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sound can be fully appreciated only by experienced record producers, the average

listener can easily hear the difference that studio-quality sound makes.

While various attempts have been made to reproduce studio-quality sound outside of
the recording studio, those attempts have come at tremendous expense (usually
resulting from advanced speaker design, costly hardware, and increased power
amplification) and have achieved only mixed results. Thus, there exists a need for a
process whereby studio-quality sound can be reproduced outside of the studio with
consistent, high quality, results at a low cost. There exists a further need for audio
devices embodying such a process, as well as computer chips embodying such a
process that may be embedded within audio devices. There also exists a need for the

ability to produce studio-quality sound through inexpensive speakers.
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The present invention meets the existing needs described above by providing for a
method of digitally processing an audio signal in a manner such that studio-quality
sound that can be reproduced across the entire spectrum of audio devices. The

present invention also provides for a computer chip that can digitally processing an
audio signal is such a manner, and provides for audio devices that comprise such a

chip.

The present invention further meets the above stated needs by allowing inexpensive
speakers to be used in the reproduction of studio-quality sound. Furthermore, the

present invention meets the existing needs described above by providing for a mobile
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Thus, the present invention can be used to reproduce studio-quality sound with both
top-of-the-line and bottom-of-the-line electronics and speakers, and with everything

in between.

In some embodiments, this embodiment may be used for playing music, movies, or
video games in high-noise environments such as, without limitation, an automobile,
airplane, boat, club, theatre, amusement park, or shopping center. Furthermore, in
some embodiments, the present invention seeks to improve sound presentation by
processing an audio signal outside the efficiency range of both the human ear and

audio transducers which is between approximately 600 Hz and approximately 1,000
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Thus, the present invention can be used to reproduce
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cogmyiset feh apempster shipe riihe ardip eVise rHy ¢ oawEise. ifpieekample and
without limitation: a radio; a CD player; a tape player; an MP3 player; a cell phone; a
television; a computer; a public address system; a game station such as a Playstation 3
(Sony Corporation - Tokyo, Japan), an X-Box 360 (Microsoft Corporation -
Redmond, Washington), or a Nintendo Wii (Nintendo Co., Ltd. — Kyoto, Japan); a
home theater system; a DVD player; a video cassette player; or a Blu-Ray player.

In such an embodiment, the chip of the present invention may be delivered the audio
signal after it passes through the source selector and before it reaches the volume
control. Specifically, in some embodiments the chip of the present invention, located
in the audio device, processes audio signals from one or more sources including,

without limitation, radios, CD players, tape players, DVD players, and the like. The
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present invention may comprise a detachable faceplate.

Other features and aspects of the invention will become apparent from the following
detailed description, taken in conjunction with the accompanying drawings, which
illustrate, by way of example, the features in accordance with embodiments of the
invention. The summary is not intended to limit the scope of the invention, which is

defined solely by the claims attached hereto.
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embodiment of the digital signal processing method of the present invention.

FIG. 7 shows a block diagram showing how a filter can be constructed using the

Mitra-Regalia realization.

FIG. 8 shows the effect of magnitude-complementary low-shelf filters that may be
used in one embodiment of the digital signal processing method of the present

invention.

FIG. 9 shows a block diagram of an implementation of a magnitude-complementary
low-shelf filter that may be used in one embodiment of the digital signal processing

method of the present invention.
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tepBplRy des! hei s ussA dorpp PRats Jrissedyrs pHkenpesahqdiments

ortt?i, ea'hﬁ S Kot TR¥N Y 1indif thk %C(ﬂJG%‘P tﬁeoprps%npfﬁqgﬁtﬁ)tnp GPmbbi¥e noted
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that as used herein and in the appended embodiments, the singular forms “a,” “an,

and “the” include the plural reference unless the context clearly dictates otherwise.
Thus, for example, a reference to “an audio device” is a reference to one or more
audio devices and includes equivalents thereof known to those skilled in the art.
Similarly, for another example, a reference to “a step” or “a means” is a reference to
one or more steps or means and may include sub-steps and subservient means. All
conjunctions used are to be understood in the most inclusive sense possible. Thus, the
word “or” should be understood as having the definition of a logical “or” rather than
that of a logical “exclusive or” unless the context clearly necessitates otherwise.
Language that may be construed to express approximation should be so understood

unless the context clearly dictates otherwise.

