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A method of reproducing
sound comprises creating a sound
recording by recording the sound
received by individual sensors
of a compact cluster of at least
three spaced-apart sound sensors
which are located in a localised
region of the recording space
sound field which is desired to
be subsequently reproduced, and
subsequently  reconstructing a
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representation  of the original
sound field in a localised region
(S, Figure 2) of the listening space
corresponding to said localised
region of the recording space,
by arranging at least three sound
sources (Sources 1 to 4, Figure
10) in a spaced-apart distribution
which surrounds the centre of the
listening space localised region, the
reproduction being aimed primarily
at reproducing the direction of
propagation of the sound waves in

Source 3 (-2, -2) ®

iR
4

x1(m)

i Source 4 (2, -2)

the localised region of the recording space, the vector of signals input to the sound sources being produced by subjecting the vector of
recorded outputs of the sound sensors to a matrix (H(z)) of linear filters which have been derived using a least squares technique.
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METHOD OF REPRODUCING SOUND
This invention relates to a method and apparatus for reproducing sound.

Recent studies of the active control of acoustic fields have used analytical
methods and multi-channel signal processing techniques that can be usefully
applied to problems in sound reproduction. The perfect reproduction of an
acoustic field in both space and time is an unrealistic objective in practice. We
have shown that reproduction of a sound field over a restricted spatial region
can be achieved, to a close approximation to the original, by first recording the
acoustic signals at a finite number of positions in the original sound field. .The
signals are processed via a matrix of linear filters in order to produce the inputs
to a number of sources used for reproduction. An analysis in the frequency
domain shows that such a strategy could be ﬁseful, but its practicability at high
frequencies appears to be limited by the need to provide adequate spatial
sampling of the original field.

The present invention in one aspect is aimed at ensuring that the direction of
propagation of the waves in the original field are well approximated in the
reproduced field. This approach appears to be a more practicable alternative,
and offers the promise of successful operation over a wide frequency bandwidth.
We discuss hereinafter the realisability of the optimal filter matrix, and a

practical, adaptive filter design technique is presented.

According to one aspect of the invention, a method of reproducing sound
comprises creating a sound recording by recording the sound received by
individual sensors of a compact cluster of at least three spaced-apart sound
sensors which are located in a localised region of the recording space sound field
which is desired to be subsequently reproduced, and subsequently
reconstructing a representation of the original sound field in a localised region of
the listening space corresponding to said localised region of the recording space,
by arranging at least three sound sources in a spaced-apart distribution which
surrounds the centre of the listening space localised region, the reproduction
being aimed primarily at reproducing the direction of propagation of the sound
waves in the localised region of the recording space, the vector of signals input
to the sound sources being produced by subjecting the vector of recorded
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outputs of the sound sensors to a matrix of linear filters which have been derived

using a least squares technique.

The sound sensors are desirably spaced apart by no more than one half, and
preferably one third, of an acoustic wavelength at the highest frequency of

interest.

The filter matrix is preferably designed by minimising the mean square error
between desired signals and reproduced signals, the desired signals being

simply taken as delayed versions of the original recording.

The filter matrix H(z) is preferably designed using the LMS algorithm in the

form of
h(1 + 1) = yh(n) = aRT(n) e(n)

where h is the composite tap weight vector
RT(n) is a matrix of signals obtained by filtering the recorded signals
through the transfer function matrix C(z)
Y is a leak coefficient
o is a convergence coefficient’
is an error vector equal to the difference between the desired

signals and the reproduced signals.

Preferably at least four sound sensors are employed in the recording space, and

the sound sensors are preferably arranged in rectangular array.

Conveniently four sound sensors only are employed, the four sensors being

arranged at the corners of a square.
Preferably at least four sound sources are employed in the listening space and

the sound sources are preferably circumferentially equally spaced-apart on a

circle centred on said centre of the listening space localised region.
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The sound sources are preferably substantially farther from the centre of said
listening space localised region than the maximum distance of a sound sensor

from the centre of said recording space localised region.

In one embodiment sixteen sound sensors are arranged in a 4 x 4 square array to
produce a sound recording, and twelve sound sources are arranged on a circle in

the listening space.

In a second, simpler, embodiment four sound sensors are arranged at the corners
of a square, and four sound sources are arranged at the corners of a large square

which is correspondingly orientated in the listening space.

The use of regular geometric distributions of both sound sensors and sound
sources assists in deriving the matrix of linear filters.

The invention and the background thereto will now be further described, by way
of example only, with reference to the accompanying drawings.

What is shown in the drawings is as follows:

Figure 1 An illustration of the possibilities for the perfect reproduction of
sound. Recordings are made of u(y, t) and p(y, {) on a surface S
enclosing a volume V. The field is later reproduced in an
identical volume V'’ by using a continuous layer of monopole
and dipole sources on a surface S’ that is geometrically identical
toS.

Figure 2 Reproduction of a plane wave sound field. The strengths of the
sources are optimally adjusted to minimise the error between
the recorded signals and those reproduced at equivalent

locations in the listening space.

Figure 3 The sound reproduction problem in block diagram form. The
vector u is a vector of recorded signals, v is a vector of signals
input to the sources used for reproduction andd is a vector of
signals reproduced in the sound field. The vector d defines the
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Figure 4

Figure 5

Figure 6

Figure 7

Figure 8
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vector of signals that are desired to be reproduced and e =d - d
is a vector of error signals. The matrix C defines the transfer
functions between vand d, and the matrix H defines a matrix of
filters which are used to operate on the recorded signals u in
order to determine the source input signals v. The matrix A is
used to define the desired signals d in terms of the recorded

signals u.

The geometry of reproducing sources studied by Kirkeby and
Nelson [8]. The (x1, x2) coordinate positions of the reproducing
sources are shown. The recording transducer array was a 0.5 m
x 0.5 m square centred on the origin and contained 8 x 8

transducers spaced on a uniform grid.

The normalised minimum error in the reproduction of the
sound field as a function of frequency and angle of incidence of
the plane wave in the recording space when the field is

reproduced using the source arrangement of Figure 4.

The geometrical arrangement of reproducing sources and
recording transducers used for investigating the effectiveness
with which the direction of propagation of the recorded plane
wave can be reproduced. The recording transducer array was a
0.045 m x 0.045 m square centred on the origin and contained 4

x 4 transducers spaced on a uniform grid.

The output of the sources in the reproduction system illustrated
in Figure 10 as a function of the angle 6 of the incident plane
wave. Results are shown in the form of | v,(w)! as a polar plot
on a linear scale for all the sources in the array and for a single
source in the array. At a) 100 Hz with £= 0, b) at 100 Hz with e
=0.001, ¢)at 1 kHz with £=0.001, d) at 10 kHz with = 0.001.

The two source/three sensor geometry used in the study of the
stability of the optimal filters. The sources and sensors are all
situated on the x; axis in the coordinate positions shown. The
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Figure 9

Figure 10

Figure 11

Figure 12

Figure 13
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positions of the system poles in the z-plane are also shown.
Note that for every pole inside the unit circle, there is a pole

outside.

The reversal of operation of the elements of the matrices H(w)
and C(w) which leads to the definition of the filtered reference
signals rx(w) and the filtered output signals sjmx(w). Note that
d () consists of contributions due to all K recorded signals.

The geometrical arrangement of reproducing sources and
recording transducers used for the design of a causal, static
realisation of the optimal filter matrix H. Four sources were
used in the coordinate positions shown together with four

sensors spaced 0.1 m apart ona square grid.

The impulse responses of four of the optimal filters designed
using the geometry of Figure 10. The impulse responses are
shown corresponding to a) Hiyi(z) b) Hia@) ¢ H13(2)
d) Hy4(2).

