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M EXTHOD AND SYSTEM FOR EQUALI ZI NG A LOUDSPEAKER | N A

ROOM Fi el d of the invention The invention relates to
woher7iwredesl of audi o and sound reproducti on equPOTBK2006/000724

nore specifically the invention provides a nmethod and

a systemfor equalizing a}oudspeaker in a roomwith

t he purpose of adapting the |oudspeaker to the room

ME n& t hus i nprove sound reproduction. Mre
@5 RiANR SYSTEM FRR EQUALIZING A IOUDSRERIER IN ACRODSC! a

frequency characteristics perceived in a |istening
Fi AN [n.the roomin order to obtain a sound
'e'rgggrt‘c}s(j@\'%%ﬁo'w th a perceived neutral tinbre which is
The MJRtibMASALH characteristics, |oudspeaker
(%os?htli on and_gf%tf%h élf%%g?gsﬁn i"SH"Y PR P HgbRguiPment, more
SPEBHERYFBURYSTB N ATRVidenaeethod awl etystetrhior bhedlidingfa Iauh&aker in a
room ﬁhdﬂa@mma oB bgdpting tHHt '0‘5dSP§51ﬁr%§ ﬁl‘ga’m%%gngi&gﬁs ﬁ%%g\ge sound
A RLBABME QN use, 1t 1s vell- y
T e-_'egﬁg{)ri%zsi_p n%ﬂéaaély’c%ﬁﬁg@ﬁ’t"@ 'S BEIer &p Fordert @i fermuersy
charpfgristis Pegreived in atisteting edsitign titee Iroarh embigr tdO8YtRin Qr'sound
repro@iciieh Wity ApertaV &S AGkiaPhimbet isth§reliQuidspeaker  and
Charg&gril.‘ti sten %’% oom D ffer enwggﬁ('ﬁgréﬁgﬁepﬁg‘g%‘t BE}EQ‘?”‘
Rade 1o prOERSTASHAR P bisteripa Resitiepindtiecadion qual ity
Wth a nore neutral tinbre when |istening to a
Backgyiegagafithe inventiayi ven position in a given room Prior

Withartglﬁs_ol utions include nmethods based on a nmeasurenent
Bt e rgtk e dicrspeadueions suchsthi-imteree of sudsyreialoand ty@tems for
home s, |it istvesti- KIpwpaBiabpi9 FEqliAIRMgAB8TbRPLAG (@sdinh! %groduction for
the &Wiﬁ{r{%@&e{jf%, tF]hlisst transfer characteristic. THi'S
ouqnas, a number ~of vl I “RHGWP Gl SAGHART By nSerepianshetween the
oudspralsiitangl the distenigh repun.mRfferens gmcoddnes hove BdeBGHRRCGH BPovide an
improeeel doand Reprpd @S8R 68alRY with QoA itra L B3, & ipber of
Ioud%gg,i(ériiggalivermdi ficati %_ns are per orFPn{é‘JHQB'%%‘ﬁ”ﬂ!S ISR @

ype of “equal 1718 e eNBuEMy result in a sound

reproduction outside the |istening position which has
Prior @riBIRiohHE ¥ Rle GR&tAE R 198y Lhout the equalizing.
from EYEN v%%gksrml | movenent sx?ﬂgtrﬂ%%/galérepheé't PFQ?'?E‘?rrfé‘araCte”s“CS

" posl HHgFak Y forihe istering eesiamedriasn dasigninga Siberecaamasating for
this twsmghthtefsmghadesbhﬁm; SEREIP NGB dliAtdGbY such as
uncor @R TH ihy at ; e of a Si poi nt equali zing
unleBRPT 08C can .eégggﬁ§§£ﬂ+ﬂ§eﬂ€l%@%%iﬁewsgwe of room modes,
eS3 Pt : iof additenab redifigations agg perfretried dStils wiggeSipe of equalizing

methadeemayg reayittin anstied rephiialdrestsitit % |§g@§§ﬁq;§£.d0“ hich has a
more/SeURE cofFatRAShEL B0l d De el ity of the TiSt'eh| ng
H.ROSItion S0 as"to pr G\ BIURNZIBYr FMEN MERGSTAR| BRVeANents outside
the lifpj0e @esien isyriaes tamycantimetres, may inasohay @eés bd &1c@Bh Bldegrade
the partceiged SaMRMVRIality ST ARV Ad @k RblE | 2. guite

LaLge;, nsLrher nmeasur e’ﬂent S, ‘gngo satlgrllljéfh£ E?'B%?%Jéﬁ'ﬂﬁ? pRproach
can b in 458 g . . .

poor results: h a |listener noves outside a quite

narrow | i stening area. Thus, in order for
As an alternative, several prior art methods suggest averaging transfer characteristics
measured in a number of positions in the vicinity of the listening position so as to provide
an equalizing which will provide satisfactory results for a larger listening area. However,
such methods often require a quite large number of measurements, and still provide quite
poor results when a listener moves outside a quite narrow listening area. Thus, in order for
such methods to work in general, a large number of manual corrections are needed by a
skilled operator. An example of a multi-point equalizing approach can be seen in us

6,760,451.
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such nmethods to work in general, a |arge nunber of
manual corrections are needed by a skilled operator.
wanowwaesebe of a nmulti-point equalizing approaeOT/manrods®o0724

seen in US 6, 760, 451. Still_other equalizing methods
exi st that are based on estimati ng a general acoustic
response fromthe | oudspeaker in the room i.e. away

fromthe listening position. This can either be done

still lgylwga‘e_euaginpgnéﬁaaasJéﬁﬁQﬁlit%r@lﬁfie‘ard?f&tii"rfétiﬁ%%%glral nguatic
Qo or alternative asurrng a
e it ek e Ghat seaey imatie rfaniva peiton. Trs can

) %ower out put fromt
either he AR OY P pERgIYETcasytdments parttirateld om a M@ bsE 3NS&itRAs in the

roontles Giltebatvéif bEPh&isdidg 3 f the invention
acodstic 'hg,r an, egbshe,gt of ,trﬁge 5?;\’<!.§leonutt'§lH m%ﬁeglﬁué%’ SPrbr R eguivalent
met hod  and “a-s§% FSIAteB resizienae; asidegeriber du BB feiieet74i .
order to conpensate for an influence of the roomin
Sumparyiefithejigvention | oned, so as to inprove a percei ved
It | soug.d reproduction quality for a person listening to
l el JIGSW§B%HW§?NG(PV%‘U°P 9 eravitlg posthod @nd iarsysteen fop@flializing a
oudgptepkdr, in bhier ne tdrapersBRUbHaPMOMERS & iz 21s the.
s ad gq%gg,%lge[?eé& &pgﬁ n§9Und, repr odup? T%%%glu'gﬂr?% '?Ec,s posiioned,
i npr oved al so T or 1St SRRPUEHBY ALRIEE farfeParpan liskening to the
'OUd%gE’f%riaéﬁ."stﬁﬁ@grmshi@d imthetrobm. Stil, tteel nfediiodeghoaldt RBRLE §n
equafitihd eff thd @aidgpeaef Bo B2k Yo R ! required
listereP oRsOR: Sk L L ed_oper i rgmpioﬁﬁtoﬁ?qéj%ﬁ%ﬁ%bné rng?c{ésoofPr
“a successtul T eLUPStiqe FRpethadenuitbecyited fos wintastbriiatic filter
desigigth enly very-linitesytatiemequrdddony assRilled¥patatd® Withla high
probab@iRty $Ka kh@dsp@r-sQlk. uglel hi-f£i loudspeaker®to
be o %rstg(g | fic posi tig{)itnt'-%ﬁ&)g' ?’!evrﬁﬁtag‘? GoMRATTISg R p hi-fi system to
HEKi EVFHPB ATl g Tsen de afuatiee @ dt-fidoyrtsppaket kes spdcific
positiphén  Gwing aern wthile istill BIkRGtOMHCYSUNR ifdABal P Hgﬁgﬁébrf%@ertileg of the
:

roomaanﬁiiﬁsﬁﬁt_e@a%ﬂ@@%vjthI%ﬁe iorl]u}ﬁ%)%gLe(?‘n pr OVi .de.s a rmt hod .
equalizing a first |oudspeaker positioned in a roomin

order to conpensate for an influence of the room the
In a firett dspectaberpivestistgprolifess arehdf foﬂ-)eqlﬁ.gﬁgiflb'ra'fn&l Iguctlslpeaker
positibhet i 1 gmgg%kéérq{} Ctrlquansf er_ function fromelectrirca

i nput_of the f1tst TONUSPEIRER" NHusnesHfibe posssbe metitod
Compﬁs'ﬁﬁ’ SeetieriPfposi tion in the room 2) deternining a

gl obal transfer function representing a spati al

aver spund pressure | evel in the room generated

oy rea o f PtElng BESRT Forsferduncsonifiimgieacolppmt sgtiais

| 19dePaakentofasmnd amesshiref atexjisemayg pdshnUPRIRS rddd, N | 1 Mt

bei ng based on an inverse of the global transfer

fli%'tatiepn., 4 dlet erm ni nﬁ—l an equalizing filter based on
an’ IAverS89gt 9'phal transteg NRBCTHERPIreseniing # aprdfabeverage of sound

f arRseyrerevehinetheiropra ggadrateaibytthe it yldsgdamgr fil ter is
limted to a maxi numgain in accordance with the upper

ggﬂ Qetl imt, and

ermining an upper gain limit as a function of frequency, the upper gain limit
being based on an inverse of the global transfer function,

4) determining an equalizing filter based on an inverse of the listening position
transfer function, wherein a gain of the equalizing filter is limited to a maximum

gain in accordance with the upper gain limit, and

5) equalizing the first loudspeaker according to the equalizing filter.
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5) equalizing the first |oudspeaker according to the
equalizing filter.Iln step 1) it is to be understood
woOhei7/0068831 i st eni ng position transfer functi onPCamK2e06/000724
performed by one single neasurenment in a preferred
Iistening position in t he 3 oom Alternatively, the
emH%B osition transfer function can be neasured

In S% " updersigad thag e ksseningbosjtiqpasartsiap fenttian @bimge
perfprh%d bysrtrgri:mﬁ pR&sUrémBnt ih %Cdréi‘ét)r@fl ln%nMBtpoknﬂ&ll HekinRg,he
lee R L ut rather coveri
Alte Iag %{{Itﬁgh tleu’?’h&'ﬂbagorpgfa%sk fpjg‘ft'og\f:@?Q@Ir?@as\‘“@ﬂr'@@éwmhﬁgﬁ
posnféortsrsgﬁgql rPOgitipRad & ﬁU'ﬂd)thedlSthS’tgelIUSIu@naiheladlnb rdw'hbﬁmcludmg the
preférodd iasuerngy Iﬁtﬁ&ﬁ)ﬁ' Blﬁt' l@fherggsl'é?mg aARknid sfep. dunct] g
repr@sreﬁtliq%eg g’r ster fu ctlo fo es o esentl gdﬁg 5 Spa : aVe"aglng
€ scal@ Oy 5ﬁ @ﬁUWQéV%%t representatlon and
in general they are considered as being a function of
In tHelfOIHWERE Yescrlftids g 8inP gt IS ,understopd to be
. rézentag ziér [étal ng@ln ?ragirde'tliéﬁsfgla#uﬂclilon ag‘%Ef%{'r ﬁ’aaﬁ \plpes
Prgarn |°§ LTHEPeRBE scelepe Eﬁhe%w@éﬂn@r@rg@nmt@ﬁ bres| dehaml they
are qqn$|dgred @obeieg pcﬁmmhtlngloy freqlﬁbnlcﬁ\fﬂfug €a ggs,ﬁ\,ﬁt: Jiﬁrp%ftﬁlrderstood to be
an abdaned i bQH of Q{Of@ﬁﬂﬂ %?té é)ndca Re ng%%ye @llnl gundegstlagd tq pan absolute

aI‘I’E ni tude values in
gain p &?1 N unityy (aqgres@ﬂdﬁrgg)p@ndn\rﬁgd;eyqf atmamgstieh fuh@dN@orresponds to

changel bf sigrc bfl lfsrm@jnlﬂhﬂélﬁ)§lfu§§ inf W) &L d.ONG(rRy € Sat!lBSg éwgﬂ(islt)oo% d
ti t d t % B.
CorrésBoancﬁn rblsr’lpa%ﬁﬁloH %F%'ébt?;%c? IRY 8? Hglé%eg?rof}ojﬁglqo’lé afehalsg Updgrstood to be

gni tude
mamagﬁ@ﬁﬁtopﬁCﬂgﬁﬂéwéphhérmanmqmai|ze the first
| oudspeaker to the listening position but still taking

{ Qunt .th eneral properties of the room Even
With Hﬁ”‘ 'Q'e%%?hém ﬁ%?‘? %erﬂjstffisP?%r Itjisspasgiblecto squalizashs firsed

oudspg%gf@theflgmtngmsitlon adus geciaking lﬁtb%EMhﬂ%e%'eFél Bfbperties of
the rédhe Bvah rtm}gﬁtthé)@ql%fhmhg%lt&r lgg)g dtC ér/na%E%g?gr]ggh@ggfgﬁfunct?olnnto a

on an 1 n

speCl ple Es]lteefg%??sﬁ{j’” Hhedigpdustion gfirie fraauemayrdepemddnh @ppaaan lichit

baseqt en Stplmmelbb ef b mraskfapﬂltnth@'n %ﬁb@h?ﬂrﬂd‘éﬂﬁ £\}e|r£§er sdthb %Féjsls&% in the
r ertl e he room'sinc

room} @i Ie S[éb%stgggg rrs?%peegcﬂg :ééuéhzwg rfit%{ a?ciqwf lp%togt‘lhsggperta} mg@g

prODGﬁﬁ.qu i lgehroowsinp\cettﬁ@s%@pp@@es pite ingerpuisisithé global tRthad flron.

equalizing filter to the listening position while

i nof the filter to
it ﬁ'te .41ét\r;v5[}t)ﬁﬂe£ élé%gor'%F %CE%’F Q‘& "eCI“%E‘T‘”Q flEerrta &g listering pesitisrswhile
still rrﬁggygpgb]:l'@ Pexiaym ghitlesihgrillagtafiollaqusad gd"lleﬁﬂ charbt@F ofhkRoom.

Thus, i ig posBivid f&ﬁﬂoﬂ:ﬁ&é&ﬁ:}nﬁ{g MJL@\AZ;%{?@%%H eh?ea%\égun% gains at

t
narrO\g ﬁ%h?én%ﬂ lnk%&xg% ﬁ%?tﬁa %s}ggqahgrsoﬁéitlﬁgw thgljlétq:nmggjmsrtnam MAgmerding
to theg‘aethgd,\ﬁggrp bigb mhaxirhemajairewediid onig a8 %Il&\b‘&i’lnc@gé ﬁ%@%ﬂ#egp‘and

to a gén@@lﬁ&!’r@'m“@%@n’f 'FIeFJIB?/ F]h%q.g):polgﬁam %‘f’t sgr\fﬁs Esalgf_- gheeroblem of

es to solve
> tiar Gl NS B e é5nceaneiuaso och moties harca
frequeneyl earian imthedisteningf foe mica r&éuseﬁaﬂ%omr}né&e Thé 5%5%121%‘ Ef high

maxinR®$ bhih® espae G By Frg(g{%nae ehell é&gfs?\é%gcg/(y:ﬁeﬂaggollflﬂreqi% to

louds %r@ 9éal ns, espec
&g BRBIC heasyiopm; &t a%tﬂon durtepdeke bettyrnastch tdneau}g@m
listening areadhict tianspetitic POV Bt chR&IEes bor IRLER AL pOSItIOI’IQS reduced.

