming that the overall frequency response was
Hermitian, and therefore we can re-calculate X(-mw)=conju-
gate (X(w)); and

[0074] In the case of signal processing (performed in typi-
cal embodiments of the invention) using only the positive
frequency components (e.g., from an FFT operation), it is
convenient to state “multiply the signal by jk”, where k is an
arbitrary value, when this implicitly denotes multiplying the
negative frequency components (if any) of the signal by the
conjugate, which is —jk.

[0075] In another class of embodiments, a matrix-encoded
two-channel (stereo) audio signal is generated by generating
microphone output signals (by capturing sound with a micro-
phone array), and performing a mixing operation on the
microphone output signals, where the mixing operation is
equivalent to generating a horizontal B-format signal in
response to the microphone output signals, and generating the
matrix-encoded two-channel audio signal, Lt, Rt, in response
to the horizontal B-format signal in accordance with any
embodiment of the inventive method. The microphone array
is typically a small array of cardioid microphones (e.g., an
array consisting of three cardiod microphones).

[0076] For example, the array of microphones may be
implemented as an element of a teleconferencing (or audio/
video conferencing) system. One such system would include
an apparatus at each user location, with each such apparatus
including a microphone array, and an encoder coupled and
configured to generate a matrix-encoded two-channel audio
signal in response to the output of the microphone array in
accordance with an embodiment of the inventive method. The
matrix-encoded two-channel audio signal would be transmit-
ted (after optional subsequent processing) to each of the other
user locations (e.g., for rendering by a headset or loudspeaker
array, optionally after decoding and/or other processing).
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[0077] Inasubclass of embodiments in this class, the mix-
ing operation includes steps of: generating the horizontal
B-format signal in response to the microphone output signals;
and generating the matrix-encoded two-channel audio signal,
Lt, Rt, in response to the horizontal B-format signal in accor-
dance with any embodiment of the inventive method.

[0078] In a second subclass of embodiments in this class,
the microphone output signals are a set of n microphone
signals, M1, . . ., Mn, and the mixing operation has form

M1

Mn

where S'=¢’¥xT', W is a real phase shift, and T' is a 2xn
matrix.

[0079] In some embodiments in the second subclass, n=3,
the microphone output signals are a left channel signal, L
(having a frequency domain representation including at least
one frequency component, [.(w), where ®w denotes fre-
quency), a right channel signal, R (having a frequency
domain representation including at least one frequency com-
ponent, R(w)), and a surround (rear) channel signal, S (having
a frequency domain representation including at least one
frequency component, S(w)), the matrix-encoded two-chan-
nel audio signal, Lt, Rt, has a frequency domain representa-
tion including at least one pair of frequency components,
Lt(w), Rt(w), and the step of generating the matrix-encoded
two-channel audio signal, Lt, Rt, includes a step of:

[0080] generating the frequency components Lt(w), Rt(w)
in response to the frequency components L(w), R(w), and
S(w), by performing a mixing operation having form

L{w)
R(w)

[ Li(w)
S(w)

Ri(w) } =S@)x

5

where S' (0)=¢/¥@xT", W(w) is a real phase shift whose
value depends on the frequency, w, and T' is a 2x3 matrix.
Preferably, the matrix T' is selected from the group consisting
of

2/3  2/3  2/3
Mx| 2/3 2/3  -4/3| and

2/N3 2v3 0

2/3  2/3  2/3

M. x| 2/3 2/3 -4/3 |
2/N3 2V3 0
I+j 1-j 1+j
2v2 22 2V2
where M = \/_ \/_ \/_ and
1—-j 1+j -1+j
W2 W2 W2
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-continued
1—-j 1+j 1-j
e
Lej 1oj oo
242 242 242
[0081] For example, the system of FIG. 2 includes a three

capsule microphone array (comprising microphones 1,3, and
5) coupled to each of encoders 2 and 4. Encoder 4 has inputs
coupled to receive the three output signals (L, R, and S) of the
microphone array, and is configured to mix the microphone
output signals (L, R, and S) to generate a horizontal B-format
signal (W, X, andY). Encoder 2 is configured in accordance
with any embodiment of the present invention (e.g., the
embodiment described below with reference to equations
(17) and (18) of FIG. 4) to generate a matrix-encoded stereo
signal (Lt, Rt) in response to the microphone output signals
(L, R, and S). Encoder 6 of FIG. 2 has inputs coupled to
receive the three channels (W, X, and Y) of the horizontal
B-format signal generated by encoder 4, and is configured in
accordance with any embodiment of the present invention
(e.g., the embodiment described with reference to equations
(10) and (11), or an embodiment which employs the mixing
matrix of equation (13), (14), or (15) in place of matrix M of
equations (10) and (11)) to generate a matrix-encoded stereo
signal (Lt, Rt) in response to the horizontal B-format signal.