The power spectral density of the sequence v1(n) input to source
1 of Figure 10 when plane waves producing a white noise
sequence is recorded by the four sensors shown in Figure 10
and processed using the optimal filter matrix H. The power
spectral density is shown as a polar plot as a function of 6 on a
linear scale at a)30 Hz b) 180 Hz c) 800 Hz d) 1730 Hz.

The "reversed transfer function” form of the block diagram
when the elements of H are implemented as recursive filters.
All the filters are given identical recursive parts as shown in (a)
which enables the block diagram to be redrawn as in (b).
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1. INTRODUCTION

Research into the potential of active techniques for the control of acoustic fields
has undergone a rapid expansion during the last two decades. This growth has
paralleled the expansion in the capability of modern electronic devices for the
digital processing of acoustic signals. The study of the subject has embraced
both the "physical" aspects of the problem (which, perhaps surprisingly, were
only partly understood at the beginning of the 1970's) and also the
"technological" aspects of the problem. The latter have involved the
development and study of novel digital signal processing techniques required
specifically for the active control of sound. The fusion of the two subject
disciplines of "classical” acoustics and "modern” digital signal processing has
produced some exciting developments. Much of the work in this field that had
been undertaken by the start of the 1990's is summarised in reference [1], which
also presents a unified introduction to the two contributing subject disciplines.
Reference [1] does not, however, deal with recent advances in what may be
termed the active control of "structure-borne" sound. That is, the control of wave
fields in elastic solids and their interaction with fluid borne sound fields. Much
of the recent work in this area will be summarised in reference [2] and is also

dealt with in reference [3].

The present invention stems from some work in the active control of acoustic
fields, but with a rather different objective in mind than that traditionally
associated with the subject. Most work to date has understandably been focused
on the active suppression of unwanted acoustic noise, where the "desired" sound
field is simply a sound field whose amplitude is of considerably lower
amplitude than that associated with the unwanted sound. In this work we will
broaden the scope of the subject to include the production of a sound field which
has predefined spatial and temporal characteristics. The application of interest
in thus in the accurate reproduction of a given sound field rather than in its

suppression.

Naturally, there is already a vast literature that deals with the reproduction of
sound, and the subject continues to be of great technological interest in modern
times, with phenomenal strides having been made in the accuracy with which

acoustic signals can be recorded, stored and reproduced. Again, most of these
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recent advances have arisen through the application of digital techniques and
have come to fruition during the period in which the active control of unwanted
noise has become a practical proposition. However, most of the work in the field
of sound reproduction has been directed towards the technological problem of
accurate reproduction of recorded signals. Surprisingly little attention has been
devoted to assessing the extent to which an acoustic field (rather than just an
acoustic signal) can be faithfully reproduced.

2. THE PERFECT REPRODUCTION OF SOUND FIELDS

It is worth pointing out at the initiation of these discussions that the sound field
within a given spatial volume can in principle be reproduced perfectly in both
space and time, given a complete description of the acoustic pressure and
pressure gradient on the hypothetical surface that bounds the spatial volume.
This reasoning follows from the Kirchhoff-Helmholtz integral equation which
enables the sound field within a given volume V to be uniquely described by
these acoustic properties on the bounding surface S. Thus an acoustic pressure

field p(x, t) which satisfies the homogeneous wave equation
1 &
2 -7 =" =
(v = &2) pix, 1) =0, (1)
in a medium with a sound speed ¢,, can be described by the integral equation

p, t) = 4_[::___R§ {u(y, t- R/co)} .ndS
S

(x-y) rd ¢
"s m(w@{p@,t—mm}.ndﬁ- @

In this expression, p, is the density of the medium, x is the position vector of the
field point contained within the volume V, the vector y defines the position on
the surface S that encloses V, the distance R = Ix - y | and n is the unit normal
vector that points into the volume V from the surface S. A full description of the
derivation of this relationship is given by Pierce [4]. Although not obvious from
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the form of the integral equation given above, it is well known that the two
surface integrals in the equation have a clearly defined physical interpretation.
The first term can be considered to be the contribution to the sound field in V
that is radiated by a continuous distribution of monopole sources located on the
surface S. The strength of the monopoles is determined by the particle velocity
distribution u(y, t) on the surface. Similarly, the second integral can be
interpreted as the sound field produced by a continuous layer of dipole sources
on the surface S, their strength being determined by the pressure fluctuation
p(y, t). (A description of the physical reasoning that leads to these conclusions is
presented in reference [1].)

One can conclude from this well established principle of classical acoustics, that
given a complete knowledge of u(y, t) and p(y, t) on a surface S that encloses V,
one could perfectly reproduce p(x, #) inside V by activating an appropriate
distribution of monopole and dipole sources on S. The possibility for
reproducing a sound field in this way is illustrated in Figure 1. Thus one records
u(y, t) and p(y, t) on S surrounding the volume V of interest. Given these
recordings, one can activate at a later time, and in a different space, a continuous
source layer on a surface S' that is geometrically identical to the surface S. This
will result in the reproduction within V", of the sound field that previously
existed within V. Note that, as illustrated in Figure 1, in reproducing sound
within V', no field is reproduced outside V'. This (obviously necessary)
condition also follows from the Kirchhoff-Helmholtz integral theorem, which
shows that for field points x outside V, equation (2) holds with p(x, ) equal to
zero. Finally, of course one has to assume that both p, and ¢, are identical in V
and V.

However, variations in density and sound speed between V and V" are probably
the least of the difficulties involved in implementing such a scheme. The
recording of signals over a continuous surface and their subsequent use in
activating a continuous source layer is certainly not a current technological
possibility. Nevertheleés, accepting that both recording and reproduction must
be accomplished with discrete transducers, it leads one to speculate upon how
closely this scheme could be realised in practice. Previous work on active noise
control has gone at least some way to answering this question. This is reviewed

in reference [1] (see Chapter 9, Section 9.14). Considerable work on the
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discretization of continuous source layers has been undertaken by Soviet authors
(see, for example, Zavadskaya et al [5], Konyaev et al [6], and Konyaev and
Fedoryuk [7]). Although not entirely conclusive, the work of these authors,
together with the analysis presented in reference [1], suggests that the linear
separation between discrete monopole/dipole source elements used to
approximate a planar continuous source layer should not be greater than 1/2,
where A is the acoustic wavelength at the frequency of interest. Applying this
argument to the reproduction of a field inside a spherical volume whose
diameter is D suggests that one would require approximately 4nD2/A? discrete
source elements. Thus for a sphere 10 m in diameter and a frequency of 10 kHz
(A = 3.44 x 10~2 m in air at 20 °C), in excess of 106 sources would be required!
However for a sphere of 1 m in diameter and frequency of 1 kHz, this number
drops to around 102. To adopt this philosophy, even for modest volumes and

frequencies, represents a task of considerable complexity.

3. REPRODUCTION OF A SOUND FIELD OVER
A RESTRICTED SPATIAL REGION

The discussion of the last section suggests that the perfect reproduction of a
sound field over a large spatial volume is not a currently realistic aim, even with
the rapidly advancing technology at our disposal. The question then arises as to
how existing capabilities might be best utilised to improve, in some sense,
existing sound reproduction techniques. Here attention will be initially
restricted to the objective of providing a single listener in a given "listening
space" (see Figure 1) with an incident acoustic field that matches, as closely as
possible in space and time, that sound field which would have been incident
upon the listener in the "recording space". In simple terms this is the age-old
objective of reproducing a restricted region of the concert hall sound field in a
restricted region of the living room. The region in question is, of course, that

which surrounds the listener.