Altogether, according to the method it is possible to provide a room adaptation filtering of
a loudspeaker which will provide a listener with a listening experience where severe
coloration due to room-loudspeaker interaction has been significantly reduced and still

without introducing coloration artifacts in locations outside the listening position.
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i stening area since the specific |ocal acoustic

character of the listening position is reduced.
wahbwgettser, according to the nethod it is possChIDK20a/000724

provi de a room adaptati on fllterlng of a | oudspeaker

which will provide a listéher with a l'istening

experi ence where severe coloration due to

room | oudspeaker interaction has been significantly

The mesthokdf ths (ﬂlrﬁfals;béct 181 oBOBIE th @ErerGproFlgS??)R s&ylgé ogen‘atmg person,

1 0c atLon
smcé‘ottsl% EJ?%E]D%I_EO I?eetme&hab ﬁ‘né)?jfm Pg@u@gﬁlétvefsg)np@g@;e Blecopapator is
mstrélﬁifep)}:o gt diffgranb stepk idldteg topeeaLidhtEnp Of &@nbste‘hir@%sitfon
transfer ROBSOMAR the defPhRIEBE of 18 dﬁt}ahﬁ—grds&‘ R?tgo%pgga %eﬁutor can be

e operator IS 1ns
mStrg'gt;e? bS' %Iwgitréﬁgo?se‘?”a? fisglay gr H\éa‘ﬁ?ﬁeﬁwtftﬂglzeﬁeo'ce instructions.

The [rsyuetiinggnaydss ducbas:t Ganséee thd Hi‘tf%b;b%ﬂe Re tE)Qﬁe mlcr%phone input
uncti o

and ﬁ@il@dﬂh@@ﬁlb‘%ﬂh&fe & g/tgmgll.)r%%#eg I|s?eé1 Ing ;?Qﬁgiopu%rleeso‘}@( "d¥hen the

n“m_@% ator can be instructe
QPSS 'ndie fstenig Rasitgn s§¥ﬁphéé Pped) nedcmnmaisysluahérns the

oper3tee of tet sysiet, (D[]SstﬁWB)béh Chinase:

algofFnF-0BRARY) B 1.9, LF eouff?f.o(f?ponpee ot ety sgmouter
m cr op Aane*h YOUrO et ey PR aerer eé’d’f"HmeE?s?'”ﬂP%n

lnvolpergggt OfG@k”l\% ©Rerekns whiognaypivemietoi reanipuldteené filkérefRsidE in response

to e.pogriabhOsHowirdt @PSsuiad PdHre ruMeRHs 5P e

funcmhg egper ator of the system but St g'%ghg%/ ANt tffgeéghe'be
formed automatically by conputer algorithns. Steps

3) and 4) may of course also be perforned with nnre or

Depdnﬁﬁn@ dn&%@'cH&EBe&tth/fth@ ugg ljda‘ﬁ'ghrgﬂ% glt oag\é\qﬁ%gnlgga transfer

ni filter Inres
f“”Ct[T% fﬁﬂ‘ eﬁtja rioalieeis hepehan tre famons rsgicprtragesep idnction, it

is poggﬁe\ﬁm groaldﬁgieteqﬁalizmarﬂltfeu Adich Q§1§) @tlﬁ‘er f&?u@@cngﬁ B éb'ac.hl? ﬁstenlng
ohQ r in on th
positefiQy 6 réthel - ol BRE IncPE blnaraly ?‘i?é’teéiqtﬁéh? PRI of Ehe

|_oomg ob a transfer
is based on the listening position transfer function,

it is possible to provide an equalizing filter which

| on t ecific listening
Even cé%@%‘. e o R ErP Rk BB sareea rrseergeme patsegormed
in a EJTtéHd?rO e{ghéteprlapaytbeagriwfmeheftemﬁms EVeBﬁi 3)hé't3éJgﬁep 5)is to
be seaniaben egtidnal Sp |sl'nCé ft .@R&fr%eé%%ﬁg LR Y EL close r.eLatlogf%ﬁteps

1 a rfor in a erent or
)4)3“%!‘5915%/9%&5&6#?2 nE:f W&t eps 2) and 3) etc Step 5)
is to be seen as an optional step S|nce it is not

The gRBaRSSRFdrlMn@idh b &gp Qy%a'yrbfe ({elgg'rﬁ‘n ﬁeed {F Il tt?vi/eisyisggusch-pﬁe

relating to design'o e equa
méhk%abal transfer function of step 2) may be det er m ned
in different ways, such as preferably: A) the gl obal

t K@lﬂﬁé &Iﬁbéllﬂﬁﬁgﬂepﬂmkt%n l@lcglf:ula%e%ﬁﬁggc? gr? g?ﬂr]qaawgeg‘%zga%ﬁﬂétlc

acousti c powe

aﬁawa RGPy e H?eﬂ‘g 5%'6H‘Fﬁﬂ’ealtﬁ@|nptdatmrepampfgrstoues abdorptith
I poaperti®s of the room, or

B) the global transfer function is based on an average of at least two field point
transfer functions measured from electrical input of the first loudspeaker to sound

pressures at respective field point positions scattered across the room.

In A) an acoustic power measurement on the loudspeaker is required, e.g. using sound
intensity technique. In addition, sound absorption data of the room are required, e.g
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B) the global transfer function is based on an average
of at least two field point transfer functions
worewiresd3f rom el ectrical input of the first PCT/DK2006/000724
| oudspeaker to sound pressures at respective field
poi nt positions scattered Across the room | n A) an
ba (goustl C ovver nmeasurenent on the | oudspeaker is
P aﬁur?"@&b ration time megswemacksiim theniotnyort e bif bR robM dimensions
andgiofdithatbom, regerdi 066k RoHINg Qﬁtéffla@sfmtthgn{ogpm are
reqw red, e.g.based on reverberation tinme neasurenents
n he room or based on the room di nensi ons and
Eﬁﬁ?‘%ﬁh’ﬁ?' tenstas fanctomiy reersncbdalieotiyiang thed ie fricRkiss gmrg{gy%nt
inforroatinn db@uBﬁheH%@uéiic%’P@dert‘iers%?%ﬁeeFo HJBI% 1d8<r:l15fl}ﬂ% the fasiél pomts are

us it _includes a

selegﬂe? gr‘r? rgmr%(angﬁr goo%rgper PHEMSRE S0 SV PrR9p et pressirein theoano gamerated

by tRe Gist dradspenirer. tsizlee theelistierrog nctsﬁtloaarteareeére@ﬁcegn 5Roud also be
memaem b On QRS t aver sound pressure
meanl b h T oomS nerng?% 'JBg'& ﬁl?cﬂ & m'fcrq%gﬁ'&es ‘?@é? Progpsfing

CRe™ aH%a ?JB)SI?EH%'H the ng?%'rorf“ﬂtﬂ:tand)ﬁelﬁlmuit GradbrePfunctions

usedhk dﬁ@ﬁ*ﬁun@the gldﬂﬁamwﬁmémmﬁéfﬁ)ﬁtmﬁﬂb'é Bé??cmned%gﬂg tRS same

.0Ccessl|
:qllllﬁi\?grlfla QB%bQﬂQa f%?urrr?# 1L IS pre gacplyblaasgpp@ an[/Ygrape of gt least three
e dp?é’f‘\’ﬁ tr??%fﬁrsﬁ“@ﬂ'qna MeebwRe frameeledtocal eiret bf me fﬁﬁﬂo@SQ@Jer to
soundrrasseds dtuasHetiprR ﬂéﬂ:ypchrﬂ: PRRRHRE FBde YS4R 9rd ac(?neé/]e & ragreSPrease

transfer function iIs

oo B e B AL TURELTED B By
funcligng{aeasured fifem ietsatsicatg e oé the firemoatebkdraa sol ss‘&f*es at
respédii®e fflbrdsﬁon{t%glﬁgr%aik &he tRn QH ngélfa Smslogtra g%lﬂ apt&ﬂrgse % eCt I y e

ositions in th om’
lmprgvegilcr%glgp l]o&vﬁg r a(trtl&e]gqsgpf marﬁcqomﬁehqntslvmyeabe'ebas'@d Itd'nas been

foun@moawerag@atafvo dield| p@astrn@surefneawbrﬁaa@&&.sﬂc%}?frggu ts.
functions neasured fromelectrical input of | T st

In a Iro?gd eaker to sound pressures at respective field

SR p%%‘i"}di”B% Rereirghe glohsl transéperiencibn inmysed bh @h@verage of

at lefp;@ Pne Seld gatht transr fuRPhiAVREhsURSIUEm R \éﬁ%ptgttofttne ﬂrsEn)
Ioudﬁ@a@&@aggﬁm Sljggsrﬂﬁc% Y& g&g%g{q{e gﬁ%%érmné;ﬁgmcgn pPeRkherewith the

however
listening pasjt Qettmfef &ugtions Th[JSF) the preef@emedt ﬁeﬂ"ﬁtﬁ&lemﬁﬂihe listening

positinhewleichn stidugd Sllw@bs'ibe bél’?d?ﬁ\fegrlsfuﬂﬁﬁd' 9, do rg’ lge m%rw@? ion, about

d point tr

t el
the g%ﬁéﬁ%g i .-F S‘ffﬁ?%%or‘? AR oIS 6psey ﬁ@lyfqnpgﬂditlonal field point

transfeg mﬁg@@gpqwcﬁdatom psasettey aésu viHi€l WillRAI Bbnefit from the

upperpgssi tim@rbakéd b ehel SR tr%n%&li{]%low th the listening
position transfer function t he neasur enent

performed in the listening position, which should
In a“ﬂ;ﬁﬁ%fﬂg@dwﬁzw ,?;chle@d}bbl Irasesh f@h(ft%ntléjbﬂee\étl%% average of at
least tWY fd1dMBbINO acoysti.c properties
louds ea‘f& fTB v Nt snéctag?egn%gg B BRE SlBIEa! SIAE of sheifigst _

6T Rt otrre%%? SQUIA PrFSEHrep gt ﬁ@quplﬂe gosigonsrsostiteted across the

room,stggq&tbélawltlmtl}e tsesiiHd posttion Rrankel rticlibd. benefit fromthe
upper gain limt based on the global transfer
ction. In another preferred enbodi nent, the gl obal

Preferfaalgng\te@,venfa@ﬁ@tqf &ignfer hiastinahs dmvohwedan easlagear@f th@tgldbﬁﬁt%nsfer
functiorwis o pasved aP&iaing é’@ﬂ%fs %rsnﬁMQ %E)\Ilvglnﬁlpg%?&v aglng wﬁere all

n
mdlwcﬁﬁa?ﬁgﬁéf&afhn ctions Eo l())e averaged are welghted equally. However, it may be
preferred to apply a different weight for the case where the listening position transfer
function is included in the averaging to form the global transfer function.
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| oudspeaker to respective sound pressures at field
poi nt positions scattered across the room together
W@i2047/0068831 | st eni ng position transfer functi onPCT/DK2006/000724

Preferably, the averagi ng of transfer functions

i nvol ved in cal cul ating t He gl obal transfer function

I S a power averaging, such as a sinple power type of
n gae\r/‘%'i’aclaiéﬁ'ﬁ grelpEsd that _th Fdeast uafield IPaNS trensfeufuattiods Srd andomly
Se'%@ggwénrag:doame ;jmérgﬂg(etﬁsaﬂél@dés)ée[ekﬁi{@%(&h,otf H]ie émgasP ?wo
poskibRs 65 5 ¢ ifferent wei _tor e case

Jhere the .@geﬁkgnlrﬁa%pbgg'f’ﬂ'%‘ﬁ‘ Fafmg'?%qﬂefsgﬁg}q @AM} $he random

SEISCliN Afdlel! Reints iravass e+ Rybasgd po ahommt fioen gk AUraRs f8herator

seletumcthi positiong@Ras@ly, in ithred SinrelfL hEG 4t Lhe at least

oohwo field point transfer funct ioonsg%fjecmﬁggreld%[’rﬁtg'me”s'o”s of the
selected within the room Preferably, this includes
sel ecting each of the at | east two positions on a

In additigi &imbmpbaggg@,m-g@s{h% Ak b boundaries of the

gain 199 The, ﬁan 0 sel ecr i orjch%# Br.?%gbo,ybnocﬂ??teﬁd?ﬁ?“'@!”@.a'Blé’er
based on anon ﬂrfla%q”FP%?§3¢ 8P @B M verredithe globalatapisfer function,

and g@p@m 4 agintofi thepepiatidingBicaras ﬁlmmad/td't ﬂnﬁmrn%ﬁ'] é’%iﬁ*ﬁf‘%&é«?{&%nce with
the ltl génte lt?ﬂl'éﬁéfﬁdsg P%bterlfgrrnrﬁ?éj &éq%@%ﬂ%[%g&%ﬁ%ﬁ?{;sa%gvge a 'gaiann
envelobe vaﬁw-é Elé{\ él?ehgzﬂp RGthe qaoakainafiien id iesiricteals Smcé BoeBtUpPBr and

lowep faif Higiuen bpsdibse theQfloRNtrb MM ET S 6 th, khepAsphd ' in limi
restr‘icrti@ﬁksﬂ_co%efeH?é:IHngrhlte?ﬂ]%tWher e{ n %C gal n Io? _tS'hee 0 .p.r.ovnd‘e gain limit

e%ual i zing firter 15 1 ATt 8 YR Hedrsingequalizing filter to the
9eneLY E6PUHARPECPRItYs of liee toowe rather thah ireficcting! trésspetif@REL §Foperties

in the lhsatenﬁp@@bsiﬁcﬂd_dsﬁé@llyﬁﬁf\iteﬂ%\bé.r?ahﬁir&’t tg%#vgg’ toﬁ%r%%%nWGt a peak in the

thin which the gain o e e(
rreaBPURRE Wbl By Hithe ot EoHidmtransieTfunginiwilheot gaillowed to
havefllpifech pe alsaresbopding up igltob edsukng REEARingUMEE Bess tle pehk
obsep@8 $i tHeisteRirdyl K4] ' imt restrictions to the

equal i 2i ﬁg H%I I%b\eélrtgtﬁﬁg'?éc%egr ééeys???léreggé'b %78 esul ti ng
equalizing filter to the general acoustic properties
The upper rin tioriy prefitrhibly detoiminefas %ﬁti;it,\[égset &Ehé B%BLllft'ra%s}efﬁ?Action
plus PR B 55dif) L0 oL b SEANDIGPREL LEOR: L ESPECLE ) et s

gain %qwerg\%gll nlimt serves

T4 yO ﬂ%rfﬁ'!erf“'é‘bl_g(éft\yé@ainﬁntmge fregtemioy Nglep@tiehi &M Frequency
depe'ﬂ%ﬁgaoﬂfesﬁmo?lw rﬂhéMgnWG{l‘ ﬂéﬂﬁ (ljllhﬁgc l?ﬁgtﬁ‘]@mreé (Sglsj Pﬁ;{rﬁ/&f’s%l olf the global
¢ . .
B AU, Sl ot vcrcotoe s . o
seconldi lgﬁer* ﬁ@lnﬁw bg Gieauesty iede[senaelg:ej‘rérea]herﬁdyej’égeﬂidént.hl%ese ways
of pravistiy diffrentipRRs ag@idiver Bintiin; | fodletergLned as
anc PGSR, of 0O ShAlT UrARIPER PLAR ol Bt

o first pos[f Pv8 GATHCNSHfcred £0 Arqyisisi erper frssstrist eBvettes

withingwhigh thergain phibe equdieingifittet ispoiswéd.ve gai n being sinply

0 dB. The first positive gain may be frequency

Lhdependent or frequency dependent. Correspondingly,
The uturgeg g@gﬂg\?lp Eé']iyrl?el "esHeted 40 g dirt gginietereal, sugh ianveireervef of 0 dB to
+10 dBpthegfiraitgdin intemisifeind fottibh@Nnddpat8erd of ?@gﬂ%équ%_hér{.d\éﬁt.