[0082] The microphone array of FIG. 2 includes three
microphones (sometimes referred to as capsules) 1, 3, and 5.
In response to an audio signal from a source located in the
forward direction (identified in FIG. 2), microphone 1 pro-
duces a left (L) output signal, microphone 3 produces a right
(R) output signal, and microphone 5 produces a surround (S)
output signal. Signals [, R, and S thus correspond to source
azimuth angles of 60°, —-60°, and 180°, respectively. Micro-
phones 1, 3, and 5 can be implemented as simple cardiod
microphones, so that the output signals L, R, and S are car-
dioid signals. Output signals L., R, and S can be converted to
the W, X, andY signals of a horizontal B-format signal via the
matrix operation indicated in equation (16) shown in FIG. 3.

[0083] Thus, an embodiment of the invention employs a
matrix transformation, as indicated in equation (17) shown in
FIG. 4, which generates a matrix-encoded stereo signal (Lt,
Rt) inresponse to the [, R, and S signals. Matrix F of equation
(17) is defined by equation (18), also shown in FIG. 4.

[0084] Hence, matrix F of equation (17) provides a means
for converting the three microphone signals output from
microphones 1, 3, and 5 to the matrix-encoded stereo signal
(Lt, Rt). As previously discussed, alternatives exist for the
matrix M of equation (18). If any of these alternative matrices
(M_, My, M_ ) are substituted in equation (18) in place of
matrix M, then alternative versions of the matrix F are gen-
erated. These alternative versions of the matrix F, which are
also useful to create viable Matrix encoded L, R, signals, are:

F=F, (19)
Fy=€"'xF, and (20)
FC,LPT:e/:‘yXE (21

where each element of T is the complex conjugate the corre-
sponding element of F, and W is an arbitrary (real) phase shift
(or W is a frequency dependent phase shift).
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[0085] There are known methods for converting B-format
signals to speaker signals for multi-channel playback, and
there are also known methods for converting multi-channel
speaker signals to matrix encoded signals. However, conven-
tional B-format to speaker processing combined with conven-
tional speaker to matrix-encode processing cannot create a
viable matrix-encoded signal, Lt, Rt.

[0086] For example, an example of conventional decoding
of'a B-format signal to a format for driving multiple speakers
(left channel L for driving a left speaker, right channel R for
driving a right speaker, center channel C for driving a front,
center speaker, and channel R for driving a rear speaker) is
shown in equation (22), set forth as FIG. 5. This decoding can
be implemented with a fairly simple decoder. Alternative
conventional methods of this type exist that may have slightly
different values in the matrix than those shown in equation
(22).

[0087] An example of conventional encoding of multiple
speaker feeds such as those generated in accordance with
equation (22) to create a stereo signal pair, Lt, Rt, is shown in
equation (23), set forth as FIG. 6. This is commonly done
using the well known Dolby Pro Logic encoder.

[0088] By combining together the conventional methods of
equations (22) and (23), one can produce stereo signal pair,
Lt, Rt, in response to a B-format signal as shown in equation
(24), set forth as FIG. 7.

[0089] We can validate the effectiveness of the method
represented by equation (24) for generating a matrix encoded
two-channel audio signal (i.e., to assess whether the Lt and Rt
signals generated by this method are a matrix encoded two-
channel audio signal) by considering the amplitude of the Lt
and Rt signals generated by the equation (24) method, and the
relative phase difference between them as a function of azi-
muth 0. FIGS. 8 and 9 show the magnitude and phase char-
acteristics of the embodiment of the inventive matrix encod-
ing method represented by equation (10) above, which
employs matrix M set forth in equation (10). FIGS. 10 and 11
show the magnitude and phase characteristics of the conven-
tional method represented by equation (24).