An obvious starting point for an appraisal of this possibility is to undertake an
analysis in the frequency domain. In fact, the approach taken here is exactly that
which has already proved so useful in defining performance limits in the study
of the active control of sound [1]. Here the definition is sought of the "optimal"
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outputs of a number of discrete acoustic sources which give, in a least squares
sense, the "best fit" (in amplitude and phase) to a desired single frequency sound
field. Whilst there are limitations to the extent to which conclusions arrived at in

+  the frequency domain can be extended to the time domain, this type of analysis
invariably leads to a useful assessment of the "best that can be done".

First it will be assumed that the sound field in the "recording space” consists of a
single plane wave at an angular frequency @. Second, it is assumed that an array
of discrete transducers is used to record this sound field. For the sake of
simplicity it will be assumed that the transducer array and the plane wave are
restricted to the horizontal plane as illustrated in Figure 2. The optimisation
problem and its subsequent interpretation in terms of a signal processing

problem is best described with reference to Figure 3.

It is assumed that the K transducers detecting the harmonic plane wave in the
recording space produce harmonic signals described by the complex numbers
ux(®w) which comprise the complex vector u(w). The objective is to reproduce
these signals as closely as possible at the equivalent locations in the listening
space. M sources are used to reproduce the field and their "input" signals are
described by the complex numbers vn,(@) which comprise the complex vector
v(@). These sources produce signals 31((0) at L locations in the listening space,
these signals comprising the vector d(w). Here it will be assumed that the L
locations in the listening space are geometrically equivalent to the K locations of
the recording transducers in the recording space such that K = L and that
d(w) = u(w). Thus the desired signal vector is exactly the recorded signal vector.
In general, it is useful to define the desired signals d(®) in terms of the recorded
signals u(w) through the more general relationship d(w) = A(w) u(w). Here of

course it is assumed simply that A(w) = I, the identity matrix.
One can now find the signal vector v(w) which minimises the sum of squared
errors between the desired and reproduced signals. The quadratic cost function

that is to be minimised is given by

] (@ = eF(0) e(w) + B vH(0) v(w), ®3)

SUBSTITUTE SHEET (RULE 26}



WO 94/24835 PCT/GB94/00799

11

where the complex error vector e(w) = d(w) - d(w). The cost function thus
consists of the sum of the squared errors ef(w) e(w) plus the sum of squared
source input voltages  vH(w) v(w) multiplied by the factor f. The term f8 thus
quantifies the relative weighting in the cost function given to the "effort" used in
minimising the sum of squared errors. Equation (3) can be expanded to give

J(@) = vH(@) [CH(a) C(w) + B1] v(w) - dH(w) Co) v(0)
- vH(e) CH(w) d(w) + dH(w) d(w). @

Since [(CH(w) C(w) + BI] must be a positive definite matrix (i.e.
vH(e)[CH(w) CH(w) + B 1] v(w) > 0 for all v(w) # 0), then this function must have
the unique minimum defined by [1]

vo(®) = [CH(w) Cl) + BI]™ CH(w) d(w), )

Jo(o) = dH(0) [1 - Cw) [cH(@) co) + 1] CH@) | dlw) ©

where v,(w) is the optimal vector of source input signals and J,() is the

minimum value of the cost function.

This analysis has been used by Kirkeby and Nelson [8] to investigate the
effectiveness of a number of geometrical arrangements of recording and
reproducing transducers. One such specific arrangement is illustrated in Figure
4. This consists of an array of four (point monopole) sources spaced on a 90° arc.
The recorded signals u(w) are assumed to be those produced by a harmonic
plane wave travelling at an angle 6 to the x;- axis of the coordinate system. The
complex pressure produced by such a wave can be written as

plw) = ¢ —j@&1c0s 6+ x25in 6)/co | )
where @/, is the wavenumber and the wave is assumed to have unit amplitude.
Thus it is assumed that the recorded signals (and thus the desired signals) are

given by

uw) =di(w) = g -j® (x1k cos 6+ x2 sin 6)/::0, 8)
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where the position of the k'th recording sensor is defined by the coordinates
(x1k, x26). In reproducing the sound field, we assume that the elements of the

matrix C () of frequency response functions are given by

poe “FRim/co

v ©

Cim(w) =

where Ry, is the distance between the I'th point at which reproduction is sought
and the m'th source used for reproduction. It is thus assumed that the
reproduced signals are exactly the sound pressure fluctuations that would be
produced by point monopole sources having volume accelerations equal to
Um(®), the source input signals. Furthermore, it is implicitly assumed that the

listening space is anechoic.

4. RESULTS OF THE FREQUENCY DOMAIN ANALYSIS

Some results of using the solution given by equations (5) and (6) with = 0 and
with the arrangement shown in Figure 4 are illustrated in Figure 5. This shows
the value of ( J,/L)/?, where L = K is the total number of recorded signals (64 in
this case) as a function of frequency and the angle of incidence 6 of the plane
wave. First note that for angles of incidence within the range 45° to 135°, the
normalised error always remains reasonably low. This range of incidence angles
of course lies within the angle subtended at the origin of the coordinate system
by the array of sources. The normalised error is also obviously smallest when
the angle of incidence of the plane wave coincides with the angle subtended by
each of the individual sources. There is also a general trend of increasing error
with increasing frequency and at high frequencies especially, as one would
expect, the normalised error rapidly approaches unity outside the range of

incidence angles subtended by the sources. .
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5. REPRODUCTION OF THE PROPAGATION
DIRECTION OF RECORDED WAVE FIELDS

The analysis of the last section has demonstrated that there are distinct
limitations to the degree to which a sound field can be accurately reproduced
even over a relatively small spatial region. A more modest objective, that can be
investigated within the same analytical framework, is that of attempting to
ensure that the directional properties of the sound field at a point (or small
region of space) are preserved in the reproduced field. Thus, simply speaking,
one wishes to record the field with a number of sensors close to the point of
interest and process those signals such that the direction of propagation of the
waves is, as far as possible, reproduced at an equivalent point in the listening
space. This objective is central to the operation of "surround sound" or
"ambisonic" [10] systems. Here it will be shown that the least squares solution
given above automatically ensures that directional information will be well

reproduced.

Consider the geometry illustrated in Figure 6. This shows a reproduction system
in accordance with the present invention which uses 12 loudspeakers to
surround a central array of 16 sensors spaced uniformly on a grid that is only
0.045 m square. Assume that these sensors record signals due to a harmonic
plane wave at an angle 6, exactly as described in Section 3. The source inputs
v(®) necessary to ensure that the cost function J() is minimised can again be
calculated by using the solution given by equation (5). The results are shown in
Figure 7 which shows the modulus of the signals v,,(@) for just one source and
for all the sources as a function of the angle of incidence 6 of the recorded plane
wave. Results are presented at frequencies of 100 Hz, 1 kHz and 10 kHz. The
important feature of these results is that whatever the frequency or angle of
incidence of the recorded wave, it is always the source closest to this angle of
incidence that produces the dominant output. For waves whose angle of
incidence falls exactly between two sources, then the two sources have roughly
equal outputs, these being greater than those of any of the other sources. The
least squares solution therefore always ensures that the recorded sound will at
least be radiated from the correct direction in the reproduced field. A small
value of f (given by e trace CH(w) C(w) with £ = 0.001) was used in order to
improve the conditioning of the solution. As shown by the results illustrated, at
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100 Hz, the solution "blows up" at low frequencies with f = 0. There is clearly
scope for further investigation of the number of sensors and sources necessary in
such a system to ensure the most accurate reproduction of directional

information with minimum processing power.

