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1. INTRODUCTION
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maay forms. One common foemisa combinntion of tandpexs filters, the of which
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Section 2 wewill formatise the detign of such single channel systems, and extend the
Mudwmhma

2. SINGLE CHANNEL EQUALISATION

'We sssunte that the Wh?ﬂlmhmaﬂm(ﬂm
with coefficients by o by, ulnmﬂlldn chain iy
modeiled by s digital FIR filter, with coefficients ey to 3. Iﬂhe source sigoal is x(n), the
sampled signal fed tothe tondapenker is y(n) and sampled output from the microphone is a(a) then:
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where .l—l
(o) = qul(n - i) @)

The sommation of equation (1) can be written in vector form as
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d(n) =rTa)h ®
where

£(a) = {r(a), o(-1), ..... r{o-1+1))

.T =[h. h| II;.]]

The wyval method of defining how isthe ‘best’ rpproximation to into misimise the
qﬁ?ﬂm“&miﬁ%‘z:mmmmu;ﬂqﬂmﬁmm
minimisethe *performance index":

I =E(ed(n)} “)
here e(n) = 8{n)- d(n), and E represents the expectation operstor.
;:dfmﬁm:(dg hagmo:lymm“::dhmmmwﬁﬂ?k
i X X : .J, inthat
R i R e L '
1= E{d(n)} + 24TE{r()d(n)} + ATR({r(a)3(a)}h )
hich has minimum vatoe fi of filter coefficients (since the matrix E|
is poitive 'ddimww?uqmymcmmuw”mmmm‘%mmﬁnﬂﬁ
showa to be given by
Bopt = - {E{r(o)rT(n)} M E{r(n)d(n)} ®

Inpractice, Il‘mﬂmu be uzed tosutamatically adjust the coefficiests of b
dmwﬁw:mwf:[s&ﬂ. weﬁm&mmmmmmdeu
equalisstionfil g i

Previous srudies of quqm&m demonstrated that it is possible to obtwin a fiss

response at the equalisation microphone position, equatised response sway from this canbe
mﬁnmnThdm In order to iltustrate this point, snd to introdoce the model
which will be used in laer , We congider wing the srategy sboveis an enciogare with

dimensionsand acoustic damping typicat of a carinterior.

The acoustic response from an acoustic sowoe in oo inthe enciogere to e microphone in
another, mmdﬂduﬁemdhmibﬁudaﬂ&d”mﬁhhnﬂm
5). The size of the eaclosure was 1.9 m long by 1.1.m high by 1.0.m wide, aad all modes with & nstors]

below 1200 Hz wereincluded inthe modal summation (ot 500 modes), even the

calcylated f o 512 Hz, the e {0 Hs. The
e e e B (o
badazeroat d.c., and a 2oro ot haif the semple rate, which mﬁ!r action of &
londspeaker andthe low pass filtering action of the anti and filtwrs wonid be

tsed in any practical system. In the coardinate uzed for the simnistion te origis wasinthe
ﬁmb;gm igix hand corner of the enciosare (&3 seen from the and the coordisstes (21, 22, x9)

bynpuinnnouicmun(o.o,oj.??) i nqpm#mm ;n-d
loudspesker on the left kand side of areal car. The frequency respaase was calcuisted from chis loudspeskar
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wuﬂTn ®(0.1, 0.1, 0.9) which corresponds approximatety to the pasition of the driver's right band

eurinnresl car.

Aﬁwﬁmmmmmwn’qﬂuﬂm&qﬂmm am del
w This filter was adapted wmimmdnmque mu:::ggn v
[6.9). 'l‘lnﬁqm of the ion filter after
are shown in Figure ntllumedmﬁgm whﬁmmempul(whd)m

microphone (microphone 0), and also the origisa response and the
gﬂeac!tlnlq muﬁudﬂnﬂc&umagphmlu position (0.9,0.9,0.9),

corresponding epproximately to the from sleft hand ear: mophmz n(1.90.1,0.9),
tothe 3