Unless defined otherwise, all technical and scientific terms used herein have the same

meanings as commonly understood by one of ordinary skill in the art to which this

-



term nol ogy used herein is used for the purpose of
descri bing particul ar enbodi nents only, and is not

wo pdogneEs4 to |imt the scope of the present i nRENUSIINT/085919
It nust be noted that as used herein and in the

enbodi. nment s, esmularforrrs 'a, " ."an
inl Ont%ﬁgng% clide mﬁéhwr St e S %mr%%t%ﬂ%lﬁ@re
de%&‘iﬁe@xﬁlt}ﬁ)'ugﬁﬁhy nfétlﬁ)Héltt&%anuB§ rd%i%@s ofl MdReriaflsQimBxagP! €,
a referencé to "an audio device" 1S a reference to one
eqoivatmt & hog @S@d!ﬂdd@@IIanlﬁy iba @Bfuijlast,h«eguapw @riesting loé theof
t he art..Siml arl for
el Pt i pios i deSipd e feng oo angd Rlsgpsao
fuh&ichal &fueVLRtEof RcRBRu@ireiOr € steps or means and nmay
i ncl ude sub-steps and subservi ent neans. All
1.6 &el ons used are to be understood |n the nost
I ncl usi ve sense possi bl e. Thus the word "or" shoul d
t: I
FIR? SBHI%}?E%Q&% an ?%at 0 IH%[ og| eﬂsgg gﬁiglﬂv éq%{re%?l time-
1num~iaas d_ Tlhdiscent-gxt fitleeaf drjené @xe&smplatx@s atdheemwit §E] is

ge, t hat construed to express
acs AT e [ ShL e sbrllitier ot ood unt ess t he
context clearly dictates otherw se. Unless defined

otshervii-s &, + fak ik -tlechni tatit afd +scifentiifa:gi t- & hs - usegdt -
herei n have the sane neanlngs as connnnly understood

widty SRt 08 Bros. Buflepeq nil ﬁaf&?'%fe@&ﬂﬁbﬁa%%fﬂwf

had @ &Bfred afladi@HsEiEd Bl Ier@ihe tElapadsirb@dan RFdrhO UeR-EMYain
met hods, techni ques, devices, or materials simlar or

bebavipyel lserueney daipe beeayirr).bed herein may be used in
the practice or testing of the present invention.

Tistdiffetencesudbst ahdyedambe exaited bg anompelse hdetist, @bk, ahege
a& refer.to functional equival ents of such structures.
UGS &Y&PWWew First, some background on |inear
time-invarient systerrs is helpful. Alinear,

timei nvariant (LTI) di sgretfel-tnrm:fl |ter of order N
with input Xx[k] and out] put } vl k} «its described by the
followi ng difference equation: where the coefficients

WhBSl theRlignal P{] is a%lﬁigd téthe s@stem-described b3Ne MoRe AITRFEESO
that the filter has the desired characteristics (where

equhigor, dronceidsis kagdwa am theampplse sesppise. bidivdl 1 apediblyown msult
frorg%gslfg eo%%%t Hlqulhgl\éé Qesﬁonse Elf dall(]; f er (fe%ele%gﬁrl%]:tgnzes the

excit e unc I on
bMﬂSﬁoN@LWEdlhﬁe@Ltﬁﬁ@ sﬁ}ém for any input signal. That is, if h[k] is known,
the output y[k] for an input signal x[k] can be obtained by an operation known as

convolution. Formally, given h[k] and x[k], the response y[k] can be computed as

T
a3 h - T 1 T ot
TH 5 Llnleik - nl
P pe E B
Rl

Some background on the z-transform is also helpful. The relationship between the
time-domain and the frequency-domain is given by a formula known as the z-
transform. The z-transform of a system described by the impulse response h[k] can be

defined as the function H(z) where



When the signal d [k] is applied to the system
descri bed by the above difference equation, the result