6. FREQUENCY DOMAIN CHARACTERISTICS
OF THE OPTIMAL FILTERS

The frequency domain derivation of the source input signals necessary for
optimal reproduction of the sound field can also be interpreted as a technique for
designing a matrix of linear filters which is used to operate on the recorded
signals in order to produce the source input signals. This can most easily be
understood with reference to Figure 3: the filter matrix H operates on the
recorded signal vector u in order to produce the source input signal vector v.
Here the realisability of the filters in this matrix will be considered, again by
using an analysis in the frequency domain. However, it will prove convenient to
assume that the filters operate in discrete time on sampled input signals. The

frequency domain cost function to be minimised can be written as
Jei®) = eH9) e (/@) + B vH () v(e©), (10)

where e(e/®) and v(e/?) are vectors containing the Fourier transforms of the
sampled error signals and sampled source input signals. It follows that the
minimum value of this cost function (see equation (5)) is produced by the source

input vector

vo(®) = [CH(@) CH(g@) + p1] ™! CH(g®) d(d®). (11)
This therefore relates vo(¢/?) to the desired signal vector d(¢®). However,
according to Figure 3, the vector d(&/®) is related to the recorded signal vector
u(ei®) by d(@®) = A(/®) ule/?) where the filter matrix A(¢/9) can be chosen at

will. It therefore follows that

vold®) = [CH(d ) C(e/0) + BI]™ CH(ei0) A(ei®) u(e®). (12)
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If it is now assumed that the optimal source input signals v,(e/®) are produced by
operating on u(e/®) with a matrix of "optimal filters" H,(¢/%) such that

Vo(€/9) = Hy(e/9) u(ef®), (13)
then it follows that the optimal filter matrix is given by
Hy(é9 = [CHE®) Ce®) + B1] ! CH(ei) A(59). (14)

For the purposes of appraising the realisability of the filters in this matrix the
substitution z = ¢/® will be made, wherez is the z transform variable. It will also
be assumed that the transfer functions Cin(z) relating the signal at the I'th
location in the reproduced field to the m'th source input has the form

A
Con) = e (15)

where A, is the number of samples of delay produced by the acoustic
propagation from the m'th source to the I'th field location; the transfer function is
again simply that which relates the pressure at the field location to the volume
acceleration of the source. For the purposes of this analysis it will also be

assumed that Ay, is always an integer number of samples delay.

A particular geometry consisting of 2 sources and 3 sensors is studied in detail in
Appendix 1. It is demonstrated there that the causality of the optimal filters can
be ensured by choosing the matrix A(z) to consist of a diagonal matrix of
"modelling delays" of A samples duration such that A(z) = I z7A. The m/k'th
element of the matrix H(z) takes the general form

a z-Adet A 6
Hini(z) _[l ~-b1z81 - ppz82 . sz-AN] frik(2) 275 (16)

Note that the term in the square brackets is common to all the elements of H and
is given by 1/det{CH(z) C(z) + BI]. It is demonstrated in Appendix 1 that the
inverse of this determinant can be expressed in this form, where Az is the
largest positive value of exponent of z that results from expanding the

SUBSTITUTE SHEET (RULE 26)



WO 94/24835 , PCT/GB94/00799

16

determinant. The order N of the denominator polynomial in equation (16) is
given by M x K. Evaluation of the adjoint of the matrix [CHG@) C) + B 1]

produces elements fy;i(z) of this adjoint matrix which have the general form
fmk(2) = a1 281 + ap 282 . . ay 281, (17)

If Aggj denotes the maximum positive value of any of the A; appearing in any of
the elements fni(z) of the adjoint matrix, then it is clear that all the filters
comprising H(z) can be made causal by choosing the modelling delay A such that

A> (Aadj - Agey).

The stability however of all these filters is determined by the denominator
polynomial in equation (16). Thus all the zeros of this polynomial (the poles of
the system) must lie within the unit circle in the complex z-plane. However, the
particular form of the determinant of the matrix [CH@z)C(z) + B1] suggests that
any system designed in the frequency domain, which uses more sensors for
recording than sources for reproduction, will not yield a stable system in the time
domain. In the particular case of 3 sensors and 2 sources that is examined in

detail in Appendix 1, note that equation (A1.6) can be written in the form
)
detlCHRICE) + fll = o + 12 +2Y) 4 0@ +2D) 4 (2 +2"9), (19)

where the delays d, d3 and d3 are defined by equations (A1.7). This particular
form of the denominator polynomial has zeros (and thus poles of the system)
which are arranged in pairs, with each zero inside the unit circle in the z-plane
being associated with a zero outside the unit circle. Thus for any zero of equation
(18) in the z-plane at z = e, there will also be a corresponding zero at
z = (1/19)e i8, i.e., at the conjugate reciprocal location in the z-plane. That this
must be so follows directly from the form of equation (18) which still holds if z is
replaced by (1/z*). A two source-three sensor geometry is illustrated in Figure
12 together with a plot of the z-plane showing the corresponding zeros of
équation (18). These zeros are thus the poles of all the filters Hpi(z); the
existence of poles outside the unit circle implies that all the elements of H(z) will
be unstable. This also appears to be the case for any system which involves
inversion of the matrix CH(z)C(z2), since this product seems always to result in a

determinant having the general form of equation (18).
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It also appears, however, that a system which uses the same number of sources
and sensors can be made stable, depending upon the geometry chosen. For
example, in the case of a 2 source-2 sensor system it can readily be shown that
the filter matrix H(z) can be made stable (and causal) when the optimal value
chosen is simply given by Ho(z) = C1(z)A(z), again depending on the choice of
geometrical arrangement. Although a thorough investigation of the realisability
of the optimal filters has yet to be undertaken, preliminary investigations also
suggest that "square” systems consisting of 4 sources and 4 sensors can also be
made stable. However, the general rules governing the choice of geometry have
yet to be established. In cases where the frequency domain analysis suggests
that the filters required are unrealisable, it is still always possible to seek a "least
squares” solution to the problem in the time domain. This involves finding the
filters that are constrained to be causal and stable and which minimise the mean
square error between the desired and reproduced signals. This approach is
discussed in the next section.

7. PRACTICAL FILTER DESIGN METHODS; FIR FILTERS

Whilst the analyses of the previous sections have succeeded in throwing some
light on the nature of the filters required for the processing of the recorded
signals, filters designed on a purely analytical basis will not make use of the full
capability of modern signal processing techniques. The very considerable
drawback associated with the direct application of the theory outlined above is,
of course, that it assumes both ideal sources for reproduction and an ideal
(anechoic) response of the listening space in which the sound is reproduced.
Both of these factors can, in practical applications, be compensated for by using a
simple on-line filter design procedure. Thus, the effective inversion of the "on-
axis" frequency response functions of the loudspeakers used for reproduction
can be accomplished relatively easily [11]. The effective inversion of the
response of the space in which the sound is reproduced can also be
accomplished, at least on a pointwise basis [12] but it is perhaps debatable
whether in the majority of applications this is a worthwhile procedure. It is well
known that human hearing exhibits a well-defined "precedence effect" [13] and
localization of sources will very much be determined by the earliest arriving
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sound. In some cases therefore, it may be of benefit simply to disregard the
response of the listening space and focus effort on obtaining accurate
reproduction of the recorded signals by using the direct field radiated by the
sources used for reproduction.

In an event, it is in principle relatively easy to deduce the matrix H of optimal
filters by using the recorded signals and by making measurements of the
reproduced field, the latter being undertaken either under anechoic conditions or
in the listening space to be used. It is firstly assumed that the matrix H consists
of FIR filters. Thus although the analysis of the previous section has
demonstrated that H has an intrinsically recursive structure, it is assumed that a
sufficient number of coefficients are used in each of the elements of H to ensure

that their impulse responses are of requisite duration.