X e

Corre€h@h#ingl§ UhR 185erdREHAR sitive gain o B,
an intS€S0Nd g sit vrgg %%l n %&a& eere?tlr'gﬁggﬂ@fefmeq%h'ﬂéqwalo?uch as
Fradtieh § dR petfidhtthe verend gainyisteofal peioy Fraqingcdiddbpsriht or
frequanppeepearentl ower gain linmts based on the gl obal
transfer functions
By these restriction intervals it is possible to further refine the envelope within which the
equalizing filter is restricted. This enables, e.g. together with the above-mentioned first

and second gains, implementation of an automatic algorithm that will result in a
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and addition/subtraction of gains can be used to
provide nore or |less strict envel opes within which the
waqaar/0aés68 he equalizing filter is allowed. ThePapmar006/000724
gain limt may be restricted to a first gain interval,
such as an interval of O dBt o + 10 dB, the first
satn%act i nt el[val bei ng frequency independent or frequency
8WQE@H? 1ZIngdHies BRI thgInged farendroveassigiinte Fromi dn dRYator, also
in Ub@SUﬁb@bmllomcedeal@raorﬁ@@m@ngal n interval, such as an’
interval of -15 dB to + 10 dB, the second gain
De i nt erval bel ng frequency independent or frequency
PEatRheR e c hegen: rrayeneyereselider @nmeaiLEGd/&bﬁsféﬂfuh&lons it may be

prefpmedstobhﬂudle()pé‘rﬁdfrhh@ra sBbothRgtoRSLaMLel Oc%:é ovrmn%on' H P
& : ¢ gg;ﬁagg er functions
oo e SUHBLA AU Rl 1 ki e reostinamarootin

toget
:ocg%g o t?ilglﬁgaécsampﬂee foction,isooh of p@rfbrﬂhﬁglodﬂiatsh{boﬁ-l rQQP;Br‘oEgHE‘re on
e t ua |
féhsfer fu@ ncfrlo? t@ﬁ@ltférg{ ﬁ%%tgf) Y%% &gn? Eg X lnclude

f or manu

peranJf ng% Sm°&§|”§d’r?“r? dyre e listsping| Regiiop &aksfer function, such as

oper

perqua”nmg Gersatopthirsy pridegteinel b g'lé)littérf’lrﬁg SRARAN SR HEGYn Brlor to
perférafey étEﬂ) 211 188 nﬁﬁé&é%‘gg Hc?u%g Iﬁeﬁfrarn&ng%b}Oqg?m@ Hggm«;] pea

transgrff lo?bto | e
B '8RE1o8 Paprst on @ fiffieeanse betwrenitomtistening ngnsfhefumardnm the

globattegnsfenfuntie. maé kaghodlgy iRidae form
on the gl o%gkaﬁ'agg ﬁhmr? ?mf)%j,”re ona

e B S e e oAl ot Bl et erone
gl obal transfer function prior to perform ng step 3).
Prefefity, ¢ heehodBprmiphisdss] r
of th@h&%n‘ﬁﬁ Egsm‘?n i he || St @R?ﬁ aflg\?){cnof %O?P (?%gga Sé?'gffJU?Fanu 817, level
g ?norrz?ﬂsﬁed ltlrp@mgn@*&rﬁp RETRteestep ¢).dterehg it is possible
to ach?r%Qttfiﬁ'i'm@”MQSEttﬁ(ﬁW ltl’wwnBa‘dal‘lffér‘dﬂ@etlh PieaBiidefent qupment gain
settirgeret® r\/\ﬂﬁlcﬂgnzﬁi I%Q/edt)een Iﬁ& R\(fleen ?as,r,%:qga?]? W?qrﬁ%gééntsgw din

rocedure on a transf
the 1E:e31RBaTUA P Bbectrrerm 'qvpldierenee hataerst e Iktentigiposition and
globa fransferfundtiobs baused by fries fafctJfHéE tHsoudd ﬁrégﬁfrg (Pé:!/em?lythe hftenmg
rge

posntlbﬁ‘@ HE® oRSh fh%rhg} &Sy gﬁﬁPg‘?@'{’fgg%Qg i@?{elg{ﬁ&%ﬁ fophgince the

Iouds ilter function prior
PT”’I"F%P %E@@Cf—‘%@%’éhe "ﬂﬁ@rﬁerpa@trgn Thhdevebsilyachea oAy ibses

perfouhédyrisag oa rdspeetiveaivetdae 1QleRRnd 5805 tEhkHRGLEON, L

llsten'nﬁ\b%gltlm trglbs‘% ﬁuﬁét?orr]ll H—% PSS'J i on ?r ansf g? GF {lOn andothe
Fior ormi ng’ Step RHVERYSERR leyqls P%”%é@gu'@ﬂeé within a

predelgy {‘Wetfreaawcy “&téﬁﬁéﬁslah es fatﬁnequ@mnite:dradcbffa‘oer%egobmz A

comn‘gjﬁéb&ét{g@ﬁlﬁ%l Iff(thlé Qﬂﬁﬂttr%f;]e'?‘ ﬁ‘z'gjgﬁ'll? gﬁdg H}% llstenfr]g e?oaltlrga){ﬁpgfer
functi r‘?ﬁ%y &% en%l Y r%gﬂqvlqgalwg]em Bl thisepmnepleselgenebabsed as levels
for deF%'v@]mqjqnf/epréqa eersenpef thegioahgahdfet fRAERE PQThd ||§Qmﬁ‘§lp?]sntlon

transfgt @B&iontth BBIEEH inf WL 31001 @aused by the fact tha
sound pressure |evel |n the |istening position is nost

of ten higher than an average sound pressure |evel of

A filter pay be @ppliedric éhd biebélmuﬁ@ﬂéﬁﬂkﬁﬁoﬂ Frl&ftB %@rf&JnﬂﬁﬁgteB%zr The
filt Q@dbl fd The | evel, al i gnment
ilter gréver y%e%srﬂg rﬁ'ﬂ%\}ﬁe ! g@n é%lt Foom %av%rtg 1; lower g'egqaer[c}?é, e.g.

below ﬁé o EIB base
8 6!5 {:eirgﬁg/@lé(rorfagﬁ@ppgly thadiltethmay be arranged to remove an

influence of a directivity of the first loudspeaker, this influence being such as a decreasing
level towards higher frequencies and thus compensate for the fact that the loudspeaker
will in many listening setups be directed with its acoustic high frequency driver pointing
towards the listening position, thus causing a higher level at high frequencies here than in
the room in general.
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listening position transfer function, the respective
average | evels being calculated within a predeterm ned
wobneayuaesssy i nterval , such as a frequency i nt er vai/npe2006/000724
300 Hz to 800 Hz. A connDn average |level of the gl oba
transfer function and the8 istening position transfer
function may be found by the level alignnment and this

common | evel may be used as |evels for determning

A filienvetyse applicd ©Nhe étehifg p%l@p@{raﬁ%’unC%I&[S)prnglgEoeonrgogg'nqgnstep

o o BTG pos L Bn Ll S TN A0 b T
regafqlag]gfeeqptlpmi dilteote hprapptied Wérg‘lcﬁﬁalﬁ‘.rﬁﬁlsféi'tfﬁﬁ’ct%)w 8. h’@move a
gendrall*td@dn @a’u@'ﬁ@ﬁr%k Yom%‘?'i’?éﬁ§er¥c%s a‘?ugpveco%p ener le(enﬁft or non-

umﬂ%ﬁ#e%gf'?vé’fs@f’”ﬁ? %ﬁjﬁr ﬁ'gﬁ%nfrﬁﬂuﬁh@e&fl I ter rmy be

arranged to renove an influence of a directivity of
i nfl uence bej ngt such as a

A ﬁltEh Bal bk %bplke‘al{g %F %@Lﬁt%e étemna [Pesitipn éraa.a‘an&ﬁug ioRRYior ks

decr easi g evel "towar
PErTBYRFETIBRLE SP3F te FiNgveca geresal hidhepdss etfsgipaichras\ai Hld;h bé‘ss effect

introdeaeyl Hyithé @rsk ltgud&iﬁaldélﬁ A@nﬁdrrf%ff ﬁ% ‘Metggﬂpﬁ%dsal%ct%l{ﬁ

t'en P

translﬂérg”hnétroﬁqﬂr? Eﬁdyrove pg Iﬂ I@q.r%h%ﬁé%&q:r igebigingH when the natural

position,
cut- Oﬁ'aﬁﬁféﬁfdﬂ é%e lﬁ*éiﬂ@e@Mns Famdved prioota perfogam@Ias fiffer ddsigh!

may be applied to the |istening position transfer
rior_t erformng step 4 The filter ma

The Jqldgﬁzt"# ﬂte?és ?f@feﬁgnj‘gsé@g'”&%“ g’é"f‘ﬂel Q%ﬁ@)arlmatlonm adtmemepha);e
apprwafgqﬂacrﬂa teeggh filerfgndtiom. optional filter to be applied

to the global transfer function, i.e. renove a general
Prefe\gg) m gﬁai n' towards | ower frequenm es and/ or conpensate

ForY §° (78R- e tfb‘%"%ﬁ%mn%wwr@nséammwn eed p diekiepoint transfer
functiopvmmdssunedbyeapiyieg bie BRc@Ral st didiaf rsumié(s %’?an%Bm hdidd & di§hal or

a pur@tor 1t osi t transfer functi
rﬁ roneRgie, (O Faret B0 50 et cr mmpviaing yenecal
respoRPY - S§%°”éffect such as a hi gh-pass ef fect
i ntroduced by the first | oudspeaker. Asimlar filter

d.,al.so to the global transfer function.
I
n en%éfm%ngg%ghé éagf()d I $-9t ﬁéteé%h%qlll' of; Iﬁlg:lspgqlqeés(, thesmethod includes
determping . &eFonm éﬁ\uat“hlag filkerufoale seutnddbddshedier peditidndd iflghe room,

and ehaidngeRkeicoh oL BIRURE: Db AIng'sB RELLBLILALAG oLl LET

The .equal j zin I S pre er &b
hstenlqﬁioggm trPlasX?r ?(ftlé)ﬂ aag/oé qe'dlmt "PeragEengpp mayibeaterformed by
svmultgn@cwsb'eqppfwﬂgt€é¢ctrﬁt1ahtﬁst SIQnaIE’r@E@FEﬂW Mentfl él@&ﬁ&al Q&% s%&als to

function and ’

the firbhgnd deebRNoDEspRARIL, | 28 Llidwst & corrgaooggmgﬁﬁcplﬁpﬁQesgﬁnse in the

room R84 nt tlransfer function I s
Peci"i“l Fdrannggthield paiay tr a@t%rﬁura@oas mav e maasiired vsihgnal

simultgpeqys seat signala epsliegrta|botﬁ RulidpRakdrE Sllierélﬂp (iil%)?c%h?trc ?oﬁlﬂgbutlons
from Hoh |o%@§ﬂe‘39er§ afdhbif &? dai; nggiq%%%égl}lfls&eggfpgnge Ia st ereo

room n enbodi nmen
pair of | oudspeakers, the nethod includes determn ning

Alternativefc oimlliseeHingd chslth)g tfdriste? rfurfcgf)n ?ne%glﬁfgﬁlxgné lg lﬂgl’cfgr%e%esreparately
for theol‘ﬂ"§f gﬁoo&%gnd Irc])uélspeakers rpor this case, the separately measured transfer
function for the first and second loudspeakers may be summed to form a common listening
position transfer function for the first and second loudspeakers, so as to mathematically
sum the acoustic contribution from both loudspeakers using superposition. Corresponding
to this alternative, a similar procedure may be followed for measurement of field point

transfer functions.
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and equal i zing the second | oudspeaker according to the
second equalizing filter. The listening position
wonrenTafess3f uncti on and/ or field point nmeasur eneQr/DK2Y06/000724
be perforned by sinultaneously applying electrical
test signals, preferably i¥entical electrical test
- siq?als to the first and second | oudspeakers, and
il ee'?f?feﬁr@dé? devigtsdineiang secondistdualiziesHens & hdvelifdhtical
transGcharabtedisisdsNtHug FadiREWHY the Filt&l ges%‘]}' ;;}EcetdﬁlaenSf er
functions may be neasured wi th sinultaneous test
signals applied to both | oudspeakers. Hereby, the
In egeodigianes elothe mdsed fons.gf bomlbasitsheikds PREKES Setds For surround

souhd)Gutisleda isht RuEd S s Alternatively, the
i.stening.position transter Tunctio piurality o

equ!al%zﬁ]g‘%ﬂ% 9. p RS sgﬁ@f e ¥ Ef' K 'Pr%‘é%d#eé?@%?'”g & plurality of
per ror ired s EpRPEHEIRITPIBY of lawdsneakers amsitigrerionthe room, and

equ:'mStPeakgalﬁy oflonddplblsers aé‘c?rdiﬁdg&) ﬁgﬁ@é’p@Eﬁ{?’plmﬁ@%fggualizing

filteks! RRS liKEni il Lhrsl ang secon

: Ioudﬁfgﬁkeggsﬂggpgé%%ﬂﬁgggo?SN?BWWFE“EBWﬁﬁﬁPFﬁ%W@%iM@

SImLHE%\ PRYSONERANAR £IBftrieal hest Signals oprefenably idesticahBldctsies aadd signals, to

the ploetibperdb@tspeakets, agd Lol 1S 0EH-i i Dgcacaust | ¢
roon@.oﬂierni]zm\'/teiytheflrs rlr'lllnbOt h'e‘l OI%QQSE eai%?gé'ﬁ%?%yg]sag]'%smnse ; l:he

su lJ;i%{er posi 7 on. “Cor I3 BIRBINRgSeh Unstien mepsireraentie performed
SCPATRIYI FaF atPRrt dyarbthemjurbiy fob ldudsyd kérey suthas eegiFBly @F all of the
plurdlite btlopaipabkeré. astif be QS sikd; be breferred to
usecC BN S L lffbe st Qegqﬁ'ﬁ"?g%as‘*r?rﬁ?@r@e'{“Béj%@%be

i'dent i Cal FPaHET Mpctiandpersueamaits-cs, thus facilitating

the filter design procedure. In enbodi nents of the
The meeéhIeg! pdiorLersh eaker listening setup
Simuit%rge SUFT omlJ(FwI rsé&%é%’h'l& H_Jag;g %Epr?% g'i" SaPspes Ys@ EQIpbination of
: e °H§'ty_r?88 YIRGYPISHIGPLILEt Henads bl mfirstysubspt ofrthk pluyaliny of
oudsgals 2ol eober mckarenano8el bl BLYLAL i e of e

i ; ; . .
| &he pluralit§'ofofgdgépggﬁgfgm3¥%gyﬁpﬁbxWEfWﬁ§W€m@“S"my
also %gﬁ@ctive plurality of equalizing filters. The

listening position transfer function neasurenent may

. hy sinultaneously applying electrica

More MR Y 10%n R BoaP) SRt rploninaCes bokirmed by
simulianequsly, applying ieciricalrtasti signatsftolacirgisamakeadi She BI0kIity of