[0090] InFIG.8,the powerofthe Ltsignal generated by the
inventive method of equation (10) is shown as a function of
azimuth 6 by the solid curve, the power of the Rt signal
generated by this method is shown as a function of azimuth 6
by the dashed curve, and the total power of these L.t and Rt
signals is shown as a function of azimuth 6 by the dotted
curve. FIG. 9 shows the phase difference between the Lt and
Rt signals of FIG. 8 as a function of the azimuth 6.

[0091] InFIG. 10, the power of the Lt signal generated by
the conventional method of equation (24) is shown as a func-
tion of azimuth 6 by the solid curve, the power of the Rt signal
generated by this method is shown as a function of azimuth 6
by the dashed curve, and the total power of these L.t and Rt
signals is shown as a function of azimuth 6 by the dotted
curve. FIG. 11 shows the phase difference between the Lt and
Rt signals of FIG. 10 as a function of the azimuth 6.

[0092] As apparent from FIG. 10, the total power of the Lt
and Rt signals generated by the conventional method of equa-
tion (24) is not constant as a function of azimuth 6. In contrast,
FIG. 8 (i.e., the dotted curve at the top) shows that the total
power of the Lt and Rt signals generated by the inventive
method of equation (10) is constant as a function of azimuth
0.

[0093] FIG. 9 shows that the phase difference between the
Lt and Rt signals generated by the inventive method of equa-
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tion (10) is 0° or 180° over all values of azimuth 0. This is the
desired 0°/180° phase characteristic that a matrix-encoded
signal pair should typically exhibit. In contrast, FIG. 11
shows that the conventional method of equation (24) does not
produce the desired 0°/180° phase characteristic that a
matrix-encoded signal pair should typically exhibit.

[0094] FIG.12isablock diagram of a system configured to
perform an embodiment of the inventive method by imple-
menting a mixing operation having form as set forth in equa-
tion (12). The system of FIG. 12 includes the following signal
processing components: gain block 10 which is configured to
scale each of the input signals W, X, and Y by 0.3536; block
12 (coupled to block 10) which is configured to invert the
outputs of block 10 (the scaled signals W, X, and Y) and to add
the indicated combinations of the scaled signals W, X, and Y
and the inverted, scaled signals W, X, andY; and a final (phase
shift and summing) stage. In the final stage, each block
labeled “Ph(90)” is configured to apply a 90 degree phase
shift to its input (one of the Ph(90) blocks is also identified in
FIG. 12 by the reference numeral 14), and is typically imple-
mented as an FIR filter (possibly implemented using fre-
quency domain convolution methods). In the final stage, each
block labeled “Ph(0)” (one of the Ph(0) blocks is also identi-
fied in FIG. 12 by the reference numeral 16) is configured to
provide an all-pass delay compensation, so that the effect of
each Ph(90) block is to provide a transfer function that
includes a 90-degree phase shift, relative to the transfer func-
tion of each Ph(0) block. This is a common method, known to
those of ordinary skill in the art, whereby a 90-degree phase
shift in one channel will incur some group-delay, so that a
“non-phase shifted” channel will require some added delay
(provided, inthe FIG. 12 embodiment, by the Ph(0) blocks) to
match the delay resulting from the 90-degree phase shift. In
the final stage, the outputs of blocks 14 and 16 is summed to
generate the output signal, Lt, and the outputs of the other two
Ph(0) and Ph(90) blocks is summed to generate the output
signal, Rt, as shown.

[0095] Otheraspects of the invention include a system (e.g.,
the system of FIG. 2 or 12, or encoder 2 of FIG. 2, or encoder
6 of FIG. 2) configured (e.g., programmed) to perform any
embodiment of the inventive method, and a computer read-
able medium (e.g., a disc) which stores code for programming
aprocessor or other system to perform any embodiment of the
inventive method.