WO so0knnemms as the i npul se response, h[k]. It i SPEI/US2007/085919
wel | -known result fromsystemtheory that the inpul se
response h[ k] alone conpletely characterizes the

behavi or of a LTI disqnglgifﬁgﬁﬂaysten1for any i nput

signal. That is, if h[?T*1$ﬁkhoﬁn, the out put y[k] for
an input signal x[k] can bé obtained by an operation
nown as conval utiaon.. Formpl ly, given h[k nd x| k
anfira® feepeied Py velipsbrEbimtindingd edtre BE KyPBihe
vagiablehered orfct@ns fiRy wRil Srcdd HAnbEdRpIek plahBei.d ahatd @iSdiseribed
between the tine-domain and the frequency-domain is
bygthe egdlatinnshipf{ol=mll, avhkinsswltsas a tomplex vangfle that cafhlee described in
]aéﬁ}(ggﬁ&orn1of a system descri bed by the inpul se
response h[k] can be defined as the function H(z)
whereand z is a conplex variable with both real and
i magi nary parts? =% tHercbnglext vardabl€ is restricted
to the unit circle in the conplex plane (i.e., the

SdRIbRRAREE bh BRAdiRYfeit ind RuAk @sRrR ik dlso msluctivh alith 2
results is a cogﬁlex vari abl e that can be described in

desegghed|in faskighfean. shesreriicHae RGhe driernsiormHe thil Wt @rcke isjkpawn
f i t ' i £ ith z
o AR TS AN B KBl 01 e
z-transformto the unit circle is known as the
di screte-tinme Fouriquﬁﬁ§g§i?gﬁm(£ﬂFT) and is given by
A- .. O particular interest<i's how the system behaves
when it is excited by a sinusoid of a given frequency.
One of the nost significant results fromthe theory of
Of martigyanigiggest & homathe §y$HeB SPlpy cap@cRilgemicie Oy ariuspid of a
. C . Y .
e SUEALRARLE i T BB A0R LR R s
thad ssisaids iareus gintlurefiohhef siaheysiereq Tdisayieans Ghat chief sty rvgate
fromthe jnput only in anpli e and phase. |n fact,
refﬂ?éS%?ﬁ%ufyfﬁ%ya%@ Gift w{ss)l%ﬁélg(?@g ol A& 9) Eeiihen
frfubN&o OYdiABShd ROt bl oni$im&dpiifide bt SHa¥€Mn BYct/ the
[ .40 fJi]p " "jji whereand Finally, sone
st%gg—l;sﬁrt%ﬁlgggg g%s E]go‘ri‘e‘ﬂ?é CY1 {ERAPHAES iS5 968 in K (K] = sin(0
0k) is given by

e R Awind @k gl

where




significant because indicate that the steady-state
response of an LTI system when driven by a sinusoid is
wa2@snemei d of the same frequency, scal ed by tPer/usS2007/085919
magni tude of the DTFT at that frequency and offset in
time by the phase of the DIFT at that frequency. For
andp e pur poses of the present invention, what is of
concern is the anplitude of the_steady state response,
and that the DTFT provides:i$i:ftth the relative
nagnitude of output-to-input when the LTI systen1is
ven b si nusoi d. Because it known. t h
!}' SWBE%; @ﬂg@%&ﬁ WelF YNN8 nﬁggﬁ (g gations above are
si %rﬁﬁ&in@ BLdat: ﬁﬁlcﬁie'}HﬁQhéjs?tezﬁym@atg AUpbIRE o 8f PTRONdrh Yhen
heorem, the DIFT can givé the response for arbitrary
driviep bty a§urgnaidss a Qunabaid at itheshmg ficheerDySCakd dwshdumagninsle of