IoudspeéHeﬁtéﬁdﬁﬂaparéEQ{/,r%‘b .lé@ri@a@ Pééf’giisﬁalg ci>s F Iggcf?%fi Irsglh{e? gf, the

luraf ernatively, the |istening pos

P ura#tgg)ﬁol Ongeﬁ%gguﬁg%%ipop@n%é‘tga? o5 f¢ld iraine measwemants may

also heggpsel. two of the plurality of |oudspeakers, such as
separately for all of the plurality of |oudspeakers.

il.l be appreciated, simlar measurenent nethods
For alﬁgﬁvwg%mﬁggoda efsg?befji | Aepryred trensferdhinetionsi peférably have a

frequenty sesadutiontesiuivileet to It 2RcRGe BPBLE AN Er%@.sfh%rmét%‘(? ¢l on
nmbi nation 0

ForiBY ki i rfornmed by a com
s ncbet i P Rl dhads B i pmasotes o i
imited patt therepfe £19. éqae taREe PP QA0 Hi/oml0- 1 Md SppeieatoBali MY fir being

desigrgeiparaye afiaa fag SIERRNG rE rel B& & rcﬁ?%ct%ﬁst@cs%ﬁ &%grgﬁméynl?ﬁgegart of

theammoﬁgﬁmgkﬁkgkgyy of | oudspeakers. correspon
e

alternati or field point measurenents may al so be

used.
In a second aspect, the invention provides a computer readable program code adapted to

perform the method of the first aspect. The program code being present either on a data
carrier, €.g. memory card, disk, harddisk, Read Only Memory, Random Access Memory etc
The program code may be adapted for execution on 3 general purpose device such as a
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More alternatively, the listening position transfer
function may be performed by sinultaneously applying
webhetoréssal test signals to a first subset of PO®DK2006/000724
plurality of | oudspeakers and separately, applying
el ectrical test signals t 3% second subset of the
erg(l) ugal [ t% of | oudspeakers. A corresponding alternative
PEPOI F ey hediesied fevirerueh any measorebientidaxte drain ikl
devigebodi ment s described, all measured transfer functions
preferably have a frequency resolution equivalent to
Thell 12-octave or better than that. The method is
GPERANBIY I MeBtioxied fiorthe Iretient afitbe fitst bSpect BIEHIBHRY to the
prograngede lofithd decomy adpecappl ied only in a linmited part
thereof, e.g. the range 20-5,000 Hz or 20-1,000 Hz,
the equalizing filter being designed to have a fl at
In 3AGARERAT theinyentidn pyvidecy syhan adhged 36 b&ForhthehBethod
accareling it ki dpeed, tllié"'g‘ysfblﬁgij;&ngrgsﬁ_g;\l}lency range. In a
second aspect, the invention provides a conputer
readabl e program code adapted to performthe nethod of
t he Measyrenzgip egstem Eiaptet og bafriOde sBfisng-43 0P §ifirst aspect, and
either on a data carrier, e.g. nmenory card, di sk,
harq,isk, Read Only Menory, Random Access Menory etc.
The %Fbﬁ'reﬁ?ﬁ ke eHferma gtapt D of oy firekespett. on on a
general purpose device such as apersonal conputer or a
The i [ uch, as _a neasurenent device or an
gﬁ'ﬂf" ga\t eS?Q%géls ‘CFﬁee”%'é’%“rFe%BH"\Fa'ﬁF‘i‘ﬁggf te firaispesiadsor appivt taghe
SYSUEBR e frdiaseedti r st aspect al so apply to the program
code of the second aspect. In a third aspect, the
j i ovides a system adapted to performthe
i ah&%ﬁ%@@%%ﬁ% TG 6 MRS YFiers andyidig ditter mepes argdmelemented as
SEPEYAPNItS perpted for iiarcenmstiors vis taanmtadiagt, ad |daor Gy drehdddatate
unitsSin@pPse b)sthd-A6nd H&idd r st aspect, and - filter neans
adapted to performstep 5) of the first aspect. The
same advantages as nentioned for the nethod of the
In af Pli%tq::h@lrf@td:todh-gzg, ﬁppﬁ%sh&tn‘thelﬂle sy¥é&rh QRN Qiﬁet fipe nInéH.nEQred
inte 86t oh& uAiR [ e asurenment system an
e zﬁg filter L{ﬁ'gans_ %%eﬁ%?ye%'mpg%"%{ge 8D At bagrd gdapted for
SHAAPEREN FUi0 ERtEfRRREethen AU device. iThe ené acie maftalteaRSiely be
a stapde@lonk dehiee, sephakheicvide t‘:'@alﬁ@dlfop@o%e&ia’l’]@'éajsmgntgo%vi &S
systdnft an al ternative enbodi nent, the nmeasurenent sys?em
and the filter means are integrated into one unit. The
one unit may be inplenented as a circuit board adapted
The rhegsuranse@it sy Q@8mi i Pb& b if r_anot her audi o
compiEM! @ﬁh The ane uj;i% n‘gﬁq aﬁ?@?ﬁgtﬂm\?g{;?ﬁbsg%%asa persona
st ahd-afone. davi TEPegR foyaload fiksr effisignistte dhd Biter means
accordiparie &g eavatignafitenvent i onal hi-fi

In a fourth aspect, the invention provides an audio device comprising at least one of the
measurement system and the filter means according to the third aspect. The audio device
may comprise both of the measurement system and the filter means. The audio device
may be such as an amplifier, a surround sound receiver etc.

The same advantages as mentioned for the method of the first aspect also apply to the
system of the fourth aspect.
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system The neasurenent system may be inplenented as a
conputer, such as a personal conputer, wth an
wonveErifesse adapted to downl oad filter coeffici ear®K2006/000724

the filter means accordina to the equalizing filter.
n a fourth aspect, the in dnti on provi des an audi o

B.d {ica conprising at |east one of the neasurenent
"36 FSERPLRR of tBe drawingsreans according to the third

I e. audi o device may conprise both of the
" tﬁéﬁ@ﬁ‘?"‘é‘ﬂgﬁ? NYFIHENF SRTFPRS ITF Mprectetaiis aridh, refmencauiditioe
accereRynyBgrfigyraseowioibh as an anplifier, a surround sound

receiver etc. The sane advantages as nentioned for the

. thod of the first aspect also apply to the system of
F'g'ﬁ'@“ﬁg@&ﬁ hpsic HgEEof Brp@p egealizingsystem astording tdtevinvgstidn,

n the followng the invention is described in nore
iq. ' LD, o the conpanyi ng figures, of
F;g,%ﬁ%“?“ B i s BIaS 1 b e L2 rer Bhctionegbmsured in'a room
( “éhrtFi'i IEi%a:&sqrg?@HmQ&@@bvamﬁg (;céro:gpn@ betvem bower, a\»fa'hg;e R the 9
meashiedsragsi@pnmctidrsis SXMTIPWRE a Bold m.@es\ﬁlm & gﬁQSh fHle listeni
£ red in a room (thin Iines)s d°m G5gstening
pos'gﬁgh“‘%‘gﬁ@%@ﬁ%? 5'?5%"1’%&”1‘:8??8‘1” SSBH Withisebaid) lige, power
average of the 9 neasured transfer functions is shown
Fig. B} tifped pb@) sholwsRBe ' : the |istening )
indid3@ #g%gn {rg sferQ?B%g%?gﬁpﬁﬁﬁgggﬁg%ﬂdfgwei8ﬂ§éﬁmgﬁﬂm3”"m
W ? L7 BBPY Y f the globd tranpfgefunglinn G insfrevuenth ertervaltanio-go0
Hz, T'ch?]%l@l@gg firmmipﬂicwlrmgGa comdral délbllfeﬁﬁl)]g @Elﬂﬁﬂa@rﬂgﬁﬁp?éhuency of G
d lowRde pardGh r V. t he gl oba !
o h (i 2 Rimfidhofied “F?-‘i"&u‘if&&sbé?%fwe)al 300- 800 Hz,
. angvﬁ sloping line indicating a general decreasing
'9. # ehets ihowse darsibhg bethefb@@ERRAE QbbaPrraAlts: AR, P/g; Lnd
version of, G (bold curéﬁ{, 1 g. a
comﬁé?m@%d ﬂst‘é%ﬁgggéa&"?gangfetbémawg %bnﬁ%ﬂ%‘iﬁ‘f’%’d' Uh%d" and G have

b ﬁhoms.lnve Versi ons
een; Ipvih afigied o et shospch /otherand a conpensat ed | st eni ng
position transfer function 1/L', respectively, where L

Fig. B een level aligned to match each ot her
o #%Pgls‘?%ﬁ@ﬁe‘r’wsg Fé&fﬂ?‘ei ﬂ'lo ep3othigeE 9Eh limyis &IGLak@L baseeion
16 qardowsriararh i@iratesGh tarastatteo funttica T baing al AWelim@ERRdsion of

the iVt deSlistertrdSpoditloAt@Rbrek hlricfSn {4NCti on T being ‘a gain
limted version of the Inverse’listening position

~ transfer function 1/L', Fig. 6 shows the sane as Fig.
Fig. G5shopigtthd eamemofibes, e domiretied edapge oaﬂgpér%\‘\@rlovgé?'idgin limits
UGL, ILGD) thes kShiink F-a difabShh Ing in a djfferent target
filter funcT?onaT (ﬁ%&é%%géggﬁ??mﬁP@Tq Wer By at es,
for the exanple of Fig. 5, the target filter function

Fig. 7Tliugtites, Earniod bednple bs FigNs e kA6t AMaL ﬁhmiiﬁri ¥8nf a smoothed
versic%nir tﬁ\?%&)?%hﬂ‘cfﬂ 'P&Hsoantrgr%fgfefuﬁc%!'l %TEQ tirr(:{;(ojlen‘%gntted %s %l’?eugc!]ula%ilzilqg filter

F, and

Fig. 8 illustrates an example of a preferred low frequency boost due to a general ‘room
gain’ towards lower frequencies.

While thg'invention is susceptible to various modifications and alternative forms, specific
embodiments have been shown by way of example in the drawings and will be described in
detail herein. It should be understood, however, that the invention is not intended to be
limited to the particular forms disclosed. Rather, the invention is to cover all modifications,
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F, and Fig. 8 illustrates an exanple of a preferred
| ow frequency boost due to a general Voom gain'
woawerodesed ower frequenci es. Wil e the inventi ORCT®K2006/000724
susceptible to various nodifications and alternative
forms, specific enbodi ment$ have been shown by way of
exanFIe in the drawings and will be described in
cquiyalpatst anrbalarpatives falltgomithin Bee siriteamgtsoos, oftbeveventiort &t2defined
by thédreppemdeditiaipis. i S not intended to be limted to the
particular forns disclosed. Rather, the invention is t
o cover all nodifications, equival ents, and

Des@*lbﬁBﬁ‘%?'pVé%nfe%'édaG lmetdﬁ%n the spirit and scope of
the invention a |ne y the appended cl ai ns.

Fig. Desosek pé ill0strk bpsiebRATRE &nge%a%é}bé)g %enﬁgrs t%faves £r8? A

I t
s i A WL L e i R

Ioudmgg@her le. ay he bantiofig noooahhi-fii stérea sémﬁtﬁﬁh A8 ilReFhtel &Y the power
amplrﬂ%r ahbeD- Q%Q@ﬁr@fed% tP?YouQSpe%ﬁ lblofAF ﬂl nor ,ranhequallzrng filter

F, 'e a re?”tsetaugodsuct: as i ustrate
& A5 '@}%FWBY”@'@H@'@F%@WO tmmelarmuspaarberween

srgnq_|sourt'¢g (CID{piesfter)we@waﬂaraﬁhﬁHrlvﬁﬂhrtﬁe Fidi Eﬁrpgse df-a8ed Partly
8athr nvention IS 1 nserte
Comﬁl';ea |g|a§o%ﬁd I (g{cﬂb'gg‘tt\tf/\%é'ﬁteninar?zgfs'pg%bp EOé a(r(rﬁ_l.ﬁpgas,@frWe room,
or rabigg aB n%ﬁr‘?’i‘]’mfth%?cwvwntﬁé@IWIhetvﬂﬂﬂnmeEpesfkeﬂLl be@&ie room.

partly conpensating sound reproduction in the
A nbﬁﬁ%&?' S on LP for an influence of the room or
ls' erlﬂﬁngﬁ%#%enceeﬁP%ﬁV@ﬁggﬁﬁbﬂgtPkaFﬁ@%ﬁﬁ@ﬂﬁﬁﬁérmthe
rsten&g Q@glﬁ)mt@nggep@m@@pn L froamelettheal irgaitnof s léddsﬂéékéﬂt_?ﬁb a sound

surgp sl thetligtehing poSie I
S;Zsraé%mgo% el 1 S azd'lé&éﬁrﬁ%fg@&?“ fonshsrPastaiag a spauia
RT3 B mess é'?:f*}% rearn 999B LRty thﬁ?éoqldmdaiqseakelrn the

rllustqagpdaergmgmerm tesloel stndraefuhtisdnemi isrlﬂis@d)&h bh Q%ra?@ Ci)rQlaerably a
Doweaagér@@c’?lof EH@E‘%&I@ o]anl @r%h’sfgpfuﬁctuﬁ%roels IGB %aeﬁsggzﬁéf%@ glgctrical

sound pressure eve
input 0¥ %ﬁ:@ Sgﬁﬁlgelgi &4 FQ poynd pressyrasias redpecidterfmtdepbimtrdosdion® REL, PF2,

PF3 st:aﬁ.@ergdi etrats theaosh eri.ef tctidi@ Poifis ﬁobl@%gbé’gca@{er@ &l 8%und
of three f|eId pol nt

LP bup Fh& @RkYtnad eﬂﬁygerroorav ?E%%hec%lo% JEnFfenTnElion € seives ta Egflect a

gener L |1sségtrf¢a;$tl on
P haa FHelN ‘@E%Féﬁkg‘le opmy, whm)trredrsmne@amemen atansfer

functipe ¢ predides @ ﬁre@&ecbdamt&tcheﬁa%tetrlo@% ﬂ:ém P&% io
scattered across the room- i.e e i é pornt
shoul d not be scattered only around LP but rather