[0096] In some embodiments, the inventive system is an
encoder (e.g., encoder 2 or encoder 6 of FIG. 2) which is or
includes a digital signal processor (DSP) configured to per-
form an embodiment of the inventive method. The DSP
should have an architecture suitable for processing the
expected input data (e.g., audio samples) and be configured
(e.g., programmed) with appropriate firmware and/or soft-
ware to implement an embodiment of the inventive method.
The DSP could be implemented as an integrated circuit (or
chip set) and would include program and data memory acces-
sible by its processor(s). Alternatively, the inventive system is
an encoder (e.g., encoder 2 or encoder 6 of FIG. 2) which is
implemented as a general or special purpose processor pro-
grammed with appropriate software (or firmware) and/or is
otherwise configured to perform an embodiment of the inven-
tive method, or is implemented in hardware configured to
perform an embodiment of the inventive method. In some
embodiments, the inventive system (e.g., encoder) includes a
sampling stage coupled to receive input audio and configured
to generate data (samples of the input audio) suitable for
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processing in accordance with an embodiment of the inven-
tive method. For example, encoder 2 (or encoder 4) of FIG. 2
may be implemented to include such a sampling stage for
sampling the output of microphones 1, 3, and 5 (when the
output of microphones 1, 3, and 5 is not already a stream of
samples suitable for processing in accordance with an
embodiment of the inventive method), and a processing stage
configured to perform an embodiment of the inventive
method in response to audio samples asserted thereto from
the sampling stage.

[0097] While specific embodiments of the present inven-
tion and applications of the invention have been described
herein, it will be apparent to those of ordinary skill in the art
that many variations on the embodiments and applications
described herein are possible without departing from the
scope of the invention described and claimed herein. It should
be understood that while certain forms of the invention have
been shown and described, the invention is not to be limited to
the specific embodiments described and shown or the specific
methods described.

1-36. (canceled)

37. A method for generating a matrix-encoded two-chan-
nel audio signal, Lt, Rt, in response to a horizontal B-format
signal comprising  signals = W=SourceSig, X=cos
OxSourceSig, and Y=sin 6xSourceSig, where SourceSig is
the waveform of a source audio signal and is the azimuth of
the source audio signal, said method including a step of:

(a) performing on the horizontal B-format signal a mixing
operation having form

where S=¢/¥xT, W is a real phase shift, where T is a 2x3
matrix and wherein the matrix T is selected from the group
consisting of M and M_=M, where

1+ 1-j 1+j

- W2 W2 22
Tl 1=j 1+ -1+
W2 W2 22
1-j 1+j 1-j
W2 W2 22
wam, =77 | 2 22 22
145 1-j -1-j
W2 W2 22

38. The method of claim 37, wherein the source audio
signal has a frequency domain representation including at
least one frequency component, each said frequency compo-
nent having a different frequency, w, the horizontal B-format
signal has frequency components W(w), X(w), and Y(w) for
each frequency component of the source audio signal, and
step (a) includes the step of:

for each said frequency component of the source audio

signal, generating frequency components, Lt(m), Rt(w),
of the matrix-encoded two-channel audio signal in
response to the frequency components W(w), X(w), and
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Y(w), of the horizontal B-format signal by performing a
mixing operation having form

W(w)
X(w)
Y(w)

5

[ Li(w)

Ri(w) } = Sw)x

where S(w)=¢/*“«T, and W(m) is a real phase shift whose
value depends on the frequency, .

39. The method of claim 38, wherein the matrix-encoded
two-channel audio signal Lt, Rt, is a time domain, matrix-
encoded two-channel audio signal, and the method also
includes a step of:

(b) performing a frequency-to-time domain transform on
the frequency components Lt(w), Rt(w) generated in
step (a) to determine said time domain, matrix-encoded
two-channel audio signal.

40. The method of claim 38, wherein each set of three
frequency components W(w), X(w), and Y (w) of the horizon-
tal B-format signal is indicative of a frequency component,
SourceSig(w), of the source audio signal, and each said set of
three frequency components W(w), X(w), and Y(w) is W(w)
=SourceSig(w), X(w)=cos OxSourceSig(w), and Y(w)=sin
OxSourceSig(w).

41. The method of claim 37, further including the steps of:

generating microphone output signals by capturing sound
with a microphone array; and

generating the horizontal B-format signal in response to
the microphone output signals.

42. The method of claim 41, wherein the source audio
signal has a frequency domain representation including at
least one frequency component, each said frequency compo-
nent having a different frequency, w, the horizontal B-format
signal has frequency components W(w), X(w), and Y(w) for
each frequency component of the source audio signal, and
generating the matrix-encoded two-channel audio signal, Lt,
Rt, in response to the horizontal B-format signal includes a
step of:

for each said frequency component of the source audio
signal, generating frequency components, Lt(m), Rt(w),
of the matrix-encoded two-channel audio signal in
response to the frequency components W(w), X(w), and
Y(w), of the horizontal B-format signal by performing a
mixing operation having form

W(w)
X(w)
Y(w)

5

[ Li(w)

Ri(@) } = S(w) X

where S(w)=¢/*“«T, and W(m) is a real phase shift whose
value depends on the frequency, .