The analysis presented below follows that in reference [1]. First the "filtered
reference signals" are defined. These are the signals generated by passing the
k'th recorded signal ux(w) through the transfer function Cj,(@) which comprises
the Im'th element of the matrix C(w). This signal is denoted nmi(w). The
generation of the filtered reference signal can be explained with reference to the
block diagram of Figure 3. Since the system is linear, the operation of the
elements of the transfer functions H(w) and C(w) can be reversed. This is
illustrated in Figure 9. In discrete time, the sampled signal reproduced at the I'th

location in the sound field can be written as

K M
dim=3 > simn), (19)
k=1m=1

where the signal s;uk(n) is defined by
I-1

Stmk(1) = Y M) Tl = 1), (20)
i=0 -

and hpy(i) is the 7'th coefficient of the FIR filter processing the k'th recorded
signal to produce the m'th source input signal (see Figure 8). Each of the FIR
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filters is assumed to have an impulse response of I samples in duration. Thus

the signal ’z\il(n) can also be written as

K M
din) = Z 2 hontT Timi), 21
k=1m=1

where the vectors hpx and 1j,,x(n) are defined by

h! =] B0 ht(D)  Bi2) . ... ByilT-1)], 22)
ik (n) = [rzmk(n) mk(n=1) thmk(n = 2) .. 1ipn ~1+ 1) ] (23

The following composite vectors are now defined

hT =[hy;T hiaT. . higT It T hooT . oL .. I BT - ], 24)

rl(n)= [rlnT(n) o kT g Tw) L o) b T() . rIMKT(n)],

(25)

) = [hmam . ..... am], 26)
together with the matrix

RT(n) = [n(m ) ... )] 27)

These definitions are used in Appendix 2 to find the solution for the optimal set
of coefficients in the composite vector h that minimises the time averaged sum of
squared errors between the desired and reproduced signals. The cost function

minimised is given by
] =E[eT(n) e(m) + BvT(n) v(n)], (28)
where the error vector e(n) = d(n) - a(n) and the second term in the cost function

weights the effort associated with the source input signals. It is demonstrated in
Appendix 2, that if all the recorded signals comprising the vector u(n) are
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assumed to be mutually uncorrelated white noise sequences with a mean square

value of 02, then equation (28) reduces to the form

J= hT{E[RT('n) R(m)] + o? 1} h-2E[dTmRM)] h+ E[dTm dm)].  (29)

The positive definiteness of the matrix {E[RT(rz) R(n)] +po? I} ensures the

existence of a unique minimum of this function. This is defined by the optimal
composite tap weight vector and associated minimum value of ] given by

ho= {E[RT00 RG] + o2 1} E[RT(m dn)], (30)

Jo= E[dT(n) dn)]- E[aTo Ron] {E[RT00 RG] + B 02 1} E[RT( d(w].
1)

Equation (30) therefore defines the optimal values of all the coefficients in the
filters that comprise the matrix H. One way to determine these coefficients is
obviously by direct inversion of the matrix in equation (30). However this
matrix is clearly of high order, being of dimension I x M x K. Another approach
is to use the LMS algorithm, extended for use with multiple errors by Elliott and
Nelson [14,15]. It is demonstrated in Appéndix 2 that the algorithm can be

written in the form
h® + 1) = yh(n) + aRT(n) e(n) , (32)
where a is a convergence coefficient and yis a "leak coefficient" whose value is
directly related to the penalisation of effort associated with the parameter f.
8. THE APPLICATION OF AN FIR FILTER MATRIX
The above on-line filter design technique has been used successfully in the
practical implementation of a system for reproducing signals recorded at two

points in space by using two sources for reproduction [16]. Full details of this

"cross-talk cancellation system" are given in reference [16] together with
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measurements of the spatial effectiveness of the technique. Some other examples
of the application of this filter design method are also presented in reference [17].
As a further illustration of the use of this least squares technique in the time
domain, it has been used in a computer simulation of a system in accordance
with the invention to design a causal, stable realisation of the filter matrix H
used to operate on the signals recorded by four sensors in order to provide the
inputs to four sources used to "reconstruct optimally” the direction of arrival of
the waves in the region in which the recordings were made. Note that the four
sensors are placed in a square array of dimension 0.1 m, as illustrated in Figure
10. The effective sample rate used was 34 kHz. This enabled the matrix C(z) to
be approximated to good accuracy by transfer functions of the form of equation
(15) with Ay, given by the closest integer value to Ry, /qy, where cg = 344 m/s.
The delays Ay were thus all in the range between 270 and 290 samples and the
matrix A(z) was assumed to be Iz-4 with the modelling delay A set equal to 350
samples. Each of the filters in H(z) was assumed to have 128 coefficients.

Figure 11 shows the impulse responses of the filters Hy1(z),H12(z), H13(z) and
Hi4(2): i.e,, the filters that operate on the four recorded signals u 1(1) to us(n) and
whose outputs are added together to produce the signal v1(n) input to source 1.
Having designed these filters by using the algorithm in equation (32), their
effectiveness in producing the appropriate value of v1(n) was evaluated by
assuming that the recorded signals u1(n) to u(n) were produced by plane waves
falling on the sensor array at an angle 6 (Figure 2). The waves were assumed to
produce a white noise sequence, with a power spectral density of unity, the same
sequence being recorded by each sensor but all differing by delays that are a
function of only 6. The power spectral density Svlvl(w,e) of the sequence v1(n)

could then be calculated from

Sp107(@0) =

I Hy1(e/o)ei0b1(6) 4 H12(ej{‘5e'fm2(9)+ H13(e/@)e7@83(0) 4 H 4(e/0)¢j@A4(6)
| 33)

where A1(6) to A4(6) are the delays (in integer numbers of samples) produced in

the white noise sequence recorded by the sensors when the incident plane waves
arrive at an angle 6. Figure 12 shows S v1v1(@,0), the power spectral density of
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the input signal to source 1, as a function of both frequency and the angle of
incidence 8 of the recorded waves. Clearly at very low frequencies (30 Hz), the
source produces an output irrespective of 8, which one might anticipate when
the distance between the sensors is very small compared to the wavelength of
the incident field. At frequencies up to about 1500 Hz the source only produces
an output for waves falling in the range of angles of incidence which can
effectively be reproduced by the source. Above this frequency, the effect of
inadequate spatial sampling of the field becomes apparent and the source will
produce an output for waves having angles of incidence that the source cannot
hope to reproduce. These results again emphasise the requirement to comply
with the sampling theorem by having the recording sensors spaced apart by less
than one half (and preferably one third) of an acoustic wavelength at the highest
frequency of interest. Nevertheless, the results show considerable promise and

the technique clearly offers scope for refinement.

9. PRACTICAL FILTER DESIGN METHODS; IIR FILTERS

Whilst the adaptive design of FIR filters is clearly a successful approach to the
problem, since the filters required are intrinsically recursive, one is also led to
consider the use of adaptive recursive filters. These offer considerable scope for
improvements in the efficiency with which the filters can be implemented.
There are, however, difficulties involved in their design. There are essentially
two classes of adaptive recursive filter; "output error” and "equation error” types
(see the review by Shynk [18]). The application of these classes of filter is
considered in Appendix 3 and Appendix 4 respectively. In the case of "output
error” adaptive filters one simply replaces each of the elements of H with a
recursive filter. It is shown in Appendix 3 that, by making some fairly gross
assumptions, an algorithm can be derived that is directly analogous to that given
by equation (32). This amounts to the multi-channel generalisation of the simple
algorithm presented by Feintuch [19] which was first generalised for use with
multiple errors by Elliott and Nelson [20]. However the use of filters with this
architecture does not guarantee either the existence of a unique minimum or a
stable convergence. A more attractive alternative is that described in Appendix
4 in which is used the “"equation error" approach together with the filter
architecture illustrated in Figure 13. In this case all the filters are assumed to
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have common poles, consistent with the analysis of Section 4. In addition, the
quadratic cost function minimised has a unique minimum, although there may
be problems with bias in the solutions reached, especially if high levels of noise
are present.