g RS chda Tl BRET uehaR Ot GHREHE a Mt
fréR@ndyN afod |thé?ﬁ§(§’sre§ oPfhe paWe UG ensiod Ndhat fo offcodbMB s the
frequenc ear at the systenls output. For this

amléat},(&ﬂpf t ‘héte@tl?FSTatf: sese@wﬁomd;;hktﬁbwTEE Hrh@dW\élﬁh e
reff'ﬁg? #%g@(u € 0%%8 %‘te lo- mg)ﬁt v@hgl 1111?%] (‘gﬂl 15P &r?&e%so A n%]illlSOl

es a exa ghal  proce
B@ﬁuﬂnﬂﬁhﬁﬂﬂh&ﬂﬁla@cmﬁdnmgsngmbm@yeah@@en@@hs@ﬁn&ﬁe
present invention. Referring nowto FIG 1, nethod 100

CW&M@@@ pHEsigy ﬁtww%é%npqsmaﬁhe@é@rﬁ) &g 1A EF s give the
se folr aiitrd %ﬁﬂ%‘ ggalf ! %ﬂﬁftatméh ld HeET gh e (gﬁgfefsystem

[ter 103, |rst Ssor secon
refpdntieto 4086 ge S%mpmicfrdqughm@ elith the p]toe pf th® ﬁi‘,laggitﬂd}:hbf(the DTFT

glg»allzer secog%» res§§% } and out e

ErEdp dstigHte ‘id@eaSWﬁ ¥ pla givgn {rgpucne HVA]I ppear at

m@%ﬁﬁ&ﬁ%bﬂ%uﬁﬁhﬁﬂﬁs&QQnﬂH%ﬂD?F?lﬁéanSM&kﬁ&@h@sﬁk&@ﬁbns
110, perform steps 101-109, and provi de out put audio

fregjugneyl regpolsas out put. In one embodi ment, digita
si gnal processing nmethod 100 is executabl e on a
2.¢dpjgubleSigeiiiPoocesuch as, without |imtation, a digita
signal processor, or DSP. In one enbodi nent, such a

thﬂﬁﬂmﬁMKben@ﬂanpﬁkﬁgﬂﬂs@nM@ﬁ@Eﬁsﬂ@dbﬁad@%ﬁd&ﬂOGﬁu&hdﬁgto
W thout |imtation, a radio, ¥ r, gane
Orsetea%hOéﬁne% of thegriessat inyentiop; &efﬂmng: 6% lﬁ@ E1G. lomeghash 140
in8d4LERS fOMHife te]%j,sn rgﬂl? ﬁ% EJ SRS WF st I%Qhélf‘hltgﬂ ﬂﬁahrst
processi ng ne e per or ne e au
high gfreddl filxeflOB glinst cqnsprossbplﬁét, sctohd dow sl Alneti 105 deeomkhigh
shleﬂ filter 106, graphic equalizer 107, second compressor 108, and output gain

adjustment 109.

In one embodiment, digital signal processing method 100 may take as input audio
signal 110, perform steps 101-109, and provide output audio signal 111 as output. In
one embodiment, digital signal processing method 100 is executable on a computer
chip, such as, without limitation, a digital signal processor, or DSP. In one
embodiment, such a chip may be one part of a larger audio device, such as, without
limitation, a radio, MP3 player, game station, cell phone, television, computer, or
public address system. In one such embodiment, digital signal processing method 100
may be performed on the audio signal before it is outputted from the audio device. In

one such embodiment, digital signal processing method 100 may be performed on the
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one such enbodi nent, digital signal processing nethod

100 may be perfornmed on theaudi o signal after it has
w@amsear4shr ough t he source sel ector, but bef orBCT/US2007/085919

passes through the volume control. In one enbodinent

0 be co |l eted in nunerica
rpoﬁgwjf@ﬁ%vtﬁwas@dé%ﬁ% fhgow}lweéﬂ?ctef Ili’ébe‘éPr&éPPaSF%
mﬁﬂ@hgﬁp@gwﬂgegmﬂﬁteps 101- 109 may excl usively be
performed, though in other enbodi nents, other steps