In ordep y provise aggempiase coopenstiorsin thhdistghiod pbsitisrans frps equalizing
filter K stiditd B ddsidiRl WaSed orPa E&Bét@ﬁ&r%&ﬁ&?%@ Plgslt-ll?)\g%\}e%f rgg

er of the roo

ct
Dl‘aCtIQer %Q%Q? f°l5 A BRrSPng nlﬁt%@% toathﬁrl@@sg@kgebuyﬂh rot be positioned
in one(ﬁﬁla}lg(gglgt Iopdditien,|cheostmg iy aﬁQSrrgtet ﬂ’lﬂerlfﬁhctrbn WoRlddR 'geh&ral lead
to rnﬁﬁfé)l_s{dud@”n ﬁa%k&ieﬂcf B%ﬁ%v# fa ueerncrEs gﬁ% S%o%gremodes These

os| eqgua

probl ra ﬁg@e% Eg gas rBY]e iop gyg’@q ifyjngtthe tefrgetct/L on irgcpdating @n upper

gain Irr_ljyiq_UGll—I@ﬁ/\efAmctron of fpgqaehdys and oﬁﬁfn%ﬂﬁ afso Ao GirPfhie PEE aa a
osI'tioRe

functidd @f?é&u@rgcyt %eEQSaMqut%po%mg as%d on 1/&- Ar}toetrwz?r%s pthe equalizing
filter F is designed based on 1/L but where 3 gain of the F is limited to a maximum gain in
accordance with UGL, and optionally with the further restriction that F is limited to a
minimum gain in accordance with LGL.
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in one single point. | n addition, choosing 1/L as
target filter function would in general lead to
wonbi7riréss3gai n in narrow frequency bands at | ORCT/DK2006/000724
frequencies due to room npdes. These problens are
sol ved by the invention byl nodi fying the target 1/L by
H i,ntroduci ng an upper gain limt UG as a function of
er?l?ye GOEAEFIZngiftes fitis epfainey thet somaensavasrspgetinicHairfbtdristiG-of the

listeatngepdisitiioathiuo s reftritie Qo estayenshiterse clga@é&erjlét;?:é P—?at Qrngeqlgral for the

roorﬁzzlféjreggltlégg’g déo% 8 {yga gmll ﬂﬁglra:p%%@géciqgn@p affeet #isq for listening in

posiippg ?lgald? Guaneantherlistenjad positoralc; endamﬁztémtm” H@Ia,préwia
advambgeongleffgctin PosittRs kRS the 1R8dHi Cﬂ?%d lon tRa 'S

limted t o a mninumgain in acc ance Wt

LG.. Hereby, an equalizing filter Fis obtal ned t hat
The glsriserrsaussis tepefer functiofsds, &) 6pj 68 s b@he%&lfreéj iS4 R manner
using sthl’fdrdbﬂo@éltand %eéﬁérﬁén&trﬁ&hg& %35 %li:eh;ért ngqﬂus%@easurement

tech%l le}r act istics that are genera
r st f1‘bg‘°‘ &§daf-02P5499 randem migel hasad Imebhcds pearch @k wastimum

Lenqu@dqteefrfce(techalqses fopmirhd-BERNISPECtHM&ARST t i ons out si de
but near the listening position LP, and the filter F
I al so provi de advant ageous effects i n positions
na Pﬁqfe'?"f'q)?ﬁa'ﬂsﬁ ? upgioarneasureownt immthdd? sinfthi@neous pure tones at 1/12-

octad spEked fraqamsicks G iHe&Fb‘éﬁ@r’icyfrHﬁ@ 2§88, obo Hga’re used gs
pron Siie!
anal&@% fifEeS HES &e#er?tm)a%edk A nlnqeurr? u@?egfqu%gﬂl%@gg§elp@ed such that

nmeasur enen
they peecisetvemaish fresoentyders ofite bealusefitere. g. pseudo random

noi se based net hods, such as Maxi num Length Sequence

Ti me-Del ay Spectronmetry. In a preferred
The flieﬁe& EOIPgHa?ﬁ PGP ELs GReRAre prefeneidy mebsnred aneodsTly selected
i kbbb e e Lt
respdc h t
: rar ?Jgrq 9 rﬁfonsﬁgg}? "°9Md the pure

analysis filters are
tone frequencies are sel ected such that they precisely

Bettegazjulg: targe ehtaywetlafpﬁo?fﬂel?&)lﬁ@%'ré’ aiedt, bid ﬁ’n%reﬁeral aﬁy two field
unc
point$ b 69911 [ ﬁ%%@unasrcgg table F%?Hli%meﬁp%?éﬁ“éé"tle'a afqoem@p%g,mt@

erab
averﬁﬁ‘g tog@?er Wit thafigld é@'éﬁt'”@ﬂﬁf gdendtioes tohm G..IA thik 28K Sptable

resultstvos éa opesndd @y Mdek) o?aﬁaé%crwq&g é]lgs,gg,l,sg ht, width

and | ength di mensi ons of the room Fter results can
be obtained if nore field points are used, but in
As anpliernaiive bo mpasyingffiedd pbnptmrmseeramre:t.aeed@dez CG?EH@Iszs.ble to

calculatce phedd & & ﬂ%lé’sur@menteocfrégsusﬁlc ﬁ%*lvﬁ l%rpgﬁsfaoarbgh%tougspeakeqﬂ Llin

veraging to ether wt
the Sde@'f'tctsg’?s'éo? tth g‘?@ ?q@ FHhsaand [ifensiiysnessyeenmnt terhailies,
togethesyyjth data aqegatn@ng) b@taldrm:donpﬂbrﬂ gro@ehl& A tHef robiAl €6 sound
absor| ﬂﬂl&f IQ‘BBQ@@S BOgHe! rb?@ unc‘%l e ta dapectf\égq%g sgfn%sagaggl% ion data

ol nt trans
for sou%tggt?s[??%ng Ea&qra&swpéh%rcgnba)gél@p gmungd abyeaptivreprepértie$ can be

basedamougaaucecpm; e.QUbyDkiverfbeRMAioh Bithd PHARPSAKRL ilhe! rQorF’u he
speC| fic position in the room e.g. using soun

p tensity neasurenent techni ques, together wt h dat a

raCt"?aé Yar'amRBtatisumef the seanpedusniizipg epeemiresy ke sBRr8I06Ms, Bhe

alreadg @dttbssed. One embodiment suited for an existing hi-fi system may be formed by
two separate units: a measurement unit and a filter unit with an interface to the

Mmeasurement unit adapted to receive filter coefficients from the measurement unit
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absorption properties of the roomcan either be
cal cul at ed based on sound absorption data for sound
wahewrigessy materials in the room or the soundPCT/DK2006/000724
absorption properties can be based on neasured data,
e.g. by reverberation tim4neasurenents in the room
Th Practical inplenmentations of the room equali zing
CJUASERMARY Undlsthes peefatablyalepignedio lndeatiynsastduesisgd.

meaGneeneamib0 sk dEifdr d?eldigheéi"ncf Bls 9.%&%151?%8191 @ séllnal osétee ]y
arate units: a nea ?“S“}gm ans to
pe”@ﬁ“ ft'%gﬁfj“%"g SSTEHOUR 11 ACEI0ED £ §serie ossse mstraeiithe

ter u n
“Seru"ﬁu Ft'afécﬁarp??@wr@r@emtev@mpeorﬁe intpeopet @obitioRs &t SnshiFeoibt Hfelectrical

coNEEESHY HERBErettttt . ﬂ@@r&ﬁﬁﬂéﬂ‘gfgﬂaﬁ a% !gon%f?nustn%—fea Ir?rbqlpded in order to

dtoh
ver”ﬁeﬁkggsure%?%egﬁ%ns%ele?"gtp bgéfﬁaﬁab'%ﬁﬁnqqmg herrepeatadliy. to ensure

a Wateypread iaHpnsatigrrmbeagdu e s Sdm@ﬂmﬁlﬁebﬁraﬁéﬁm L ﬂrEi%Pa%flffurther
a user in

|
mcllfd@ﬁ Gﬁ b%ﬁﬁ%ﬂ’g{eﬁ%ﬂké bk gbl‘rél tg Iggrfoo t%‘s@mlthe filter F w1thout any

manhl? Ptgbaﬁ:&‘ﬁ@ r?%'rﬁp(ﬂ‘!éhe H%%i T'Tedﬁsa%!mineﬂmrtenambé a &tand alone

devied @Ut rmag dle FOBMAEDY: b ABENAHErs6AIBRbuek GrithPHed
error handling algorithns are |ncFuded'ﬁnrbfﬁ&ﬁgk&xﬂwcmﬁ'
i f nmeasurenent results seemto be acceptable or

veri f
To syita &o%/raal% -Tirsypem e, filter maytbe acstanit-elone Al e pé Qx@fuded between
sugnalsbmﬁate 9. QDQﬂ@@H}' &d dn Qnﬁﬁli‘é”t r%@twéenﬁarg%ﬁ}splllﬁer and power

r r her includes an a
ampH’F:Jr Tr% fﬁtfr%?t"i Yoeo % pé 418 rpEMeGTReE P atriey ghdigaltifmit audio
signgl, ?rtde'F ey \kietadopteddn pitherftated mjtmtaﬁtalcﬁmtan BFl4Hh Eﬁéioc_!%rmat

Prefdritfly, LA€ qualRfgTR@sHY RTERle g\‘érbﬂlcéda&ﬁ%?% Igé'ﬁgr”l IIR fllter

device or it may be forne
conmputer with an audi o processor card. To suit a

In cage pharl ampliffar vethsdigital sla@alfprbdedingBieahe the 55?29%%% adapted

to loéﬂ‘ﬂnlierk@efﬁ@ehm&ﬂ’i%qqe%%r’ eentc] SI nal source .
CD-pl ayer) and an a bet ween pre-anplifier

and power anplifier. The fllter may be adapted to
Fig. 2, eippenvaragh tilestragds a’:lf@Jaﬁﬁ)IéJch adhgfgrhﬁlde'v@%‘d% ﬂ%#gén%g plot of 9

mea rans ctions d g
s%l*élﬂ’ﬂalld pARC: élrl fmpq 8?1&) Q}%I ?rlsp%q fungiiey @ (i {ine)

ou N a
calculaHEéio qé;quaquq, arygrqueﬁhmepm @s seen, i @ feldtpatht bbénﬁﬁaﬂﬁ\c@cfnsaare
ratheFtiReant and tHeR ihélld@Rightl itliG Ll eho
ool SLITEH. P 0222 e neape e o 1ot Bl s mucn
il sfg?efnte agteristics gt theripdividualdiekipaintentote e. g.
that tgygtlémgemprgl lifp in tpepengegBapdn Hi bt LG 6 ABGSIaBRe ?&%@ﬁ’é\%l chSOO—

1,000aHA18gNni t ude versus frequency plot of 9 neasured fiel
poi nt transfer functions and the global transfer
function G (bold line) cal culated as a power average

Lower grapleof l;t_; A slsmenthetshee Qiefdi pﬁilrﬁ tf&h’silfé? ngfca&g & infhD G;Bde? Faph
but héte €hd R L oWl w
HERS ho BocipcH E A ORE 1 Mowt{iFug adois ing. pormparing L

ndi vi d peaks
with é % o cﬁaag m Lhasa SPVEREf @tﬂtagngeqvefraquqrhwband €iighgy IbéISw 40

Hz. Thyls, vdieg LAdisvd Hited taifdee Wduip PédiitSn a 8 g8inSarobhiA:

reqwrlr@ aacogngiﬁglra%‘e (#naf‘n é X atdhe ! %ndgo 8 \5 %O &% C?éeby
A ve : ? qom V\Trawhﬂﬁr ar@d%pg@l@phndﬁtlll

since ifl_qied:hp i ﬁmsqdmy & Even e, cnppitintal becassE AfspdrbaGH | tH¥stening

positicgsLP wouldh oS tageaph

Fig. 3 illustrates preferred compensation techniques for modifying G prior to calculating
UGL and LGL based thereon. Upper graph of Fig. 3 shows a horizontal line which indicates
an average level of G calculated within a specific frequency interval, preferably the range
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but here the listening position transfer function L is
shown with a bold line. Conparing L with Git is
waaviroeees hat L has a severe dip in a narrow f PEQI2006/000724
band slightly below 40 Hz. Thus, using 1/L as a filter
target would result in a [H&rge gain around 40 Hz
t hereby requiring a consi derabl e dynam ¢ headr oom of
30058 %= Dup Piner Eancgmmay dudupelbkeell uliddsThd ,burpsseng@o aaerm.ne a

gendigbleval df G awdlt@l-&ﬁfbehyat@ tﬂé?%’rerm%(?derqg 08{%\% co & i?

’ e [ ot oo order rBPerﬁg ed versnon
o UeRAONT fridl o) tha} 1 e TS o et Hos F@@?ﬁ)’eﬁsapossmle to
proyigde pi PefqEatie metlnmt]ﬁof yalndatGgphe @ﬁuélﬁm@&ilt@lﬂk@Ebeﬂ:goﬁﬁeasurements
thatedid nbﬁec@@s%ﬁq' é&%@éﬂﬂw.twp&gé%t% %Bsholuq:e é?vgg @ng é{:)&resblftm@m F

ha"mglacglﬁng'iazaa'wf RFR 9B s pectithost prietieeusogy independaht gain or
attepyaifoarvetithyis ghreraiyng@3B0iiOidizwitbpt ot her ranges may
be equally wel |l suited. The purpose is to determne a
U ge ral _level of Gand to conpensate therefore in
PPEY HaPh PhFigt alsh showsomplepiatiae whish $idivates a beiarg thaidah G to

decrggiesgﬂe\&btot/\b&is High h@éuéhtcﬂg nﬂ’ﬁ@&angﬂ'g@n&falt I;ee&g)egt%d dug toa

r e to provide an autonm

cert ‘rdﬁ' éflwtxtof {aéougﬁts%utpg %rrolaz pp§l1ef*,e§|nqe Hy eyl pydspeaker, e.g.
f}ﬁgla@ar ftReyie gespg,l@qd tgrl“@vn @tflah enﬂxsaquhyn@aihbﬁfcﬂirﬁgcsv\%ne an

averngs pRet pbﬂfela@éiﬂle#gdecoltﬁé/ ?dom A, %{g L llugﬁersfpeotuRB%?s lﬁ-:-yto a non-

ain of zero
Sphéf el ﬁ%ﬁt@vy'@ %8%??%’@5‘?5 Rjass fsauerdesniipis, Grwilimash often have a
gen@@lﬁ@p@pﬂyg rewel thhecamibeeampir@imatelibyfa stkt@fIsIiRPheOlvhen viewed
ina EB-@nag:%lt@JleS&ér%EQ%arﬂhﬁli gné ra%%&plng%ﬁﬁgt%ﬁaeah

tr en N
com?enégij@nre?tgg aﬁﬁ@@@ﬁpgll}g lg@nér:@ii:ulai@d drpEcored, shubGtiothan
preferaply aq>mpmsa’edtfbl\/thisyslﬂjln@éf@étﬁbb&/e@&fit(btff ffrédll@'\@y ?etermlned by an
lnterlsé&igﬁ; BERNEEh tl?esh&&%ngl ] lngléan gutg% g\eggergl lfay%{togghar@)@g calculated

straidly i . use, desi
Aight StRRkI9dPechar act eri stics, while an average sound

power delivered to the roomvvi [l drop at higher
directivity pattern

e nonspheri cal
Lowefr g%ﬂgﬁ’ ﬂg §ﬁlﬂ}§§r]a reg ch é)ﬁg\g comﬁwgateq;v%spp ofgswithh faspect to a
genefﬁé{Féelaargléh EpautBecy denpi asgleseibel abbad. Aca3Beh&5’ has a generally flat
charappistes a’mﬂae@erﬁ)‘aléeﬁat df@leggt S8, Ql% ‘t i gée YJ@%@@W&%‘%&W of up

to md n|tu e versus |ogarit req
em ccordlﬁ)ng@ 0N TRV PR Y conpensatl on net hod, " a
straight sloping line is calculated based on G and G