As shown in Appendix 4, one first defines the coefficients of each of the filters
Amk and B illustrated in Figure 13 by

amk! = [amk(0) (1) Byt2)... apie(I - 1)], (34)
bT = [b(0) b(1) b(2) .... b(J - D]. . (35)

A composite vector of coefficients is then defined (analogous to h defined by
equation (24)) such that |

gl =[an T apT ... aggT | anT apoT ... apgT | .. lapgT apgoT... api! 1bT).
(36)

Similarly, by analogy with the definition of r(n) given by equation (25), one
defines the composite vector

QT (n) = [r1T@).. kM g T(m) Tl .. L T(n) .. i T () 1 4T ()],
37)

and the matrix Q(n) (by analogy with R(n)) such that
QT(m) = [q1(n) qa(n) .. qu(m)). (38)

The composite vector of coefficients g is then found that minimises the cost
function

J = Ele,T(n)e(n) + pvT(nv(n)], (39)
where e (n) is the "equation error" vector defined by

e.(n) = d(n) - Q(n)g. (40)
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As argued in Appendix 4, an algorithm which can be used to minimise the cost

function defined by equation (39) is given by
gn+1) = yg(n) + oQT(nec(n) , 41

which is clearly analogous to equation (32). Initial simulations of this algorithm
have been undertaken and demonstrate that the algorithm can be made to
converge, but its advantages in efficiency of filter implementation have yet to be

clearly demonstrated.
APPENDIX1
THE OPTIMAL FILTER MATRIX IN THE 2-SOURCE/ 3-LOCATION CASE

The structure of Hy(z) can now be examined with reference to a specific example.
Assume that 2 sources are used to reproduce the field at 3 locations. The matrix

C(z) then has the form
811 7812
R11  Rp
Clz =f§ i A ) (ALI)
Ry R»
432 7432
— R31 Rz -~

and the matrix to be inverted is given by

[cH@ c@ + p1] = (Z—;’C)z

1 1 1 ﬁ (A11-412) Z(A21-422) z(431-A432)
+ + + + +
R112 " Ry1? " Rap? ) (‘RnRu RnRy R31R32 )
A11-412) zH4821-42) HA31-43 1 1 1
+—% + =R 5+ 55+ 5+ B
Ri1R1p 21R» 31R32 Ri22" Rp? Rx

(A1.2)
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The optimal filter matrix can be written as

H,(2) adj [CH@z) Cz) + 1] CHR) AG),  (A13)

1
" det[CH(z) CH@) + pI]

where the symbols "det" and "adj" refer to the determinant and adjoint of the
matrix respectively. The numerator of this expression is a matrix of FIR filters.
These filters can be made causal by choosing A(z) to consist of a diagonal matrix
of "modelling delays" [16] having the transfer function z*4. Thus if we choose
A(@) to be 28 I, such that the desired signals d(z) are simply delayed versions of
the recorded signals u(z), the numerator matrix reduces to the form

Tl - 11112‘A alzz‘A a132“A
adi[CH(z) C(2) + B1] CH(z) A(2) = i b aprh apraf A1

where, for example,

2 11 1 ﬂ\zAll (811-812) (A21-42D)  7(A31-A33NzA12

= =5+ + - + .

1 (Rlz2 R Re2 P Ry "\ RuRiz * RuRz © RasiR JRuz
(A1.5)

Thus, irrespective of the values of the delays Ajy, provided the modelling delay
A is chosen to be sufficiently large, the filters in the numerator matrix can be
made causal, since a term of the form 2411 - 4) will represent a delay in discrete
time provided A > A17.

The denominator of equation (A1.3), given by the determinant of
[CH(Z) Cl2)+p I], also has an influence on the choice of modelling delay A. The

realisability of the filters in Hy(z) is also dictated by the form of this determinant.
The zeros of the determinant will give the poles of the filters in Hy(z). Provided
these poles lie inside the unit circle, the filters will be stable. In the specific case

considered here,

det[CHz) C2) + 1]
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1 1 1 )(Rl 1 1 ) ( 1 1 1 )
=== +—F+—+ —+——s+—5+f) - + +
(Ruz R R P) R "R TRa2 ) T\ RiRi? t RenRed? * RaRaa?

(A1.6)

741 + 201 7742 + 242 743 4+ 243
- +
(R11R12R21R22 " RuR12R31R3 R21R22R31R32)

where the delays in this expression are given by

d1=(a1-4A2) - (A11- A1),
dy = (A31 - A3)) — (A11 - A12), (A1.7)
d3 = (A31 - A3z)) — (A1 = Apo).

Note that the determinant inevitably contains terms such as z41 which represent
a forward shift in time (or if d1 is negative for a given geometry, 241 will
represent a forward shift). The determinant can however be reduced to a
polynomial in only the backward shift operator z-1 through multiplication by a
term z-Adet where Age is equal to the largest positive value of d1, d3 or d3. Thus

the reciprocal of the determinant can be written as

1
det[CH@) C(2) + B1]
a z'Adet
1- by z70det + by 778det + 41) + by 7~ Bdet =d1) 4 by 7{Bdet + 82 + py 7 (Bilet —42) 4 7~ (Bgter +d3¥

(A1.8)
where the coefficients in this expression are given by

a =-RyR»R31R3p,

1 1 1 1 1 1
by = R21R22R31R32 [ (R112+ R212+ R312+ ﬂ)(R122+ R322+ R322+ ﬂ)

11
((R11R12)2 (Rz1R2)? (R31R32)2)]'

b2 =RnR3/RnR12,
b3 =R21R22/R11R12 . (A1.9)
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Thus the appearance of the term z-2det in the numerator of this expression
reduces the value of modelling delay A required to ensue that the matrix of
filters remains causal. The stability of the system is now determined by finding
the roots of the denominator polynomial in equation (A1.8). Note that this is
determined entirely by the geometry of the system used for recording and

reproduction.

APPENDIX 2
ADAPTIVE FIR FILTERS

Equation (21) of the main text can be rewritten
ditn)=gT(m)h, (A2.1)

by using the definitions of the composite vectors h and n(n) given in equations
(24) and (25). Furthermore, if we define the composite vector d(n) as

dT(n) = [d:0 B ... 4], (A2.2)
one can write
d(n) =R() h, (A2.3)

where the matrix R(n) is defined by

RT(n) = [rl(n) r(n). .r,(n)]. (A2.4)

The optimal value of the composite tap weight vector h is now sought which
minimises the time averaged sum of the squared error signals and the source
input signals, the latter being included in order to penalise the "effort" associated
with the source input signals at the optimal solution. The following cost

function is minimised;

J= E[eT(n) en) + Bvl(n) v(n)]. (A2.5)
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Note that both the contributions to the cost function can be written in terms of
the composite tap weight vector h. Thus using equation (A2.3) shows that the

vector of sampled error signals can be written as

e(n) = d(n) - d(n) = d(r) - R(x) h. (A2.6)
In addition, the m'th sampled source input signal can be written as

V(1) = hyy T ug(n) + hyaT up(n) . hyi! upn) . (A2.7)

where the vectors ug(n) are the recorded signal sequences defined by

wT(m) =[uwm) wn 1) ... ugn = I+ D]. (A2.8)

Defining the composite vectors

h? =[hmT hnaT . T, (A29)
wl(n) = [ulT(n) wT(n). .ukT(n)], (A2.10)

leads to the expression

E[om2(m)] = hy? E[w(m) wT(m)] by . (A2.11)

If all the recorded signals ug(n) are modelled as uncorrelated white noise
sequences all having a mean squared value of 62 then E [w(n) wT(n)] = 62 1

