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1. IRTRODUCTION

The purpose of this brief note is to outline a scheme for producing
better approximations to the perfect reproduction of pre-recorded acoustic
oignala than are produced by currently available sound reproduction
systenms. The basic description containad in this note is applied to
storsophonic sound reproduction whereby signals are recordsd at two points in
space in tha existing cound field (at, for example, the ears of a Adummy
head). When these signals are replayed via two loudspeakers in a listening
room tha initial aignale are imperfectly reproduced at the ears of a
listener. With tha recent advancea in scund recording and reproduction

technology the imperfections in the reproduction now arise from three main
sources:

{1) The signal played ‘vn the right channel is reproduced at both
the right and tha left ears of the listener. Similarly, for
the signal played via the laft channal.

(2) T7he acoustic response of the listening room provides a
rgverbarant field which is in addition to the reverbarant
£ield of the space in which the axisting recordings were made.

(3) The frequency response of the loudaspeakers used for reproduction
ia inperfect.

Tha objective of the sound reproduction system described here han been
asmumpd to ba tha "psrfect™ reproduction of the recorded signals at the
listensaz's ears, i.a,, the signals recorded at two points in the recording
space are reproduced exactly at twe points in the listening epace. In orxder
to componecate for the above three factors it is necessary to introduce
inverss filtars which act on the inputs to the loudepeakers used for
reproduction which will compensate for both the loudepeaker response and the
ool responsa. Initial attempts to design such inverse filters has been
reportod by Parngworth ot al [1] and Clarkson et al [2] in the single channel
case. - In the work raportad hera the inversa filtering problem is dealt with
in the two channal case and, in addition, the formulation includes the
affactive cancellation of the undesirable "acoustical cross talk™ provided by
umvanted tranomission from, for example, the right channel to the left ear
and vice versa. These three problems are thus dealt with in a single
formulation vhich invelves the use of a matrix of digital filters which
oporates on the recorded signals prior to their transmisaion via the
loudspeakar system.
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Previous attemptn have been made to employ similar techniques using

analegué elactronics such as those proposed by Atal and Schroeder (3],
Damaske [4} and, more recaently. by Sakamoto st al [5,6). In the formulation
presented here, however, the use of digital techniques 18 envisaged and the
problem can be analyeed using a conventicvnal least squares approach. Two
approaches to the problem are presaentad: one involving the dasign of the
invaee filter matrix via a "deterministic™ least sguares mothod and the other
involving the use of a “"statistical" leaat gquares techniqua. Tho advantage
of the second approach is that it can be made adaptive and offers the
pospibility of computing the filter matrix tn sttu in a given listening
spaca. In this case the proposed pyetem congists of a sinple addition to
existing stersophonic sound reproduction equipmant. In oimpls terms the
additional filter watrix can be housed in a "black box* containing the
necessary-micro— procesore which cperate on the two output signals produced
by existing equipment. The black box produces two modified outputs for
transmission via the loudspeaker system of the existing aguipment.
Additional inputs to the black box are provided by two (or more)} microphones
which may be placed at the two (or more) positions in the listening space at
which the optimal sound reproduction is required. These microgphones may be
removed aftar adaptation of the necessary digital filters.

In addition, the approach presentad has been ganeralised such that it can
ba applied to any recording technique involving sensing the scund fiald with
any number or type of transducexa., It i thus not only applicabla to dumey
head or coincidant microphone techniques but also more recont approaches
involving the effective detection of the pressure and thres componente of
particle velocity in the sourd field, In either case the approach prassnted
enables the deduction of the inverse filter matrix enabling the production of
the beat approximation (in tha least oquarvs sense) to the recordsd qualities
in the listening space.