Fig. 4 lﬂusitha@é!; an lﬁf/eﬁf&pvéfsﬁlq gp@l%scg%ﬁgnsaged ﬂfﬁj 5| of%l' Pu%ctelcf)rf ?/CGt’ In

ve a cut - of re quency
addltton,t eF%‘E%P?%n%’éF%%WS?W@ 'ﬁ?ﬁn'nﬂ(ﬂ?ﬁ'@pn rtrrane‘ er futhcdat LMQis shown,

wherg KHds gdsver aifset earslonaf L@|Wgéﬁé€al@@|n%flz@h)e&’8 §$t5ﬁ1'eg@|th a
meth§d Qf%é%gorldn{beto th@WBLy egé ana orbg) % .Vﬁ‘ulﬁl l%)(ggrgrégaj(;etsagd 4/’ have

el §|¥ ornpensat ed’ ve
p gﬁ ear%ﬁneraé\gé!n ogﬁgrqﬁl% rBasqug@fué,fﬁf,yardumer asind@escuGhand a lower

gain lmiib U@L calsnoseldncal€alati@ds a general ly fl at
characteristics and a general zero dB level. Still,
t hough, it is seen that G has a gain of up to nore

Fig. 5¢ Hper partdshoms examples og8GBAR8QGHDased on 1/G” as shown in Fig. 4. UGL

is set equal to 1/G’ but restricted within a frequency independent a first.gain limit interval
gil, here chosen to be the interval [0 dB to +10 dB]. In general, though, it can be chosen
to set UGL = 1/G’ + g1, where gl is a positive gain (in dB), e.g. can be chosen as gL=3
dB or g1 = 6 dB. In a preferred embodiment, g1 = 0 dB as also shown in the example of
upper part of Fig. 5. Where UGL = 1/G’ + g1 is outside the interval gi1, UGL is set equal to
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Fig. 4 illustrates an inverted version of the
conpensated gl obal transfer function 1/G. In
wadai7torens3 a correspondi ngly conpensated |i st eRCIMK2006/000724
position transfer functlon 1/L" is shown, where L' is
a level offset version ofl® with a general gain of
zerg dB obtained with a nethod corresponding to the
an eﬁgé?{o/@'lé%‘?ﬁlga‘?ﬂfﬁftdﬁ theypaiGof (Wikis, gD othusph thé Gxaapid ollFig 5,

belowah® Horefiee ajid'y( +e0 @@)ﬁg'baiowﬁkkﬁle laﬁe%ﬁ%oﬁ]@ of ﬁ?esgei? )
and wer gai n rﬁr? UGL is
set éuugt’o aaigwgllpgbdrofg;a]: éﬁl Q d. Fig. 5, upper pgrt shows

can now
exarrpl es of UG and LG. based on 1/G as shown in Fig.

In a dimildBnanBersigiL lggééﬁllctéd)wfjcﬁlﬁa . ueﬁﬁﬁ F‘uﬁv{eﬁeﬁn grht\tlggtfw gagn 'lmlt

e n nde I rst
'”tert’h‘ge'rggfgh oo, e ‘i?'ﬁé”‘ieﬁ‘taéf VEI9E 19 9 dB]. WithindtB]s intenval LGL is
set e@éﬁ'épalVG' 1 BgBgr, inintore grndral whaserGlt © 1361 §wirrd 55,5 & positive

gain @, dBM;@begsz d §B & %PS'§ &H%’el'h%g Bt(he IIHJS? Edesrtlgltq,gg(sor} setting UGL
= 1/% ligq %‘El’m gL = J./Q) —d:Bdg,sa EAtBey skhedhiimit is pt.lhen exasgble nedximum
gain gbﬁerregamﬁg eElfualFAng; filker W\hmn@lthﬁlloweytg;ha% gl h&ﬁybglh%emg

s |FQP9161 ik aly UG is set equal toan end 0
me bei ngr]]cI oes(?gstyq{% the gain of (/G + gl). Thus, in the

exanple of Fig. 5, below 100 Hz where 1/G (+ 0 dB) is
By a bEdpGV\lstga'atkag)afdr@W@&tloﬂrtﬁ4 g@oblg% g?fanél B% Qllg o%‘@'l’e t‘IOL%lgt The

r end
resulf e fﬁﬂ%lﬁ%hﬁee% ‘ﬁ@e‘?’k iy gag F”%F SaNSRL Tiparm shaneeigtemle in
a”Otheﬁ&@ﬁ)@ﬁﬁl@'ﬁth%Jé@d)‘Hldtegmgmdsitlnh’tchaﬂécﬁzéNal gi 2, here

chosen to be the interval [-15 dB to +10 dB]. Wthin

Fig. 5t,0v§er| nterval LGL is set equal to 1/G - 3 dB, or in
ESHEF%WStaeﬁaFﬁf‘t fyngtion-Tfprghe -eqgglizinglfiyee F g@suilttrgafrom

applyg@st'ptlyvghgaam lignita UdB)ande.GY.to glaterm%ed‘ﬁaﬂﬁwungand lﬁln%m

it UG
allowlgl?élﬁal\?ﬁ)ﬁs Edﬁgteuﬂ Jl)f‘rﬁéqﬂéﬁ&das (i ! atbee%y 18.81585 owlapqﬁt@rthgrtlmedthle the
gain IrvlFﬁdtvqrgorbufs Hewa Vﬁgvslgqlq,[n@e rAeaeam i gqﬁsmootuffd’rr&‘rom narrow

peaksrwithy high niginegiliek, é’sip@@alfyl it ts&eehr thaMihd Eeélgl 1§L'2l|t|4tg>\éﬁngv 5@hz has

I I er t
been %\/ﬁé@eéeﬂlg@&ﬁo@ %l( r at gi; 1/G4 aé\gtqoaﬁqunt@ aCCg'TCllng to the

descnagd ameé.rrg, a hig ggmp@@g} Hssenct beadgallnmtedtlﬂﬂﬁwf ﬁ‘édﬂletnlcﬁﬁange since
the pe&ﬂ*UﬁHUe‘!td’@IoEdz”dh@ﬁorﬁenhﬁﬁ%ﬁé"hstéﬂn&ﬂgsmﬁﬁ o Ogrec ?Sglugaé}j a gain

I n anot her

I cter
of 7,dB Hag We&?%ﬁo%ed 2] nsﬁowgﬁaélpgl&qy&and Far@mdg 10|-Jg'mehlz $iaget g peak in
1/G l%ﬁlég\,gougdthgrqz @fld thJﬁGhuSaneaH'réﬂettstah@aneﬂﬂ 6.li1éirétt@95tfcblo§c &e foom
UGL

rathert@snbéihg @ 16dap e'i\]BFH %o engaip limts
and LG to Se?l}ér m r?e rrgwx‘?q?ﬁﬂ#egwa p%S't'g%En al | owabl e

gains as function of frequency as described. 1/L" is

Fig. 6 shewwiprpgrtand idvan dramnle siwhildreo Hhﬁe@ﬁh@ |3| Bltt§%anV S e?h&ﬂle
oes _nhot su
i::teéjféﬁﬂ'é@gﬂ?%&ha gLQL ULﬁ)%EF’ aﬁh o?gﬁ 95P%‘%§UGES‘pg& 413 ¢Bi while
=. é By i[rﬁt r%thJ(ﬁlnary l|._GL PfUSd. THeb oestA&idrizinkedsl has been

applledbel@wes nan e Big e6l slSdWBStﬂhetrEBLﬁtlr@e@@e‘t FitSn B HSE I
gain I|Ha4t§UGLaa'ﬂg L%Q% ﬁ]%l{fpggl ra‘gg%g\rég h%% etm%iutaqr;éb}ﬁ_’s f?ﬁbbé)@éﬁ:)r;::,r ?/T’

rocedur e,
is sho myvghftplgd‘lugnw rp%mtg"g Bismtifferent from that of Fig. 5, but still they have a

number of basic features in common, such as an absence of a gain peak in the range
below 40 Hz in spite of 1/L’ dictating that.

Fig. 7 shows with thin line the target filter function T from lower graph of Fig. 5 together
the final equalizing filter function F which, in preferred embodiments, is a smoothed
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the peak is due t o a | ocal phenonenon in the

listening position LP. On the contrary, a gain of 7 dB
woaaso7meesszal | owed in a narrow frequency band arPoumk2006/000724

110-120 Hz since a peak in 1/G is also found here,

and thus this peak reflects a general characteristics

of the roomrather than being a | ocal phenonenon in
Vet REPT [Ty SNEripRRgn forsimdotivind B.th#ti the eGualniy ARRPEcaBE abSH&imated
by agowghitesiorddrahd tRustfaasBIetfenfddin PmoRUdqfi0r. .2
ecor%Hiv.eiﬁ]ﬂ-?e%irlvestfﬁt rat eg 0 iﬁng%ccglpnagmfé}fgﬂ%r’tf@a.byLﬁB?fér

graph of 'Bg. "BeHoHY aydibledisaduantages.qB, while LG =

1/G - 3 dB. l.e. conpared to UG and LG of Fig. 5,
SouritPrepRsubtid inQrobMt n applied. Lower part
fowa fse% g .6 shows F’h‘@n%@?MF?&H?%%érg'#oeafsﬁgts%‘f”df%ﬁist’reo'ﬁvqf
) tipﬁ% W] [TRayengies die toibe gaiyse pi wivics! t9Gim, @ alr@kmef livirdgeroom,
ue efagyrtagihin hawembeaeomampl dneslint 8r ddoustic '
towaMwaEﬁfrém%ieMlﬁh a‘i: pr#uﬁ] linie fThe resul fﬁgﬁaﬁﬁﬁﬁ’ﬁ%ﬁcgﬁb ower
| lgi fferent fromthat o B¢ "19B fregiendigs; he ingespserhsaung pressure
SVElHBBEr yrerrguendesds peregvechacatmmn fo Bledhunas @R aaBSE PaRides

the ligfenar gaémsepgalktubly bdiey naNYenpP & ' ite of
reprgd/u&'iorpi“?its %[-éfé‘rg ‘}?},af ! Teal ,s_?g\%yég EET o PreSPik et sound
_ target frlter $UINEL £ 59P eqyaYRINe SYREMtogp Robfenfivg .2 Hnooth
nerepyBtife at low freavanciescyairbriding af fidttrrgef k8Edrse At Fowidlincies.
Ratheér) it pfepsr&OtharRdh i hedversion of T.
such gggjrgle%so f or snpq(?ﬁiréhgalizgﬁtsﬁgﬁzqfﬁlé“’@aﬁglt?r?Flhr@s?‘ms?é“rhere

can Sbeoogb PFSRPmRteYe! BYlow fregwencigs ik oeeseored pandatings takirg into
accouns whap Farmea teferechtoasnzeurafl oivG @ftlen@Moddy gBRY €

econoni cal neans, still w thout any audi brqe

This dri sadvant%LgEes. Sound reproduction in a roomw ||
o %F%%y%t% e loMhfragyensycreoss eain’so whel fipaliy Sspleenehesdedqualizing
ilter funakierdand Ywerin fHeagpieBGe8So0Me ha, bd ical
as a fUAGIBn & siquend)3b TR qibbay |09 i o i L aIPE er
ceauln @ nor mal . 1dom the ANGIfE" BICURLIRYing tamseavstthe low s
FEQUERTYi ERM gRin‘ARgrarivantradsoditiedglobalecanefee f@rtibMand BlenMisd this

globaftrrdnsi:iélg‘hntftroﬁqulﬁ%}ﬁ‘i @\%%upimfegaiim%ﬁ.aﬁ?ﬁe%g%gq/v a%seﬁ%{eening

N s |lower frequencies I's perceived as

pos'ﬁ' n'g%/ﬁr gFP%Et?%‘emﬁ%ﬁ%Wogggg Eg applyieg &rfg‘;ﬁr @& femioh jof frememcy
serving tlodRmevethedewdegalisnch dionm dam’ and afrime NS 8GHENid:dhind Position

transfgr &S]eﬁélrﬁb@oféaééﬂélﬁ{iniﬁ@%%q'hgl@'ir%dﬁ’lgetrifgp ioniP i)ﬁ%e\syietﬂrgreefgﬁggte ﬂ

room equal | zing system-does no

Altern%ﬂ%légfgg?qvg}rﬁ&ﬁgw ato §aNt nay gefrYUress bdimmeroeitdd by estimating
the rqqnagaméﬁrgettge H@pmscetramsfémhel&_roag 4AAGHERg tlﬁ?%&ﬁﬁa&e& tobi

in’ rek ehiad: Izl Nng system provi des a
g L LT ST T
' VEVRTPEE £GPy Mediidna  E8alitargst Bmetivrewith anidl robrasatrakéfe:
lmpleTﬁm@ga“d:Ie @a%ﬁliziﬂd@&ﬂt_eﬁ'ﬁmcgﬁl_. fh@f*@éli@rﬁaﬂi\{é_lﬁ% f@(lgg?ia]tglr 'I%EV\llbg Vanypplied
finally il e - is preservation of the o
e egu@ﬁgééssvﬁﬁﬂ%'%ﬁF%”Qitne R HEG e e e er win o
pre etg{m e flftﬁlgfuppqlqneqer\firemm Rresereend ptddesermmddnohegdidui@dis not

based soumehsuremyerh eesulth beimiel itkrducapplogng @ filter as a
function of frequency to the global transfer function

i serving to renmove the | ow frequency Voom gain' and
Fig. 8 Shasan etamplereic prietedregtaigat funtiasts$E badedriftd QBbARGNLREN

functionS® mdakSred in a typical listening room. As it is seen, the global transfer function

G exhibits different general characteristics in different frequency ranges, caused by the
nature of the room. At mid frequencies, i.e. 200-5000 Hz the global transfer function G has
a general flat nature, and thus it is preferred in this frequency range to have a target ST
which if generally flat, such as having a fixed gain at mid frequencies, e.g. a gain of zero
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gl obal transfer function to formthe upper gain limt.
| n the same way, the listening position transfer
wounoresssmay be nodified by applying a filter Pas/p&2006/000724
function of frequency serving to renove the | ow
frequency Voom gain' and &Prive at a nodified
dB )I | st eni % position transfer function before
dEPETVEI T 91D Fidn & i® 6real thati thg STicuheractusiig thiag shaet, such that the

gairt #te208aH. is Al dER6MAHB ViRjh¥r th%ﬂ%t I’5‘P<sz AGREENGY, Moogb%&
: t ﬁ; ?ﬁsfer
runchiBK cPhasCObl ol P bR ETE Beestver it ismerestiay adhpaplso i

arn'
the faqget fe&%tIOﬁEﬁTed Voom gain' to the equalizing filter

pr epar ed according to the general rules of the

. 'nv ntjon .as ready described, e.g. by nodifying a
Fma# l g?'gt é?ns?ﬁj'rﬂ;{'fﬁtlsﬁ Gt BHs §eemnm@@imthe labbwr-mentioned

generﬁtjpgrf@quemrg Itfth dercpetdw 20009z, fIh'rEﬁj’ongéJbettl'l'iso&nell‘\gp [lf% II" the level

belof 208 HA Ler
o T iy
ha Wi gfrop i'(ohfé BWiB@ maximem gein bt abopt dkanerriaseek, i it Akt
chosenie tett tine segatifiigttibe swrf&lﬁaﬁ:f the l@epfuﬁ%eér‘é[n‘iﬁ E‘?dj %%
rath&@h@ tar Wgﬂ ﬁ;hcﬂ §]10F1 s a Ser}( on trg)east# enent Fﬁ/ ﬂz e,
taj né e ac §TRPthEPY. eSU%'er\Aﬁt %W'ésmeeange
150- 390 Hz ry\fn@fl@crp@ijng aaig éqwa‘rdmloWIeofrrecﬁ:Enbnas edaémqgaa eHa@PRIm gain