Under these conditions

M M .
E[VT(n) v(n)] = z E[vmz(n)] = 2 2 hT, hy=02 hTh, (A2.12)
m=1

m=1

where h is the composite tap weight vector defined by equation (24) of the main

text. Thus the cost function for minimisation can be written as
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J=E[eT(n) e)] + Bo2 hTh, (A2.13)
which on substitution of equation (A2.6) reduces to

J =T {E[RT() Rw] + 02 1} h-2 E[dT() RG] b + E[dT () d(w].
(A219)

The minimum of this cost function is defined by
" h, = {E[RT 2 141 E[RT
ho = {E[RT00 RG] + B0 1} E[RT(n) d(w], (A2.15)

Jo= E[dT(m) d(n)] - E[dT(m) Rw)] {ERT() R + B 2 1} E[RT(m) d(n)].
(A2.16)

An efficient means of converging adaptively to the minimum of this cost
function is given by the Multiple Error LMS algorithm [15]. This follows from
application of the method of steepest descent. First note that the gradient of the
cost function with respect to h can be written as

%: 2 E[RT(n) R(n) h = RT(n) d(m)] + 02 B, (A2.17)

which upon using equation (A2.6) can be written as
I _ T
$=° ,Bh—ZE[R (n)e(n)]. (A2.18)

The classical assumption used in the derivation of the LMS algorithm is now
made [22] and the composite tap weight vector is updated every sample by an
amount proportional to the negative of the instantaneous value of the gradient
vector. This leads to the tap weight update equation

h(t +1) = hin) - p{o? Bh(m) -2 RT(m) e(n)}, (A2.19)

where (1 is a convergence coefficient. This can also be written as
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h(n +1) =y htn) + aRT(n) e(n), (A2.20)

where a=2 pand y= (1 - i 62 B). This equation is now in the form of the "leaky"
LMS algorithm [22] where the factor ¥ (< 1) ensures that the algorithm
continuously searches for the "least effort” solution by slightly reducing the
value of all the tap weights at each iteration. As pointed out in reference [15], it
is interesting to observe that this is a direct consequence of including the "effort"

term in the cost function.

- APPENDIX 3
"OUTPUT ERROR" ADAPTIVE IIR FILTERS

Since the analysis presented in Section 4 has demonstrated the intrinsically
recursive nature of the optimal filters necessary to process the recorded signals,
it is worthwhile to consider briefly the possibilities for using adaptive IIR filters
as elements of the matrix H. Thus it can be assumed that equation (20) of the
main text, which describes the input-output relationship of the m k‘th element of

H, can be written in the form

I-1 J-1
k() = ) Gk Tkt =)+ bk st = )y (A3.1)
i=0 j=1

where as illustrated in Figure 11, the coefficients a,x(i) and b,(j) characterise the
forward and recursive parts of the filter respectively. One is tempted to try to
deduce values of these filter coefficients by again proceeding using the
methodology of the previous section. Thus one can write the signal s;mi(n) as the

inner product
Stmk(n) = fmk" Pl , (A3.2)

by using the definition of the vectors given by

L [amk(O) amkD) . . . @k = 1) 1) byk2) - .« byi(J ~ 1)] ,  (A33)
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Pimk(n) = [rzmk(n) Mk =1) . 1k =T+ 1) |spi(n = 2) . . St = J+ 1) ], (A3.4)

and then defining the composite vectors f and pi(n) by direct analogy with
equations (24) and (25) respectively. Thus

fT = [fuT 15T . . £1xT T £20T . kT L. .. LT faroT - fMKT], (A3.5)

T =[piaT() .. puxT() Pproa ™) . . praxT ). . piaas T .. prai™ ()]
(A3.6)

This in turn leads to the definition of P(n) by analogy with equation (A2.4). This
is given by ’

PT(n) = [p1(n) pa2(n) .. pL(n)]. (A3.7)

One could again choose to minimise a cost function of the form of (A2.5). In
penalising "effort" however, it is not possible to justifiably proceed to the
analogous form of equation (A2.13) which neatly expresses the effort in terms of
the sum of the squares of all the coefficients of the FIR filters comprising H. This
is the case since the analogous forms of equation (A2.7) and (A2.8) will include
the filter output sequences and equation (A2.12) (with h replaced by £) would
only follow if the filter outputs could be assumed to be white and to be
uncorrelated with their inputs, even in the case of white recorded signals.
Nevertheless one may regard o2 fT f as some crude approximation to the sum of
squared values of v,(n), in which case the analogous cost function to be

minimised could be written as

J=£T {E[PT(n) PT(n)] + B a1} £~2 E[dT(n) P(m)] £ + E [dT(m) d(n)].
(A3.8)

This has the appearance of a quadratic dependence on the composite coefficient
vector h which contains all the coefficients of all the M x K recursive filters.
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Unfortunately, however the existence of a unique minimum and "quadratic
shape" of the function is not ensured, due to the nature of E[PT(n) P(n)] which
now includes cross- and auto- correlations between the filtered reference signals
nmk(n) and the output signals simk(n). Despite this, one can again make some
crude approximations to the instantaneous estimate of the gradient of the
function and derive an algorithm which is directly analogous to equation
(A2.20). First note that the instantaneous estimate of the gradient of | with
respect to the composite vector f can be written

L L

d

'a'? 2 Elz(n) = z 28[(71) ae(;(fn) , (A3.9)
1=1 1=1

where the gradient vectors dei(n)/d f consist of contributions from the sub-
vectors dej(n)/ dfmr. Since

K M

am=dm)=> Y similn), (A3.10)
k=1m=1

then it follows that

aez(n)_ 2 81m(n)
Ik Ofmx

(A3.11)

where the sub-vector on the right side of this equation is given by

9 stmk(n) _ [9$Imk(n) 9 Stmk(n) 9 smk(n) '3szmk(n) 9 smi(n) ]T
B )

Mk L 9amk0) dami(1) """ dapm(I=1) ' dbymi(1) """ I bpu(J - 1
(A3.12)
It follows from equation (A3.1) that
as (n) J-1 p) ( )
._l.”.lk_n_. - . . Slmk \n —]
aamk(i) = Tlmk(n - 1) + Zl bmk(]) aamk(l_) , (A3.‘13)
=

SUDSTITUTE SHEET (RULE 26}



WO 94724835 PCT/GB94/00799

33

p) d L
——asllimiiy)) = Simk(n - ]) + Z bmk(] ) Slaml;c (n(] )] ) J#]. (A3.14)
j'=1

These equations constitute recursive relationships for the gradients of Simk(n)
with respect to 2, (i) and bmi(). A number of approximations are now possible,
including the use of these relationships in deriving a coefficient vector update
equation (see the discussion presented in [22] regarding the scalar case). The
simplest assumption, however, is that adopted by Feintuch [19] in the scalar case
and extended to the multi-channel case by Elliott and Nelson [20]. This simply
ignores the second terms on the right side of equations (A3.13) and (A3.14), such
that equation (A3.12) becomes

d ,
———;1?'::) = [rtmk(n) e Mk =T+ 1) st =1) ... spkn =] + 1) ]T = prmk(n) .