43. The method of claim 42, wherein the matrix-encoded
two-channel audio signal Lt, Rt, is a time domain, matrix-
encoded two-channel audio signal, and the method also
includes a step of:

performing a frequency-to-time domain transform on the

generated frequency components Lt(w), Rt(w) to deter-
mine said time domain, matrix-encoded two-channel
audio signal.
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44. A method for generating a matrix-encoded two-chan-
nel audio signal, Lt, Rt, including the steps of:

generating microphone output signals by capturing sound
with a microphone array, wherein the microphone out-
put signals are a set of n microphone signals; wherein
n=3, and wherein the microphone output signals are a
left channel signal, L, a right channel signal, R, and a
surround channel signal, S and

generating the matrix-encoded two-channel audio signal,
Lt, Rt, in response to the microphone output signals
including by performing a mixing operation on said
microphone output signals, said mixing operation hav-

ing form
L
Lt
=5 %x|R
Ri 5

where S'=¢/*xT', W is a real phase shift, where T' is a 2xn
matrix, and wherein the matrix T" is selected from the group
consisting of

2/3  2/3  2/3
Mx| 2/3  2/3 -4/3|and
2/N3 2v3 0
2/3  2/3 23
M. x 2/3 2/3  —4/3 | where
2/N3 2V3 0
1+ 1-j 1+j
W2 W2 22
M= . . .| and
1—j 145 =-1+j
W2 W2 22
1-j 1+j 1-j
W2 W2 22
M, T = V2 2D «F_
1+j 1-j -1-j
W2 W2 22

45. The method of claim 44, wherein the left channel
signal, L, has a frequency domain representation including at
least one frequency component, L(w), where w denotes fre-
quency, the right channel signal, R, has a frequency domain
representation including at least one frequency component,
R(w), and the surround channel signal, S, has a frequency
domain representation including at least one frequency com-
ponent, S(w), the matrix-encoded two-channel audio signal,
Lt, Rt, has a frequency domain representation including at
least one pair of frequency components, Lt(w), Rt(w), and the
step of generating the matrix-encoded two-channel audio
signal, Lt, Rt, includes a step of:

generating the frequency components Lt(w), Rt(w) in
response to the frequency components L(w), R(w), and
S(w), by performing a mixing operation having form

10
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L{w)
R(w)
S(w)

5

[ Li(w)

Ri(w) } =S @)

where S' (0)=¢/¥@xT", W(w) is a real phase shift whose
value depends on the frequency, .

46. The method of claim 45, wherein the matrix-encoded
two-channel audio signal Lt, Rt, is a time domain, matrix-
encoded two-channel audio signal, and the step of generating
the matrix-encoded two-channel audio signal, Lt, Rt, also
includes a step of:

performing a frequency-to-time domain transform on the

generated frequency components Lt(w), Rt(w) to deter-
mine the time domain, matrix-encoded two-channel
audio signal.

47. A system configured to generate a matrix-encoded
two-channel audio signal, Lt, Rt, in response to a horizontal
B-format signal comprising signals W=SourceSig, X=cos
OxSourceSig, and Y=sin 0xSourceSig, where SourceSig is
the waveform of a source audio signal and 0 is the azimuth of
the source audio signal, said system including:

at least one input coupled to receive the horizontal B-for-

mat signal; and

a subsystem configured to perform on the horizontal B-for-

mat signal a mixing operation having form

[ [}
=5x%
Rt

Y

where S=¢’¥xT, W is a real phase shift, where T is a 2x3
matrix, and wherein the matrix T is selected from the group
consisting of M and M_=M, where

1+j 1—-j 1+j
i W2 22 22
Tl - 14 -1+j
W2 W2 22
1-j 1+j 1-j
W2 W2 22
wdm,=g7=| 2 WV 02
145 1-j -1-j
W2 W2 22

48. The system of claim 47, wherein the source audio
signal has a frequency domain representation including at
least one frequency component, each said frequency compo-
nent having a different frequency, w, the horizontal B-format
signal has frequency components W(w), X(w), and Y(w) for
each frequency component of the source audio signal, and the
subsystem is configured to perform an operation of:

for each said frequency component of the source audio
signal, generating frequency components, Lt(m), Rt(w),
of the matrix-encoded two-channel audio signal in
response to the frequency components W(w), X(w), and
Y(w), of the horizontal B-format signal by performing a
mixing operation having form
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W(w)
X(w)

[ Li(w)
Y(w)

Ri(w) } = S@)x

5

where S(w)=¢YxT, and W(w) is a real phase shift whose
value depends on the frequency, .