Ieveltatal’i\é;fo&[esﬁ AR frequelicy BAGY rlﬁg)ré rr8d QH% me]n nit elgw f%quency lift

e t he tr ansr
in th Qﬂ%t ta°”f$ 'Fi’ﬁfedgwew eterainge figed gliterdfgndtion thus serving to
prov@eftlpeahsémerﬂm@qajéxﬂdyandamy&&,ﬁnwusm R’ H’&I@peﬂﬁlteH{ @f tﬂe actual

hstertuli?g?roroﬁp rﬁ‘ere‘ﬁ’(/ o nfgrtﬁg H@lﬁ?éﬁﬁ S\ést%m dg ﬁg? R tofe|xgtamﬁ équJ frequency

gamsgln bal a sfer fancti
nd ?rﬂﬁgx 'PIting ayeps igh low freAuensysadin.giuebiiyd rang@jaimomay e.q.

baseﬁ av éheipltoa?rgles ofSdn WU sthndatd Mé\ﬂﬁ@%o\fn fat pref%H%B t@gmooth{;y roll
i uenci es, .
off tl’l%ajéﬁrngeléw Ic)f\ﬁg‘ I%{: Ffr AL Iorydapeaker aélggr{'llgl’ha?lg$ ﬁléfrgipenues below

the I%Erg%u EY U%H q)fg,fqr] 5l3e Igu@pe@j‘m’ %0 dstto ssue mblhradr polver &l dvoid

largeg@mi0@ebiof tree dodl& Bapheagh® hi gher than at 5 kHz. Above
5 kHz the gl obal transfer function G has a general

rol| off of 6 dB per octave, and this is preferably
The SQHIFINIPrasested in thé ereferragetmifadoénto’s $F .fodtsE@bh ¥qudiibRg

Ioudsgeamalmﬂierrﬁeaﬁcﬁr%r HEWB-] Qigh ggé%orll:ah ggllja%llz ﬁ,‘??"é’gﬁ%ﬁ?&?f

ener

bove- me tion
lmpellF&:? %Hgﬁe% 0?6 3 ‘?/ﬁ%‘ﬁ'l‘] |n|tHe gg%ﬁ%t@etegualmrg fiten&r Bdpecially it
may bq gdesirable tpadd aveddebet mw 28dliehizy bddaetd éﬁnﬁiﬁ,lnsit@ '?&Ié gmte%ngh
t-ofif SreGlEIER Bf £ LRleplogm gal o
Z(L)ln :e%g §n|q| ¢ ;I nagroﬁggﬂ’e\éﬁer% héd.Eh go%? ﬁreguer{)ﬁx %ﬂﬂ% i}%\‘ﬁqy geSIQned in
¥v ’C‘)TeF—l?fd aAgorglégltp thetinyeptinait sindedbe transfet Rinctidie

measyrgmgats Cfflj.mndl ® imclidle irBbrhNioh ABodta@ME low H%ﬁﬂlg\%’ﬁgﬁoﬁsﬁfe%uency of

th l@é}&@ Lher the tar
elac 1 Qgér%gll r"l’h& lpf‘fé Ipogsf}oencc%/cq |R9{'5§thP‘freFP§ Hewevgs asa@dgeessed
ear. 'e'f[$tds Q erfpd {g 'f‘ﬁ'a“hfﬁ”@HS isHeh lgamwassmﬁéatdeohav\e rmeasured transfer

functiénsaryioe he pesornti I@ﬁn'éth@)@ sﬂap@xﬁ'ﬁ@@&&ﬂhﬂ lf(ﬁ‘\fﬁila h?gh pass effect can

then He%ﬁéd Mlsq‘)e‘{ e ST ang%?/”?q Higerir, ntheheothgpgeensates for

the lnqemﬂ':lf)p Qﬁtv\gpn Wgorggg@(tpwsp@k@'ramdie’bethél deadrd thﬂfbaEé leﬁ‘é'& of the

loudsHedkatt | on t hus serving to provide the listener with a
fixed and wel | -defined Yoom gai n' independent of the

act ual
It is to be understood that the described manipulations performed on L and G, i.e. level

alignment, smoothing etc, may be performed before or after calculating the inverse of L



i stening room hereby avoiding the equalizing system
to adapt to extrene | ow frequency gains in roomns
wexmi7rédeng a very high | ow frequency gain. SuetTMiKeew/000724
Yoom gain' may e.g. based on the properties of an | EC
standard |istening room I'f is preferred to snoothly
an{éyl off the gain belowa lower limt of the
UGSREHVRY- TSl i tg bsitprerstaodshatte. 6.r eapoeiiog syl Pplied cither
to @ hetd YW, br @Oyendys & ghih fedtdr. f Or the | oudspeaker, so as
to save anplifier power and avoid |arge anplitudes of
I %he woof er di aphragm The equalizing presented in the
ANl oo i
refdreneds plarfRAHol Rt dneds - addi tiona
as lf?r‘?lfi':f?dnﬁhléisg% of «} oudspeaker i npge@}ég%??uiéjnﬁgﬁﬁf%f’vax Gfigstrued
be included it hE' sign of the equalizing filter F
Especially it may be desirable to add a noderate | ow
frequency boost to conpensate for a quite high cut-off
frequency of small | oudspeakers. Such |ow frequency
boost is easily designed in connection with the nethod
according to the invention, since the transfer
function nmeasurenents of L and G include information
about the |ow frequency cut-off frequency of the
actual | oudspeaker. Thus, it is possible to conpensate
t herefor. However, as addressed earlier, it is
preferred to initially renove such hi gh-pass effect
fromthe neasured transfer functions prior to
perform ng nmethod step 3). The equalizing for this
hi gh- pass effect can then be applied after step 4),
e.g. formng a conbined filter F that both conpensates
for the interaction between room and | oudspeaker and
for the general high-pass effect of the | oudspeaker.
It is to be understood that the described
mani pul ati ons perforned on L and G i.e. |leve
al i gnnent, snoothing etc, may be perfornmed before or
after calculating the inverse of Land G respectively.
Thus, it is to be understood that e.g. snoothing may
be applied either to Gor to 1/G or to 1/G plus a
gain factor. | n the clains reference signs to the
figures are included for clarity reasons only. These
references to exenplary enbodi ments in the figures
should not in any way be construed as limting the
scope of the clains.Clains 1. A nethod for equalizing
a first |oudspeaker (LI) positioned in a roomin order
to conpensate for an influence of the room the nethod
conprising the steps of 1) neasuring a |istening
position transfer function (L) fromelectrical input
of the first | oudspeaker (LI) to a sound pressure at a
listening position (LP) in the room 2) determning a
gl obal transfer function (G representing a spatia
average of sound pressure level in the room generated
by the first |oudspeaker (LI),
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3) determining an upper gain limt (UG) as a function

of frequency, the upper gain limt (UG) being based
wono@En7éseser se of the gl obal transfer functi onPCBDK2406/000724

determining an equalizing filter (F) based on an

inverse of the |istening Pdsition transfer function

(L), wherein a gain of the equalizing filter (F) is
aiI isrri ted to a maxi numgain in accordance with the upper

é'%l nlimt (UA), and 5) equalizing the first

I r_.(Ll). .according to the equalizing filter
b A(“E‘%{Hé‘g&ﬁ?/g‘fﬂ%%'ag ad E%H'&F%ﬁe%ﬁré'r%i Resitioneghiaragionmt ih@rder to
comgersBEa for mingiencefaf ot foom, (6 miethoaabhiahgthdased.on a
measur enent of acoustic power output fromthe first
Ioggs eaker (Ll) and data regardi ng sound absorption
pr 0 e;i?”é@gc?r"sf G RsHHONdrangter Fengtiens 6O finm glettvicalligpumof the
1, fivghudspeakiat (et o sintifieeglieala iistasf Sdsi ¥
(G is based on an average of at Ieastl t%'tgoﬁg%) 'ggﬁ‘enf“m'
tr ﬂ fer functions (A, &) neasured fromelectrical
i ng etgimiping arglebsl trposfersiyaeicor(Q) épredenting ungatl @6&UEESF

Cl

at soupd pesssirededl & hePObAlgeROSEJ Wﬁgeii?é%lloudgﬁf%elf ()Ll),

t
scattered across the room 4. Method accor
claim3, wherein the global transfer function (G is
ettt e e
i L i .
el ectrical input of the fiTsl |eog'§§%g%”%fﬁr EL[’ICS'OQ .
sound pressures at respective field point positions
( lpﬁg qet:wéé%@m;qmau;gb enteoq-:nba&;d dﬁesmge@g BPH |§%nﬁr@, position
cl war¥ret funthiss |iyn - ransfer nction (Q I's
based. on. an _asgf ‘ghe 6’%2%"%#’5%% eaé'laﬁz”?q @Fedi (pbis fifrited to a
t raner el $hietacerganey witighe upRYr orim SmitdtGLY, ainu
el ectrical input of the first |oudspeaker (LI) t o
S BF spective field point positions
(PR BB e BobBEREE Y Becolyiodsna coeh dnagiten
claiml, wherein the global transfer function (Q is
2. Mebfasledcarding o aMef agRh&eintthe lgRdst tr%\} erffhl%tlg{l E{QL {aéltcachlﬁEFtd based

thE f Lon (4 asured fromelec

on & DA b RS odEnaul iR Fofm ths fisidgisasaiies detirod sintza

regarding seHnggibserPEieRs braperties PE)e ionmt he room t ogether with
the listening position transfer function (L). 5 7.

ccording to claim®6, wherein the gl obal

> Meﬁ’g%g%é‘?'”? 8%%?'(‘%?7 Wigreindetaraining theaglobal treagfer fuhctah (G) is

based) Qg awewéa%equ ot @fﬁtdi\m_tﬁdcr post @énsfe?ﬂ@ufthi@?‘ss(dlgGZ) asured from

electritBiasplt @F tHe /60 16 ' L the tirst . :

POSitic#n%gP?]f gﬁeﬁr LI )%%%%?b@c@%é‘é" SOGRYTPY B ETRecdvayfield point

| 'g’ catlpediacings thepmom. PF2) scattered across the

room together with the listening position transfer

4, Metfhldﬁ“éééop(ﬂn Q)él«'!nel{ﬁ %\'Ih hhedgacqerding Lo any of claims
-7, ergél n the 'avglry%ait%egg%gﬁttfa&ﬁ@? Erinc?'?fh{q)i'%ﬁésed on an
average of at least three field points transfer functions (G1, G2, G3) measured from

electrical input of the first loudspeaker (L1) to sound pressures at respective field point
positions (PF1, PF2, PF3) in the room.

5. Method according to claim 4, wherein the global transfer function (G) is based on an
average of at least six field points transfer functions (G1, G2, G3) measured from electrical

input of the first loudspeaker (L1) to sound pressures at respective field point positions
(PF1, PF2, PF3) in the room.
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i nvol ved in calculating the global transfer function

(G is a power averaging. 15 9. Method according to
wanyafessBai ns 3-8, wherein the at | east two fPermK2006/000724

poi nt transfer functions (PFl, PF2) are randomy

sel ected within the room 2Such as based on an input
6 om a random nunber generator selecting the positions

' (ﬁl(ﬁFFVdinﬁ tf et 1 dvhesksi bagldbabeahster fpdtioh YIS based on an
averdperoNat loaxs oné fitld@olre ehsiéP fukRriolVRd 1) 92659 DG L. 3N
the e A RERGRILIG L BT LU et GO g e put of
of determ ni n_gf X 3 SREY PERSIel 3t i field patnt postsion (PRiAdn trenroom,
togeferiwiidyfiie fisigniba pesitiontramsfemuects® @f. t he gl obal
transfer function (G, and wherein a gain of the
lizing filter (F) is limted to a mnimumagain in
7.

ME@% graé‘%ﬁ%'gg%ﬁ f_lﬂ'mt ﬁew%%ﬁ@rthﬁéloﬁall tafister furGtign (@B's based on an
o e Re g5 L (Lo BT stecycal
inpu st . - a
(P! B¥z§f se, of the gl(o ZF EF%%%%% BTSYFFS(3Efield| Rpdnt positions

fir tSC?)B%’Fq FUBSRP M8 Yogetbge with $helisthingl RositMatthafer function
(L). according to claim 11, wherein the first positive gain
(gl) is frequency 30 independent or frequency
8 Mdtggtindent,. 13. Method according to any of clains
= 13-@1- Qgioﬁ%'g}@i Wyt lairamer?, gﬁilerj'l}l:l 'th@:atvge)(dgﬁg)ofitﬁpsfer functions
invo ipraalcnRtin@thedflodaN W8 h 8- Rhctidhecd; ransfer
function (G mnus a SeCrOHdeOS(I i's\cl)eglévé'l%rnavfrgaﬂ",g'such
as 3 dB. 35 14. Method according t o claim 13, wherein
9- Methed acsersing toaol wof vieinyas-8, (e el RALERNRYddPERERSIRRL,
funct@hsﬁ?lﬁqpm%fedﬁ‘@%w&lﬁéd witbhigd @gcardi ng to any o
from E& Orrgggd'é%g clains, wherein tﬁ%rol?ﬂbéi“gb%ﬁg‘??s?? QN input
i ‘f | SUPRYTIEIRLY selecing thegrostyiahmrandemivialthregidimensions
basec pi¢ Rreaipuirdimabsensaf tied rdnilB t 0 +10 dB. 16. Met hod
according to claim15, wherein the first gain interval
il) is frequency 5 independent or frequency
;Ot. Még.?g [fgending :‘[e/_an)f\/gf%/tﬁg@r eeinp dlaigs,tfortherycooiprisihgitistep of
eterminindsa lontee geinnintih@GLPWES r@RtiBn bf AkduehhyFdsel $n an i
global @8iskisGlAdioh 9ol HEGANA 021N nt.erval- (graf, “SECH o the

Cinterval of <% 5" I R FAHELT the equplizing filier Faiscomitidhty a

minimun geigiitpecerdapprewish thet lhwesegoichitgacn). i nterval (gi2) is
frequency i ndependent or frequency dependent. 19.

11. MMBL ding to any of the preceding clains,

dater T ?%g??%g%or?"é'??{ég‘? HEF%%‘?'E% clgims athesimiheg paesgaio lititn(@GL) is

cterBinge @aap énvrretdfi¢hayblobeltransten afetiort (E)ILONisEChosiGHELbiIREq1),

such g3e3 §®r m ng 15 t he snoot hi ng procedure on the gl oba
transfer function (G prior to perfornmng step 3). 20.
Met hod according to any of the preceding clains,

12. Mgthed pesordimmtordiamng, Wherest 8 Mkt positive gain (g1) is frequency

independent or frequency dependent.

13. Method according to any of claims 10-12, wherein the lower gain limit (LGL) is
determined as an inverse of the global transfer function (G) minus a second positive gain
(92), such as 3 dB.