L

membadnnﬁﬂmﬂ;nmmﬁmhmnnﬂmeImbnébmmsmﬁmﬁtﬂﬁpsb@l$@)p@gd

In on 0 t ut gai n adj ust e t 101 OVIdeS
eXéiﬂJa ]S/r‘tzgcpegfg)ﬁrg t%?‘lggaﬂl ﬁﬂﬁ%ﬁelal;’%‘g Py f:rrpéegs beudi o
pe?fogrﬁécll askhOULE By Ghel @MRIAihOAT calh b st@ﬁsemnIO(}dthgﬂlr ba erformed

overflow at subsequent internal points in
thgagialotipr epdsdingtsrenhotmd@ef thmstmefnmmmdt each
of the low shelf filters 102, 105 is a filter t hat
Inhas embndimanglingaigainafdjBtradhtflOt padvideds ra&msneenbérﬁ@rm bﬁgaa‘n &

e treion e e he chine FSavency For. )
sub tb%{uéfﬁtqgtefﬂal f)&ﬁtshﬁlal Araf@bihl ?foc@s‘ﬂ% mé@BEgNdhng on

her the om#sheIV|ng filter is in boost or cut

In%%?%mbwl%&%?t hiF ef%/tthe AL §1?é115f1ﬁ$}9‘1¥’6% 10 %?Ftlterthgi!}ﬁs amominal

ustrates 't ect OW S
gaiinpl @dB idredl byqueneceathodiarentindfequbreyperesenhe corner
i nvent pur pose 0

Ref errj now t o G 2, th
freciAte 'Pm ﬁ@qwflﬁ%i?gg@ tbf‘ocqra%f\féeq&rﬂilcyofheﬁ% ShFlamgefH&rgés a
2 APONVEG [BE 4 GRINAR f@oﬁlrﬁ%&@@ﬂe BRAIHRS 1ML L RROSIduRhode,

or cutting all frequencies bel ow the corner frequency
regpecavdly.xidds mrsbown in H@B. Al so note that the 0 dB point
is slightly higher than the desired 1000 Hz. It is
FIQ; anﬂlmudtds ohesgféei Hiya Bow- mﬂl&ﬂﬂedr\bbmg 11&1'plehmteidrbytxuie node
have res onse that is at -3 Eﬁ% e _corner
T

C@&H@H %ﬂ&h@vantr%m%qﬁ%rw ﬁantP ihe BYBLYE Hrgdaw-
shbﬁfmcgol?l@ér 1é ﬁ)qea%lécahl (;friﬁé fr&lﬂﬁtn&@§ m%@éorﬁé}%&géw unaltered,

frequency is at - - nanel vy, B down from
WH®XMHﬁnm$omsnum§dbﬁeﬂwnab$b@bwnh@cmnmﬁbmmmuﬁdnnuﬁagl

for [ shel v ters | e to su ons
aniiig G S8ARE R B0k ieiin: MRy By RORGRES T
Hal aesitardlatd N}as#pé'& sy HfovRORHinOFiltetih o mbbetChtve AnekpoAQSthat
| ow shel vin Ilters are not the mrror_ inmages of one

is ghotdHeat, therﬁ@rgeli fseqyenet ihgipas hdawnbdviad filigr hebogganedsis
spQéﬁﬁE@ g%@rtﬁﬁ‘%{f%resﬁoq‘%gta{ e t:g%%ﬁfgé@%#@ fsgart] g 4 BROVAMeYS 3 aB
down from maximum boost. Indeed, all of the textbook formulae for creating shelving
filters lead to such responses. This leads to a certain amount of asymmetry, where for
almost all values of boost or cut G, the cut and boost low-shelving filters are not the
mirror images of one another. This is something that needed to be address by the

present invention, and required an innovative approach to the filters’ implementations.