49. The system of claim 48, wherein the matrix-encoded
two-channel audio signal Lt, Rt, is a time domain, matrix-
encoded two-channel audio signal, and the subsystem is also
configured to perform a frequency-to-time domain transform
onthe generated frequency components Lt(w), Rt(w) to deter-
mine said time domain, matrix-encoded two-channel audio
signal.

50. The system of claim 48, wherein each set of three
frequency components W(w), X(w), and Y (w) of the horizon-
tal B-format signal is indicative of a frequency component,
SourceSig(w), of the source audio signal, and each said set of
three frequency components W(w), X(w), and Y(w) is W(w)
=SourceSig(w), X(w)=cos BxSourceSig(w), and Y(w)=sin
BxSourceSig(w).

51. The system of claim 47, further including:

a microphone array configured to generate microphone
output signals by capturing sound; and

asecond subsystem coupled to the microphone array and to
the at least one input, wherein the second subsystem is
configured to generate the horizontal B-format signal in
response to the microphone output signal and to provide
the horizontal B-format signal to the at least one input.

52. The system of claim 51, wherein the microphone array

is an array of cardioid microphones.

53. A system configured to generate a matrix-encoded

two-channel audio signal, Lt, Rt, said system including:

a microphone array configured to generate microphone
output signals by capturing sound, wherein the micro-
phone output signals are a set of n microphone signals;
wherein n=3, and the microphone output signals are a
left channel signal, L, a right channel signal, R, and a
surround channel signal, S; and

a subsystem coupled and configured to generate the
matrix-encoded two-channel audio signal, Lt, Rt, in
response to the microphone output signals including by
performing a mixing operation on said microphone out-
put signals, said mixing operation having form

where S'=¢/*xT', W is a real phase shift, where T' is a 2xn
matrix, and wherein the matrix T" is selected from the group
consisting of
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2/3  2/3  2/3
Mx| 2/3 2/3  -4/3| and

2/V3 -2v3 0

2/3 2/3  2/3
M. x 2/3 2/3  —4/3 | where

2/V3 -3 0

1+j 1—-j 1+j

2V2  2v2 2V2

M= . . .| and
1—-j 1+j —-1+j
292 2v2  2W2

1-j 1+j 1-j

W2 W2 2

M=M= o
1+j 1-j -1-j
W2 W2 22

54. The system of claim 53, wherein the microphone array
is an array of cardioid microphones.
55. The system of claim 53, wherein the left channel signal,
L, has a frequency domain representation including at least
one frequency component, [.(w), where o denotes frequency,
the right channel signal, R, has a frequency domain represen-
tation including at least one frequency component, R(w), and
the surround channel signal, S, has a frequency domain rep-
resentation including at least one frequency component,
S(w), the matrix-encoded two-channel audio signal, Lt, Rt,
has a frequency domain representation including at least one
pair of frequency components, Lt(w), Rt(w), and the sub-
system is configured to generate the matrix-encoded two-
channel audio signal, Lt, Rt, including by:
generating the frequency components Lt(w), Rt(w) in
response to the frequency components [.(w), R(w), and
S(w), by performing a mixing operation having form

Liw)
R(w)
S(w)

5

[ Li(w)

Ri(e) } =5 (w) X

where S' (0)=¢/¥@xT", W(w) is a real phase shift whose
value depends on the frequency, .

56. The system of claim 55, wherein the matrix-encoded
two-channel audio signal Lt, Rt, is a time domain, matrix-
encoded two-channel audio signal, and the subsystem is con-
figured to generate the matrix-encoded two-channel audio
signal, Lt, Rt, including by:

performing a frequency-to-time domain transform on the

generated frequency components Lt(w), Rt(w) to deter-
mine the time domain, matrix-encoded two-channel
audio signal.