2. THE INVERSE FILTER MATRIX POR STEREOFHONIC SOUNMD REPRODUCTION

The basic problem is illustrated in Pigure 1. The recordsd signals x,
and x, have been produced at, for exanplo, the ears of a dummy head. The
chjective is to produce preciasly the same signals at the ears of a
listener. These signals are represented by the outputs d, am d;, ' of
microphones placed at, or closs to, the cars of the listener. Pigure 2
shows the transmission system in Dlock diagram form, where the transfar
functiona Cgm represant the transmission paths from tha loudspeakers to the
ears of the listener. FPor perfect sound reproduction it is assummd that we
require 4, =x, and d, = x,. In order to achieve this in principls wo
must operate on the inputs x, and x, with a matrix of filters having
elements Hpy ag shown in Figure 3. The prosence of the diagonal elements
Hy, and H,, can be thought of as providing tho neceosary canowllation of
the cross talk signals present in the listoning room as a result of the
diagonal elaments C,;, and C,,. In order to find tho necessary transfer
function matrix H we can work in the frequency domain and dafine the vector
of signals @ an
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= [ax] = [Cu cu] [Y1] =cy (1)
C Cz1 Cazlly:
where the vector of signals ¥ 18 defined as
¥= [Y;] = [Eu. sz] [‘x] =8B X (2)
Bz, Hzplixy

Combination of these equations yields

4= cax (3)

Thus perfect sound reproduction, i.e., such that d = x, requires
CE=1 or = ¢ ‘. Thus in frequency domain terms the nacessary filter
matrizx B 418 aimply the inverse of the matrix C. Howaver, we cannot
compute an exact inverse of the matrix C due to the presence of non-minimum
phass components in those transfer functions (it ies well known, for
example, that the room acoustic tranafer function contains significant
non-ori nimum phase elemente [7])). It is therefore necessary to take a least
squares approach to tho design of the inverse filter matrix and in order to
do this it helps greatly if the block diagram representation of the composite
gystem shown in Pigure 3 can be rearrangad. The necessary rearrangement can
ba explained simply using a little matrix algebra. Equation (3) can be
expandod in full as

[aa.] [cu cn] [ﬂu -Eu.] [‘1] (4)
4, Ca1 Car2iiBay Hypllx,

and by expanding the product of the matrix C with the matrix H thia
can ba written in the form

[61] = [(Cuau + CyaBs,) (Cy Hy, + cuﬂza)] [‘;] {5)
da (CzaByy + Cpafizy)  (CaziByp + Cpallsy)

It is also evident that this product can be written aa
[a:.] = [‘;cu %,C2  XCy, "zcu] (6)

d; X:Cay  X.Cz2  X2Cai  XpCy,
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where a vector represantation of the filter matrix H has now been adopted.
1f wo now define the signales xyCgy as the "filtered reference signals*®
Igmy this equation can be further reduced to

[d,.} = [rxu. iz Friz  Taiazz][Bia}l - (7}
d, Taer  Faes Triz  Tazal[Bay
Hyp

H’ll

The corresponding block diagram of the rearranged gystem 18 ghown in
Pigure 4, where the input aignals x; and x, are firet passed through tha
relevant alements of the transfer function matrix C before being passed
through the slements of the transfer function matrix H. This approach is
thus essentially that taken by Blliott e¢ al [7] in deriving the stochastic
gradient algorithm used in problems of activa control of periodic noise and
vibration, and has beon oxtandsd for use with multiple input signals by
Nelson ot al [8]. - This block diagram arrangemsnt cah now be used to
determine the optimal finite impulos response filters cosprising the matrix
H. Two alternative least sgquares approaches can he taken to datermine the
filters which give the "bast" transmission propartiaos of tha net system.

3. DETERMINISTIC LEAST PILTER DESIGN

In this case we determine the filters comprising H vhich give the hest
leoast squares fit to a desired cystom impulsas responga. Pirstly note that
this requires an exact knowledge of the transfax functions comprxising C.