Ignoring for now the asymmetry, the standard method for creating a low-shelving
filter is as the weighted sum of highpass and lowpass filters. For example, let’s
consider the case of a low-shelving filter in cut mode with a gain of -G dB and a

corner frequency of 1000 Hz. FIG. 3 shows a highpass filter with a 1000 cutoff
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I gnoring for now the asymmetry, the standard nethod

for creating a lowshelving filter is as the weighted
\Nammmmﬁmhighpass and | owpass filters. For exanptBUS2007/085919

let's consider the case of a |lowshelving filter in

cut node th a aln and a q C
frwea@o%ldﬂown% r %@kﬁscuaofﬂ i TGHRSY of 1y {tEiz \/%Fi‘el 0 b 1668
TieQfdd fa{eeéﬂfé@mh@s@(i!w@ filt@i‘%ﬁecﬁ i sreﬁEs Wok{‘hl@e @1 fshelving

frequency of 1000 Hz, scaled by -G dB. The aggregate
filefr i E1G.GX. Inn plesecet, Werd drktsems haptaltlpleﬁdon theseeprsss bodbks

gyt TS BRETPT PR UhePheosTaebrag, A iluRERS IHE®

lichft@ s, (i hd ERRRITRGRRSshBHn QUIO(I(H{ﬁaﬁi:Bth@fdeﬂfb@SG dBrof boost
cut. FIG 3 illustrates this limtation, with the

or QAT ARhel QRO u AN ARl Oub BRtht m)mﬁzsl T8 R B

boost “or cut not bei ng ac |eved until a partl cul ar
nofterdetd}aﬂeaiquf the blwlving 60ensizn thetpredeouindedmnriat Brbt-ohder skedlving

.of the .shel vi filter n the prese | ntion

ey ot g RSN Gty bRl R R Bk Yy S st

fudsmk |y be represented by a first-order rationa
transfer function: In sone enbodi nents, each of the
hi gh-shel f filters 103, 106 IS nothlng nore than the
mrror imge of a Iom#ahglv”ngﬁfl ter. That is, al
frequenci es bel ow t he ‘cor net fimeduency are | ef t
unnodi fi ed, whereas the frequenci es above the corner
frequency are boosted or cut by G dB. The sanme caveats

Inrséglﬁremh@élf%@é‘é P thmh!lghsﬁbﬁﬁﬁ tmys 18BplGp ip @omf more than the
mg'qu%ilr&%geséf\e/ 4 ]ngf—% eivu%f fllté:r %hatq ac} fgefgug&lesﬁpoeig]av {he co?ne%

npl enen

fréqtmencgfr €6 @it uirEnéd Merdaef[mmqmgna@smﬂos)e HeGortkr fiqddHQ
gh-shel vin filter is shown. FIG 5 illustrates
ar%how%ﬁm cat py @chfem SRS [SBYRAES Tegardingsfeeppgsp pig asymmetry
( d
arp PRI AL A NI D RESH RO B ER ERRGEl RO}
intphenaeabiydaroerdiesdifeht dtie prekine iesnt@orb Rdfeshgped todd6t 4, a

r t. at fixed centerfrequency, with Fl(z) centered
ngfgé“ggfmﬁVV@§§w6§ 8VBd at 16000 Hz, and the ot her
filters in between centered at rou th one-oct ave

FICh divsdiiales aperapPicAfarencpresposse of agetli iy dpelgmenied &y
métﬁoé If cgggﬁf{oe(q}eae&nﬁbgglqe%f th-ggb esfeh é@«%nt S A3 sﬂg% nl’?l:IG
0 or Y,

galn o requenci es a e an ow t he
J cactt @frthé se@queénaler fit@8AckHeyesa gl shapdd bBstB at at]aOﬁf):de

and a bell-sh resp egi on_aro 00
cepipriraiEnah é{‘ﬁ%‘aI%f(cgt‘l‘?Etef?‘f fap 11 V2 fiah s Qteld%@g . and the
otRrTlleBs RAAMRLREhtetdd®it ARhy dhel REHRMnteRals. Referring to FIG. 5,
a bell-shaped filter is shown centered at 1000 Hz. The filter has a nominal gain of 0

dB for frequencies above and below the center frequency, 1000 Hz, a gain of -G dB at
1000 Hz, and a bell-shaped response in the region around 1000 Hz.