mmmvm"" b et b rtt pamenger i s et
although thefrequency been significanslyimproved at microphoned, andmewhmmpmwd
st microphose 1, this ion filter makesthe mndmu'm potitions.
Thisis duetothe of the first 00URIC inthe enclogare, with a nateral

sboot 90 Thlhuhtdedi‘eanmaopmﬂimdl mﬂuyndoaetothamdnl
E;nufmmda andthmnu response &t about 90 Hz, which is boosted

the filter. The of the enclosure (2 and 3 El:t this mode
mwmbm;;?mquﬂﬂm mﬁ'; so:hed!‘euutge ) 3&::«?.»”“"“'.
peak of some 15 dB sbove the average response 1 90

3 MULTIPLE POINT BQUALISATION
The xiture of single poi quh-mm.mmume
= be cast a3 & more genoral : $ mw::hamfyu
tomultiple microphones vis
dmuphmag‘ﬁmadﬁdw formed by dumsgmldnw;hu
individusj modelling delxy(of A sumpies for the ['th microphone), to obtain an error signal &t each
microphane.

The vector of output zignais can now be represested (6, 7] as:

¢(n) = é(n) + R(n}d N
where

el(n)=fesn). ea(n) ... en)

()= [dy(n). dam) ...  dr(n)

RY(0) = [ry(n). ea(n) ... tin)]

and lﬁn) and b arv defined similarty tothe vectorsinthe previcus section. The object of the
filter is ow to minimise the sam of the squares of exch of the ervars, and this oew performance
mdumlybemu.

J= E{e%(a)e(n)},
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sothat

I= E{d(a)é(n)} + TE{RT(o)(0)} + ATE(RT(a)R(a)}A ®

Thsp:;m index again hesa globally minimum value for s uniqoe set of equatisstion filter coefficients
given

hop = - [E{RT(a)R(n)} FE(RT(n)d(n)} @
Anadsptive algorithm basboen 6.9] for adjusting the coefficientaaf b to be
mt? Sopt, and this beuuLdeu‘nn ﬁh.-fchmdu'ind:

last section. This equalising filter, however, now attempts to do the best job of equalising s all ¢
microphone posi ';wmmmmdmmdum-ﬁj:mmm
outputs and source zignals. .

The andi response of thls new filter sre shown in 5,
mFmsmem mm:uunﬁmphm 'q‘..mumq-dwm mﬂm
[tis clear that the peaks which are commoa to-all four mi responses, for example that ot sbout 200
Hz, havebeen largely removed. However, the i basto copewith requirements &
sbout 90 Hz: of ing the response in the front of the enclosure and of scppresing the respose in the
rear. Infactthe on filter does suppress the peak in the rear ut the expeswe of cresting & dip in the
Mnﬁlw.mdﬂ:ung azmailer total rexidual error than boosting the response
inte front ing the response in rise oven forther. from the ialb#l
resposes at ahout 90 Hz inthe froat, and et shout 130 Hz at 2, the canbe
seen tobe doing a reasonsble job of equatisstion at il patats. mmmmnq-:zm
function from 2 Hz to 500 Hz, aversged acrosy mxicrophones, is sbowt 15 dB when using .
m.wmumwmhmeMGm dB over this

uency range.

The modeifing deinys usedto generate the desired signals, d(n), & each for these remlts
mﬁmmmﬁmo. l.;o:d.'mbe 15, 14, 18and |7m¢qm;fmm
i weresetto . obtxined
e b et e e

equaltodlediﬂm st the i %;c u:..ﬂ euf:ﬂn
X can

w mggens w«: equatis theresponse microphone best by
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Figure 3: The original frequency response from the loudspeaker to four microphone
i pasidongin the enclosure {solid line) and the response after the introduction of
an equalisation filter designed 1o equalise the response at microphone 0

(dashed line).
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modelling delay for each microphone
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Figure ¢: Block diggram of the multiple point equalisation problem with sampled
signals.
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Figure 6: The original response from the loudspeaker to four microphone positions
in the enclosure (solid line) and the response after the introduction of an
equalisation filter which minimises the mean square modelling error at all
four microphones (dashed line).
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