Now observe that if the inputs X, and x, are both unit impulsses (At time
index n = 0 in discrote time) then the filtered refersnce signals r(n) will
ba given exactly by the impulee responses of the relavant transfer functions
in c. Thus the net impulse reaponse of tha system (tha outputs 4, and

4,) are comprised of convolutions of tha form described by the matrix product

() o 0 0  Im{o) (8)
e{(l) c(0) 0 4] n{1)
e(2) e(1) c(0) o n(2)
e{3y o(2) e{l) 0 h(3)
. a{3) c{2) c(0) .
. . c(3) (1)
c(J-1) . . cf(2) .
+] c{J-1) . e{3) |h(I-1))
a 4] e(J-1)
v} 2] o
L © o o c(J-1)
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whore the duration of tha impulse responses <(j) ia assumed to be J samplea
and the impulse response of the coppensating filters h{i} 1is assumed to be
of duratjon I samples. HNota it is alpo implicitly assumed that both co(j)
and h{li) are causal impulsa responses. It thersfore follows from the
rearrangad block diagram as exprogsed in equation (7) that the net ocutput
sequences 4,(n) and A,(n) due to unit impulses at the inputs At n = O can
thus be written as a composita sequance vector defined by

4,0} €y (0) o 18,,00) o I6,,(0) @ 1€,4(0} 0 M, (0}
1 ~ | ~ | ~ :
I._(n Cralll} Ca(0) 18,501)  €,(0) 1€6,,{1) €,,(0) I1E,.,01) Cua(0)] [y f2-2)
N RN AN PN
LRLH : C(2) 1 L Cathy 11 ey 1 Coat )| Ineutor
: [ ) : 1€, a1} L RTE L S 1C {1y ! H
N i ~ ' [ ~ Tyl I-1
8, ( THT) [-] CaulF=13 © Cald=1H 0 € (1)1 © (1)
Beat@)
340) | = |€a.00) ° ‘IC"GO) ° :c..co) 0 1C44(0) 0 n,.('x-u (9)
1
a1 Caall)_  €3.(0) !c..u) Cagl®) 1Cap{1) Cpal0) 1C501) ~ €aa(@)] Iy, 0)
~ :
a2 Coo a1y 1. Teat) 1oL ey . LR | R
: caga-1y C €4a(3-1) DGt L 1€ (d=1)
A8 1T} o Crald-131 o DL CuiF1H 0 Cauld-1)

This equation can be written compactly in matrix form as
dy = Con {10)

whare the subsoript “s” has been used to denote pequence. We now require és
to be a least pguaree approximation to a desired impulse d. This desired
response could be, for oxampla, simply a delayed version of the input x(n).

~ This will allow the incorporation of an appropriate "modelling delay” in the
design of the inverse filter and therefore the reduction of the minimum mean
square error aspociated with the leapt gquares estimate (see Widrow and
Stearns (10]). Thus, for example, if a delay at n = 2 is required, the

aT = (po10...0 0010 ... 0] (11)

It should also be noted however that any arbitrary required definition of g
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could be adopted and in principle a depired reverberation of the room could
be incorporated into the formulation.

We thup seek to minimise the sum of the sgquared orrors resulting from the
difference between the actual system igpulse raspongse and this desired
impulse response. This cost function can be definod as

I = (d - dg)Td - dg) (12)
which, using equation (9), can be written as

T = (d - cgn)T(a - cah) (13)
This can be expanded to give the quadratic form defined by

T = dTa - 20%cgh + hTeaTeeh (14)

This function 1is minimised by tha optimal filtar vector of filter
coefficientes dafined by

hy = (CsTCal 'Ce™d (15)
with a corresponding mm.m'man squars error which is given by
I, = a%a - aTcgh, (16)

Thus the optimal filter vector h, can be evaluated by direct inversion of
the matrix [CpTC,). This matrix is block-Tooplits in form and efficiant
algorithms axist for its inversion (11]. It should ba notad that exact
moasuremants of the element occaprising Cy. i.w., the transmission path
inpulse responses, are required for ths computation.

4., SEATISTICAL LEAST SQUARES PILTER DESIGM

In this approach the systen is assumed to be supplied with a spectrally
broad "training signal" via the inpute =, and x,. The resulting outputs can
ba written (in discrete tims) as

a,(n) = £, ™y axn) = £,™h (17)
where the vectors of filtered reference signale are given by
2T = (22127 EianT  EizaT

2T = (22227 E2esT EaxaT

E.u.:'rl

(19)
Zs2aT]
Each of the componant vectors comprising thase vectors of filtered reference
signals are sequances of the form