The shape of the filter is characterized by a single parameter: the quality factor, Q.
The quality factor is defined as the ratio of the filter’s center frequency to its 3-dB
bandwidth, B, where the 3-dB bandwidth is illustrated as in the figure: the difference
in Hz between the two frequencies at which the filter’s response crosses the -3 dB

point.
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The quality factor is defined as the ratio of the
filter's center frequency to its 3-dB bandw dth, B,

wob@secube 3-dB bandwidth is illustrated as i nP@h®ES2007/085919
figure: the difference in Hz between the two

f encies at which the fiJter's r pons crosses the
FIC3 4 PaIHEN X &Pl &ran %%{%fg bémké%%ﬁﬁﬁ?oé GRADANG

erfUdRhEA QT (R BEHnPAQARROTIAGNE AoRNE P@?b@%&z{fﬁﬁtt e ahié?%OO

present invention. Referring nowto FIG ,
copejg@lof a@asca@f@i ok if stegepfecand-antea fiédrs blitk), Ef(Z)eI eEner) In

secqnd: er fii.l Z
org R B rasAete S o PN Rarh FG" LS FuRlg b o
grEﬂ}@eéﬂahk&GU@D' enmented as graphic equal i zer 600. Each
of the el even second-order filters in the present
EdcR\6E td é?@veﬁ%@cd?ﬁ &QéFQH%e?éjmftﬁ@B?eEé}ﬁ MeRBort 81 bd @REHRlErom
this one: 1 - : Using such an equati on
forraslas ﬂ@treﬁembﬂeﬂpsobfb em each of the five coefficients
above, {bo, I 1, b2, al a } depends directly on the
quality factor, Q and the, gal n,.;G-2This means that
for the filter to béitunapt —s, to have
variable Qand G all five Jdeffitients must be
reconputed in real-tinme. This can be problematic, as

UsiH¢ E‘uc%@n“e‘cih@tﬁdn%%l&% be ﬁ;%%leln)‘ cAANSURE £l D 8odTRERAY above,
avai |l abl e to perform graphic equalizer 107 and create

{horlmbbeas apf deprodssdiieedy de Itlae;quahtyf fadtot,,Q.veinil ¢l gagn, G. This

R ok P AP r D e A B0 B e Grg T B et LT

coeffRRMNRutMRAEY Bfutdli ﬁlrézﬂltlrﬁé gmled caRMRGesttemid, BSRichi S
used to inplenment the filters used in digital signal
capsudpdions porgd pesilveanson thymicsnare gyditable tapegormn graphiogqyalizer
ri £ ' the pne | .
IO\C?aand%}e%ﬁte Sﬁtrof) }11 g)r%g)ééeeg%l(/% g&%?{]%l ltiggscﬁgsaﬁnagée%gabllé’? This
prdslemmaﬁ%dvaﬁed he ukiightiedMatinR efaliaRealizqpi@gs filter
and a feedforward branch fromthe input. The

AlvBRORIpARGR r@§uht fidrf (heHbbry dﬁﬂdiéltabﬁgﬁmgré‘de% a (IS¥) i¢ hed to
or

ti me bei nfg pose that a second er transfer

infplavearnit ghe, filgry ylsedulg diggiahgenakplasawsinsmeod 4@ rithessyt states

ell.fi %t | l.j.t Sg
thgtaa n\%}dle ﬁ%ﬁ%ﬁ' eo(f Slﬁ]t%r% %ﬁ Sl@‘%l)a}lfli}]ﬁg c%nltésa rﬁé{’a% qﬂl} éﬁ/ 1&1?9 gﬁ)z{l IP%%C%E ng
meand beo)dah iba ddcdhypdsed as the weighted sum of an allpass filter and a
feedforward branch from the input. The importance of this result will become clear.
For the time being, suppose that a second-order transfer function, H(z), is being

implements to describes a bell filter centered at fc with quality factor Q and sampling

frequency Fs by
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.
&y e —
1 ban [ % ]