14. Method according to claim 13, wherein the second positive gain (g2) is frequency
independent or frequency dependent.
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perform ng a snoothing procedure on the |istening

position transfer function (L), such as performng the
wenmotoiesss procedure on the |istening positi onPCTAKH@I000724

function (L) prior to 20 Eerform' ng step 4). 21.

Met hod according to any of2the preceding clains,

further conprising the step of perform ng a snoothing
15. ﬁf{ég?f’gd"lﬂ:%’d@ﬁ t3 3py gh¥rdrededingtdaims baiseein ahe appb LhRNAIERUIGL) is
resthetede@n firstayalri iBteevl (@15, 15885 EL5n TedShi 27 CLBL% Ay he

gl obal transfer function (QG. 25 22. Method accordi ng

to any of the preceding clains, further conprising a

16. Mether asrorgingdptiaint 15, Wiarein té fitshaiglintealal tdians frefuency

indebamisnt onfréaentPdépdngyg! of the |istening position
transfer function (L), prior to performng step 4). 30

23. Method according to claim 22, wherein the |evel
17. Mpthgd peerrding tpemy ofraiials hasiesd whBrdiregRaskdM irﬁmﬁmﬁﬁ ) is
resti@¥&tsSa 0écohBga !l iRA)al gd’l n§lﬁcq“1ra functio nd the

listening position tr n%fer F et 1 onY E’f: Xt $futo + 10 dB.

respective average |levels being calculated within a

18. ietbde evondingth ElaieOUE WHerdif HRY 362bnd %’Hﬁrihté\%a ol2) RIHENCY,
indebdHdRRY 800 Hz. 35 24. Met holgt agcordéhngcy
" e’t)o cl aﬁ%r%leggp%%nﬁ'@r ein a common average | evel of
the gl obal transfer function (G and the |istening
19. earbod bamordifrsdrgr of ik sk i {0 1 eyel
; b g AP bV B tep o

j: s used as |leyvels for deter
per G e both o SRR A F b biransiaictnasin (&), sarfios herforming
the smagthing RApcprse o dire glpbmi sfaesfef fumetiord(G)(deor tOp&RorHRRAstER 3).

f the

steps 3) and 4).25. Method according to any o
ing.clainms, wherein a filter is applied to the
20. “"5‘1'&@%’2?@??%@@%0& H& RreFRding) s ofurther paenifrisingi the sespars
DerfOBTEHQZ%$thhgqunedlm‘edinrtge liﬁleﬁifhgipﬁéi@& tr}%’s@én&hﬂctkn?u, such as
perfokinlig&he §§15¥@1§1th ﬂoge%PIRe\r/c& AR sl “E{%Z“tré]’w\fiog Ha?q% fungtion (L) prior to

perfo(J;Irlnrec ivity of the ["otds
IRPPFER® bei ng such as a decreasing | evel towards

hi gher frequencies. 27. Method according to claim25
21. Mkhodb LRt filter servyes to renpve an increase
oin | e&éﬁ“‘aﬁ%ﬁﬁﬁaégﬁ&ﬁ&mw&& Prefirthefecompriging dbg step of
PEMTOFPIAg FeifesPthing Aqgedure on @ teasfekifgrintidn aseardhi N@iffbienad¥etben

the ligtheing tieosfe AGcedraiLIEnd WRESIGIA tdndrl fkyd S cgPP! i ed to
at least the listening position transter Tdnhction (L)
rior to performng step 4). 29. Method according to

p
22. Mgjhed ,ﬂcgggl.an gey of theerdoetiing clageg, \f@3hdroiPABIME adevel alignment
of a lgeneftak ghybgNorHRES f%nrttigﬁ f(@ﬁo’ a U?lgofgl’?e ﬁs&%ﬁ&gh%%%jsosn tigisfer

funct@ag cé J tro%uce_d the Tirst Toudspeakel :

ﬁb “%rgtgoo,e PH@'”?S%E’I% m 28 or 29, wherein the filter
serves to renove an increase in |evel towards | ower

23. MéthBd UestrdiRg t&lHSint 92,8y PMh ftﬁeelgyée]r]a‘ﬁgnn[;gr%r% earlforl]"med based on

respective average levels of the global transfer function (G) and the listening position

transfer function (L), the respective average levels being calculated within a predetermined

frequency interval, such as a frequency interval of 300 Hz to 800 Hz.

24. Method according to claim 22 or 23, wherein a common average level of the global
transfer function (G) and the listening position transfer function (L) found by the level
alignment is used as levels for determining inverse versions of the global transfer function
(G) and the listening position transfer function (L) to be used in steps 3) and 4).
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20 31. Method according to any of the preceding
clains, wherein determ nation of the equalizing filter
wOB)o7inedesides perform ng a m ni num phase appr ORCIAIK2006/000724
or a |inear phase approximation of a target filter
function (T). 32. Method &ccor di ng to any of the
25 %egcgﬂi n dcl ai ms, wherein at | east one of the
TR ?Cﬁgrﬁtﬁc?@wtquﬁ RrEEadgTdediaimanabérein o filferansbified to the
glokal gladsfpiofunttidr @)girer td peTHndy &3 3).is measured by
applying an electrical test signal’, such as a random
26 noise signal or a pure tone signal, to the first
MRS ReaKEINg tarsipin @5 wherkeingha fittar sepaBaBteMEVEEPMEldIe of 4
directdgiyarfsiee fifst 1du@sFARER (L3P thi IR Lo any of
towh€ K hgpﬁg&lpeg] el %i rrs,( V\ﬁer gﬁﬁmggﬁeﬁ?nﬁl%tcﬁgﬁ adfec %@”%@Ve'
equalT zing 11 CFer (F) includes performng a snoot hi ng
procedure on a target filter function (T). 34. Method
27. ettt dctgding t8 ik h iNggelaine, wherein .
leve ﬂF’aP&iln\% the Ii st eﬁitoﬁgs’gxé@eﬁ?lﬁéﬁ P'?eefﬁcffveeF P [RIRRYEAN iperpase in
i ncl udes ReaSHEHES dRd lowedtesypecyi momrgairor nor e
positions 35 spatially located in a vicinity of the
28. Mehb8 RERRdi it P) . 35. Method according to any
the o Lhe r%ggg? %ggﬁ té%ﬁ)se’ce%ag F'ﬁ%‘?s'é&ﬁbﬁ"i‘ aifiltgr B periiaddp ot least
GYeag RS aR) trRpster Swectinel (9 quiial ke pertprinind ep Bpr a second
| oudspeaker positioned in the room and equalizing the
29. egker.accor di to the second equali zing
° ??‘ﬁ?@??éﬁgwi/g"t ASE 2L R n O ke kave tP5remgye iBedenetah bigh-pass
effeqt; such 3F Adrighuapssi afiect intodifced bf tnctiisoRuddpeak@as Ly, ement

is perforned by sinultaneously applying electrical
el ectrical test

30. lgnal s, preferably identical
s?tgéldaﬁésc,grcﬁr&g fohdeipy F5er 2(9\(I"‘Te'éf’t*fdtr@é‘&fé‘-héef1V©fut175r}gerrsvke|as,increase in
leveldppargs lawer fieqgercics dverts asPOREhhcResYMs hhin. F esponse in

the room 37. Method according to claim 36, wherein

31 “55@‘?‘#]5 enednts involved in form ng the global transfer
runct 1 of U A 95 errsindgyaiss nuherainatetisinaaipp|of tg
equaliziegfiltsrqf) intledes sergutaing, a RirghemaMHaYe b&ﬁ'ﬁ)}iikﬂ%ﬁgn or a linear phase
a

appr<|§34i;ﬂ§ttidni & tapéee}tﬁ,tgll %3%0%, (ITESO the first ( nd second

oudspeakers, an colY' €écting a correspondi ng
acoustic responses in the room 38. Method according

32. Methall acond 3, to\6he loe tHa ﬂré@d!nig%a%ﬂg,%é?%ﬁgt ile%gt tnrﬁa{}stggpstening

ithHBGhL urenent is perfornmed separate
P the fi@ﬁ%%ﬂié% HElS el eEhoates Functors & N riesetired by
PRIy PTiEcA st Signah 98 asteemaiom hbiee SBRAI Gt-Ahute BRRSRE to
the fitst &nsémakén) A6E cOREY a Eofedh | Lg@nd secon '
| oudspeakers are scd'?ngr“raed tec?fp?lgorﬁﬁg é&gétmﬁp?qsgf%ﬂ'eﬁﬁom.
position transfer function (L) for the first (LI) and
33. Methedracardind speak ef the pAediNg chnss, 3iHeasif uB@rh Madlly ofthe
equalRIngifitter 89-ikSudeMpRFBH i Fl1), and second_ .
(). equali zi né 20 fil ter@ngg\%ﬁc’f}%@rﬂ rﬁrgg%du(? g 8ft@iget filter function
" characteristics. 41. Method according to any of clains
35-40, further conprising the steps of determ ning

34. Method according to any of the preceding claims, wherein measuring the listening
position transfer function (L) includes measuring sound pressure in one or more positions
spatially located in a vicinity of the listening position (LP).

35. Mthod according to any of the preceding claims, further comprising the steps of
determining a second equalizing filter for a second loudspeaker positioned in the room
and equalizing the second loudspeaker according to the second equalizing filter.
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a plurality of equalizing filters for respective

plurality of |oudspeakers positioned in the room and
wequeloraieng t he plurality of | oudspeakers accordimg20a/000724

the respective plurality of 25 equalizing filters. 42.

Met hod according to clai m?41, wherein the |istening

position transfer function (L) neasurenent is

performed by simultaneously applying electrical
36. el s=corpingfte icaith 851 #R&HLI : rical test signals,
meds@rde n%gr%lrrinte % of | uﬂgingg S%fﬁﬁgﬁas'@%ﬁ %ra%scf?rrfggﬁloedt)

ondi 52 &Y shutaperuslyrapelving elersricad tast si§Bals, preferably

_,_correspc ng
lden%iulmerg@b@swsigaw,do cheafiiret d1) amdesBha lduh?péail(éjs,emcpe%llecting a
I's

corrpephdiing Rcbus@b $éPonddtAGhd Q3L L) neasurenent .
performed separately for at |least two of the plurality
37 gfqﬁll gudspeakers, such as separately for all of the
- Yrihpdpreoydiog té duitks peakiesisin nralsddmeNRLIOS, 26 Ing..to
trandibah R (GYIRE B S ) S8R ng ooyt on e b the global
prerRGtdon %Ll_f‘lﬁ (S perforted By s RR9 slgcisiral test signals,
) RS C§"‘°&g¥ﬂ5§/$'9fgal-°elt@merﬁrstaﬂ1) esd sedofd AulsgeBkérs, and
colleftingsa comdspending atdietiPredpetskd ¥ AL ropydspeakers while
separate neasurenents are perfornmed on a second subset
f the plurality of |oudspeakers.45. Method according

p! U
38. Nighed agchiding tapiaimess, héreteirsthenistegiraQsdsitio Bran&RPRfnkfion (L)
meaguneroentas pérfgrmed RBAHAIVRH hn sl (Y taneously applying
el ectrical test s?gr?al)gﬁ)t g#%ﬁr?ﬂl 7St @%Pd#a%)?ﬁ%
urality of |oudspeakers and separately, applying

I
39. l\&tl@c& Fqcergling togtaimi 3pn ahereirtha sepranRl, SERselq 92%#Q%u§ction for
e

the fipt YL B dridyse@bnd 1BY .46, uter readabl e
transfe{q?@{c?m fgden adagfpg%@t?%gr%esru ik ﬁ?ﬁ%ﬁgmﬁﬁtc%‘@%‘f“swgdfrosition
e 5HeR & "R tha THst@1) ary! serondSipudsprmiedtapt ed to perform
the nmet hod according to any of the precedi ng clains,
40. MehRded8 IhsLog -..neasurement system adapted to
e ST e Sl rapuin
VB &tanGFehteanster sharageristigg.st em according to cl ai m 47,
wherei n the neasurenent systemand the filter neans
41. M@fBd| - as separate units adapted for
| [ @t erag%‘)grqﬁlggt@% gﬂy 8€%a'g1g%§fﬂoefl’fr§@é corppriging thystemsnof determining
2 Plural¥ & gnvRiizing ftiee fior eBpechine pliralitybt lbedsplealRh€ p&itidd28 in the
room,saladgab kzing he olirslitd of fod eyice. 50. System
equali%%g?iftgulsng to ol ai r'rt? 47, \E/i\%eergiéél)r%gf%éx'ﬁ%gosmeéﬁ%q’?ﬁt"éey@t‘@my of
and the filter neans are integrated into one unit. 25

t est

42. Method according to claim 41, wherein the listening position transfer function (L)
measurement is performed by simultaneously applying electrical test signals, preferably
identical electrical test signals, to the plurality of loudspeakers, and collecting a
corresponding acoustic response in the room.

43, Method according to claim 41, wherein the listening position transfer function (L)
measurement is performed separately for at least two of the plurality of loudspeakers
such as separately for all of the plurality of loudspeakers.

44. Method according to claim 41, wherein the listening position transfer function (L) is
performed by a combination of simultaneously applying electrical test signals to a first
subset of the plurality of loudspeakers while separate measurements are performed on a
second subset of the plurality of loudspeakers.
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51. Systemaccording to claimb50, wherein the one unit

is inmplemented as a circuit board adapted for K200 /000724
woneErwesss i nto an audio anplifier. 52. SystenpCT

according to claim50, wherein the one unit is an o

st and- al one devi ce. 30 5325 System accordi ng to any

clains 47-50, wherein the neasurenent systemis

[ h as a personal
i npl enented as a conputer, suc "
45. Mettpd betording tdcidin hf‘,t A efréﬁ% l%gewggepgocs%?oadtowg%eg%?q@&(lm (S ris
fi,clents to the filter means ac Riic} Hor |
perﬂgvgﬁegil t%yzslinrqa T19PHYY apRlying giscisigal tegiiianatietoi i scampet ithgplurality
of loygspealears anth ecmiratilye aprhasd Eleamib) 8% Sihsand .08, .féulbge fof the
HEsR 3. 55. uglo

dlpbsioddpaLici-fig to any of claims 47-5 _
pmrdevgﬁg acgggtgng to claimb54, the audi o device

conprising both of the neasurenent system and the
46. Ganhpuser needatte program code adapted to perform the method of any of the
preceding claims.

47. System adapted to perform the method according to any of the preceding claims, the
system comprising

- measurement system adapted to perform the steps 1)-4), and
- filter means adapted to perform step 5).

48. System according to claim 47, wherein the measurement system and the filter means
are implemented as separate units adapted for interconnection via an interface,

49. System according to claim 48, wherein at least one of the separate units is a stand-
alone device.

50. System according to claim 47, wherein the measurement system and the filter means
are integrated into one unit.

51. System according to claim 50, wherein the one unit is implemented as a circuit board
adapted for insertion into an audio amplifier.

52. System according to claim 50, wherein the one unit is a stand-alone device.
53. System according to any of claims 47-50, wherein the measurement system is
implemented as a computer, such as a personal computer, with an interface adapted to

download filter coefficients to the filter means according to the equalizing filter (F).

54. Audio device comprising at least one of the measurement system and the filter means
according to any of claims 47-53.

55. Audio device according to claim 54, the audio device comprising both of the
measurement system and the filter means.