EopkT = [Comiin) Eome(M-1) Fpme(P-2) ... Cemeln-I+1)] (19)
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The vector h is the composite tap weight vector as defined above in equation
(9). The not output can thus be expressad as tha composite vector

d&ny=Rh (20)
where the vector __d-_(n} and the matrix R are dafined by

a(n) = [amn)]. R= [5;"] (21)

a,(n) T

We now geek the optimal filter vactor to minimise the time averaged error
batwaan the actual and desired cutputs. In thias casa the desired cutput is
defined as the signal produced by passing the training eignal through a
filter having the Gesired impulse rasponse. Again this could simply be a
pure delay, & samplea, or any other modified form of impulse response
function. ™e net block diagram can thus be written in the form shown in
Pigure 5. In this case we geek to minimies the time averaged sum of sguared
arrors defined by

J = B((a(n) - d(n))T(d(n) - &n))]} (22)

where E denotes the expactation operator and d4(n) im the vector defined
by dT(n) = {d,(n) A,(n)}. Thua, J can be written as

J = E[(a(n) - R WT(d(n) - R W)} (23)

vhich reduces to the quadratic form
J = e[dT(n)a(n)) ~ 2E(dT(n)RIN + WTE[RTR]D (24)

This function has thea minimum defined by

ne = (E[RTR}])"*E(RTa(n)] (25)
and the corresponding minimum mean sguared error given by

3o = E[aT(n)d(n)] - E[OT(NIRING (26)
The matrix E(RTR] 1o again of block-Toeplitz structure and can ba inverted
directly. An alternative technique is to use Elliott's stochastic gradient
algorithm where one updates the coefficienta of the composite filter vector h
in accordance with

h(n + 1) = h(n) ~ aR &a(n} {27)

where o is the convergence coefficiant of the algorithm and the
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ingtantaneous arror vector 1is defined by
e(n) = 4(n) - d(n) (28)

The generalisation of the use of this algorithm follows easily from the
formuiation presanted hars and the description of the algoriths presented in
refarence [12]). The advantage of this tachnique is that thoe implemantation
of the algorithm requires only an imperfect knowledge of the alomenta of the
matrix C in order to derive the valuno of the filtored reference signals used
in the coefficient update equation given by equation (27). In the singla
frequency case the accuracy with which the values of the filtars C must be
known ig well established. More work, howaver, is required to astablish the
necapsary requirements for the accuracy of the gensration of tha Ffiltered
reference signale in this case,.

S. EXTENSION TO MULTIPLE CHANMELS3

The above techniques are easily extendsd to asal with the case of
multiple channele where, for example, the signals are recordsd at X pointa in
the recording space (producing eignals m=my) and we wish to reproducs a bast
least squares approximation to these signals {dj) at L points in the
listening space using M loudspeaiker channels (with outputs ¥g). In genaral
it is asgumed that L » X > X. Again wo operata on tha K recorded signals
with an B x K matrix H of filtere prior to their tranmmisasion via an L x M
matrix C of transmission paths. This is illustrated in Pigure 6. The
formulation of this genoral problom is most easily accomplished by again
using the tranafer function reversal technigue. The approach adopted hare
is identical to that prosentod by Neleon et al [9]. Thus in matrix form,
again working in the frequency domain, we write the wvector of N loudpssaker
signals and the vector of L reproduced gignals ap

y=HEx d=¢cy (29)

If these are now written in terms of the columne hy of H and the rows
cg of C than we have

g=(hy by ... bx)x, 4> [e,T¥ (30)

The signai produced at the i'th point in the listening apace is thus
given by

dg = g%y = gg%(hyx, + hexp ... Byxg) (31)

Transposing this scalar then yields
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... heTogxy (32)

dy = h,Tepx, + B,Tepx,

™is then demonatrates that the equivalent "reversed transfer function™ bleock
diagram can be expressed ag shown in Pigure 7. In discrete time, the signal
at the 1'th point is the liatening space can thus be expressed in terms of

the convolution

dg(n) = xy™h (33)
wvhare the coaposita tap weight vector h and the 2°'th filtered reference
signal vector xg3 are defined by