(A3.15)

It then follows that dei(n)/d f = — pi(n), where, as mentioned above, pj(n) is
defined by analogy with equation (25) of the main text. Equation (A3.9) can thus

be written

L
J
552, 2ampin)=-2PT(nye() . (A3.16)
I=1

If this instantaneous estimate of the gradient of the cost function is now used,
together with the gradient of the effort term, then the coefficient update equation
that is exactly analogous to equation (A2.20) is given by

f(n+1)= yf(n) + aPT(n) en) . (A3.17)

In view of the indeterminate form of the function whose "minimum” this
algorithm is attempting to find, there is no guarantee of convergence of the
algorithm and a high chance of instability as poles associated with the recursive
filters migrate outside the unit circle during the adaptation process.
Nevertheless, there is some evidence in the application of the scalar version of
this algorithm to active noise control [23] that it can be successful in producing

substantial reductions in mean square error.
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APPENDIX 4
"EQUATION ERROR" ADAPTIVEIIR FILTERS

Another approach to the adaptive design of IIR filters is to use an "equation
error" approach [18]. A description of the application of this technique to the
sound reproduction problem in the single channel case is given by Nakaji and
Nelson [24]. It turns out that this approach also appears to be well suited to the
multi-channel sound reproduction problem. The analysis of Section 6 has
demonstrated that the intrinsic structure of the filters necessary to process the
recorded signals is that of recursive filters, but all the filters have the same
denominator polynomial; i.e. the filters have common poles. If it is therefore
assumed that the filter matrix H consists of recursive filters having forward
paths Ami(w) which are purely FIR filters, together with recursive parts
characterised by the frequency response function B(w) which is common to all
filters, then the "reversed transfer function” block diagram of Figure 9 can be
redrawn in the two equivalent representations shown in Figure 13. It is the
block diagram representation of Figure 13b that enables the equation error
approach to be taken. First note that one can write the sampled value of the
signal 1&1'(11) defined in Figure 12 as

K M
dm=Y S amT ), (A4.1)
k

=lm=1
where the vector apy is defined by

amk! = [amk(0) ami(1) ami(2) . . il = 1], (A42)

and rp(n) is as defined previously in equation (23) of the main text. Defining

the composite vector a by

al = [auT a12T .. a1KT | a21T ap_zT .. a;)_KT ... ] am1T asz .. amK1]/
(A4.3)
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then enables the expression given by equation (A4.1) to be written as
” L
di(n) = aly(n), (Ad.4)

where 1)(n) is the composite vector defined by equation (25) of the main text.

The signal az(n) can then be written as

-t
di(n) = aTr(n) + Y, b din-j), (A4.5)
j=1
where b(j) are the coefficients of the recursive filters common to all elementé of
H.

The equation error approach to adaptive IR filtering then proceeds by replacing
al(n - j) on the right side of equation (A4.5) by dj(n - j); i.e. the estimate of past
values of the desired signal is replaced by past values of the desired signal itself.
The following signal is now defined

J-1

die(n) = aTn(m) + D b() di(n-j). (A4.6)
j=1

This can also be written as

gze(n) =aln(n) + bTd;(n), (A4.7)
by defining the vectors

bT =[5 b@) b3) ... bI-1], (A49)

d/T(n) = [dyn - 1)21(71 ~)dn-3).. 4 -]+ D], (A4.9)

Equation (A4.7) can be further reduced to the form

die(n) = ql(n)g, (A4.10)
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where the composite vectors q;(n) and g are defined by

g"=[aniT aaT .. aixT lanTagT. . axT |.. lamT anpT . . amxT 7],
(A4.11)

qlT(n) =[r111T(n) .. rlu(T(n) |r12,T(n) RN IIZKT(H) l . ll'lmKT(n) Id[T(n)].
(A4.12)

Furthermore one can define the vector of L signals aze(n) by the composite vector
A T(n) = [d1.m) ety . .. Bem)] , (A4.13)
such that
&Tm = Q) g, (A4.14)

where the matrix Q(n) is defined by

QT(nm) = [q1(m) qa(n) . .. qum)]. (A4.15)

The cost function for minimisation can be written as

] = E[ecT(n) ec(m) + BvT(m) vim)], (A4.16)

where the "equation error” vector e,(n) is given by
ec(n) = d(n) - dy(n) = d(n) - Q(n)g . (A4.17)

One can again proceed to derive an algorithm for adaptively finding the
minimum of the cost function by following exactly analogous steps to those
presented in Appendix 2. Again however, as in the case of output error adaptive
filters, the "effort term" in the cost function cannot be reduced with full
justification to that given in equation (A2.12). One has again to assume that the

sum of squared filter coefficients including those in the recursive parts, is an
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approximate measure of "effort”. With this assumption, the cost function for

minimisation reduces to

J=gT {E[QT(n) Q] + po? 1} g -2 E[dT(n) Q)] g + E[dT(m) d(n)].
(A4.18)

In this case, however, unlike that of the output error formulation, E[QT(n) Q(n)]

will be a positive definite matrix and a unique minimum to the function will
exist [18]. It is also possible to make the same assumptions regarding the
evaluation of the gradient vector df/dg as made in the FIR case. This leads
directly to the coefficient update equation

gn+1)=ygn) + aQT(M e (n). (A4.19)

However, there is still the possibility of instability during adaptation and it may
be necessary to monitor the poles associated with the recursive part of the filter.
Note however, that there is only one set of poles to be monitored and that
represents a significant advantage in this multi-channel case. The final
drawback with this approach is that it may lead to significant bias in the optimal
solution, especially in the presence of additive noise [18]. Nevertheless the
approach seems an attractive possibility for dealing with the problem at hand.
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CLAIMS

A method of reproducing sound comprising creating a sound recording by
recording the sound received by individual sensors of a compact cluster of at
least three spaced-apart sound sensors which are located in a localised region
of the recording space sound field which is desired to be subsequently
reproduced, and subsequently reconstructing a representation of the original
sound field in a localised region of the listening space corresponding to said
localised region of the recording space, by arranging at least three sound
sources in a spaced-apart distribution which surrounds the centre of the
listening space localised region, the reproduction being aimed primarily at
reproducing the direction of propagation of the sound waves in the localised
region of the recording space, the vector of signals input to the sound sources
being produced by subjecting the vector of recorded outputs of the sound
sensors to a matrix (H(z)) of linear filters which have been derived using a

least squares technique.

A method as claimed in claim 1 in which the sound sensors are spaced apart
by no more than one half of an acoustic wavelength at the highest frequency

of interest.

A method as claimed in claim 2 in which the sound sensors are spaced apart
by less than one third of an acoustic wavelength at said highest frequency.

A method as claimed in any of the preceding claims in which the filter matrix
is designed by minimising the mean square error between desired signals
and reproduced signals, the desired signals being simply taken as delayed

versions of the original recording.

A method as claimed in any of the preceding claims in which the filter matrix

H(z) is designed using the LMS algorithfn in the form of

h(n + 1) = yh(n) = RT(n) e(n)

where h is the composite tap weight vector
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RT(n) is a matrix of signals obtained by filtering the recorded signals
through the transfer function matrix C(z)

Y is a leak coefficient

a is a convergence coefficient
is an error vector equal to the difference between the desired
signals and the reproduced signals

A method as claimed in any of the preceding claims in which at least four

sound sensors are employed in the recording space.

A method as claimed in claim 6 in which the sound sensors are arranged in a
rectangular array.

A method as claimed in claim 7 in which four sound sensors only are

employed, the four sensors being arranged at the corners of a square.

A method as claimed in claim 8 in which at least four sound sources (sources
1,2, 3, 4) are employed in the listening space and the sound sources are
substantially circumferentially equally spaced-apart on a circle centred on
said centre of the listening space localised region.

A method as claimed in any of the preceding claims in which the sound
sources are substantially farther from the centre of said listening space
localised region than the maximum distance of a sound sensor from the
centre of said recording space localised region.

Sound reproducing apparatus constructed and adapted to reproduce sound
in accordance with the method of any of the preceding claims by utilising a
sound recording that has been made by recording sound received by
individual sensors of a compact cluster of at least three spaced-apart sound
sensors which were located in a localised region of the recording space
sound field, the reproducing apparatus comprising three sound sources for
positioning in a spaced-apart distribution in a listening space, and a matrix of
linear filters adapted to derive from the vector of recorded outputs of the

sound sensors a vector of signals to be input to the sound sources, the matrix
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of filters being designed to reproduce in use the direction of propagation of

the sound waves in the localised region of the recording space.
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