T T T T T T T T
2T = [Xiys Thas -++ EGMs !Efsz Efze +++ LoMal--|Z0aR Efax -+ EDR)
(34)
T T T T T T T T T
ho= (B, Dag --c Maay 1B,z Dz - Dael..1BuR Bax oo Dx]

whore each of the component vectors are given by the sequences

El:m: = [Epmpe{N) Tomk(n-1l) ... Cgmx{n=I+1}]
(35}

Pgk(l) ... hye(I-1)]

By = [hpk(0)
T™ho net vector of discrete time eignals produced at the i points in the
listening space can now be written as

d(n) =RN (36)

whers tha vector d(n) and the matrix R are now defined as

d(n) = [&,(n)], R = (T (37)
az(nJ EzT
d(n) T

The optimal ocosponite tap weight vector which minimises a cost function of
the form

J = E[{d(n) - &n))T(a(n) - d(n))] {38)

(vhare d(n) 18 now the L-vector of desired impulse responses) is now
deduced by following exactly the analyeis presented in equations (22) to (26)
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adaptive coefficient update equation (27) also remaing applicable

:
EE
B
:

6. CONCLUDING REMARKS

™o prodblem has been addressod of designing the inverss filter matrix

stereophonic veproduction systeaw. The prinoiple odbjective of the syston has
been apsumpd to be the production of a "closest pogsible approximation” to
the exact reproduction of the two rocordad signals at two pointe in the
listening space. This effoctive equalisation is likely to be highly
1ocalinsd spatially [1] and may well be only practically affective at the low.
frequency erd of the audio froquancy rangh. It may also ba more sffective
to attempt to spread the "szone of agqualisation” by sensing the sound field in
the listening space using more microphonas than loudspesaler channals (in
vhich cass tho analysis of Saction 5 is applicable). The psycho-adoustical
affects of the implementation of the schema have not been considared and in .
particular ite effect on stersophonic image localisation has yet to be
quantified. '
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X2

o>
[ ]

Figure 1. A stereophonic sound reproduction system ; the objective is 10 produce
signals at the two microphones which are exactly the signals input to the loudspeakers

i A A A .
i.e. dy=x; and 32=x2 for "perfect” sound reproduction at the two microphone positions.
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A
X {rarne i Cll P—— dl
Ca
Ci
A
X— Cyy H—>» d,

Figure 2. Block diagram representation of a stereophonic sound

reproduction system prior to the introduction of compensating filters.
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X, 4» H,, Y1

Cii

Ca

Ci

. X3 i sz

C22

Figure 3. The block diagram of the reproduction system when the matrix H of

inverse filters is introduced ; x) and x; are the recorded signals and y; and yy

are the new input signals to the loudspeakers.
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r
X| -+ Ch o H;,
C I121 > H
12 21
X2 C, 2, Hy
C N o H
12 2
r
C 2y - H
22 21
xz — C’)! rzlz—.‘ le
T
C22 222 H,,

Figure 4. Equivalent block diagram when the order of operation of the elements -

of H and C are reversed.
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z-4
dy(n)
X1 (n) Hl i - C] 1 L
dl (n) el (n)
H?.l ] c21
H, 1 Ch
32(n) €2(n)
X2(n) Hy, O Cyp
dy(n)
z-4

Figure 5. Block diagram of the compensated sound reproduction system

when 2 modelling delay of A samples is included in order to allow for non-
minimym phase components associated with the transfer functions in the matrix
C. The desired output signals ﬁ[(n) and dz(n) are now simply delayed versions
of the recorded signals x1(n) and x3(n).
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A

Recorded signals X Isoifgglpsé :;etg:tyto Reproduced signals d (
m

=
I

Figure 6. Generalisation of the scheme to deal with signals recorded at K points
in space and the best "least sqares” reproduction of these signals at L points in a listening

space, where in general L2K.
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1 1
M2
G H,
Mt My H,
1
X, G, M2 H,
2
M2 a"
% H,‘_,2 . —
Femz
Gou Hyz
xK rﬂ K H
K

1|15

Feok H
K [

g

Figure 7. Equivalent block diagram representation of the generation
of the signal at the { ‘th point in the listening space.
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