Yo F

« g RN A
Ry e o [V .‘g'x‘_l_i',{“:' };‘A\I

13-



I t iu ( - Jand transfer function, A(z) can be defined

by A(z) can be verified to be an allpass filter. This
wore@s®cd4bat t he anplitude of A(z) is constant POT/USI007/085919

frequencies, with only the phase changing as a

function of frequen can be used as a buil ding
aqﬁqﬁgjg C%Qbﬁ“%eW1%éﬁﬁﬁéﬂaPYlter. The follomﬁng very

i nportant result can be shown: / i --- {1 (.

1. -t - it ThlSll$wtﬁ€‘éMhX*@f the RAtra Regalla

realization. A bell filtér!with tukabfe gain can be

i npl emented to show the inclusion of the gain Gin a
A(V%ﬁ Edn ﬁé( riffé'dtto Wet¥n affﬁﬁs? fﬂtér %ls%ﬁédﬁ@ﬁ%@l tHeMnkifeadelof A(z) is

lustrates an exanple filter constructed using

cmlstentl\ﬂor alafreqtmyaies,avmlealhly 2lat phone avogmgiasg fuectonef frequency.

AGSBITCRRH % h o GaB BRE Db REL bR FOGE Tug afndtiht very

infpRRantnEHiltdadeFROLT . Referring to the above equation
remenber that every one of the a and b coeff|C|ents

needs to be re-conpute mheneveriG gets changed (i .

whenever one of t#e;graphi€¢i&EQ fslidei” is noved).

Although the calculations that need to be per f or med
for the a and b coefficients have not been shown, they

This & heFRyxob s M%“’aﬁég%lhaﬁ%ﬁl@é%%fu fh brjl falkter with winphie gain can be
|
rﬂﬁo&nént&f 1%%%1!)\5{th§/ %1?1&13 Gt ap 1ﬁ g%ma Vidr S%!hﬁft éﬁgh ghls 18
illqutedted iy HiGcT O\WhIQl ileahes ama;emqﬂé flhatdcommﬂrgct@ ussn @adhk dvhierel -
to_var Thi s what nekes the equation immedi ately
Reggbaeead a%"é‘p?é&‘?ridH@ 10 g0t PRBOFHH rBC AES REGHPR-ons
that A(z) does not. depend in any way on the gain, G
Theris e sty gaod Q‘S?’éﬁ@l f‘?fﬁ’@c@@ﬁ‘?sé% ﬁlﬁéﬁﬁ%w@ & NPBHHIHIVEINAEger.

SRy 0 FAORE O ULEE oo 19 el oo
neodd hﬁﬁ‘eﬁtotrmuhfl Wziﬁmpvﬁréﬁ gancleing@biputvirngetdiengal the graphic
ariable is gcc hed vary a couple of sjpple
é qr% 18@%0"63) fgﬁf e Ca%a éhag Peedvtelig? P§Ffﬁﬁ?f‘él £0F the a
anﬁ%@)‘éﬁ?&érﬁ@ﬁav@%t QéHnYShf)@Jﬁ Uink £af ePHRYFp1ef afeh Hn@%@hﬁﬁmng
his | eaves only the question of how to inplenent the

andl it papdy isn apsafcecalftcu reccbmpnt;e tigm )1 reahiimb. leweves,anewatal

| b
orpie FE HE SR i Fered R by G VR PEftowea v
vat s is SwHallaREERE 8Guaviod imbiedRWly Mdveao Be@lingd Notice from

realization:
the above equations that A(z) does not depend in any way on the gain, G and that if Q

and the center-frequency fc remain fixed (as they do in a graphic EQ filter), then k1

and k2 remain fixed regardless of G. Thus, these variables

only need to be computed once! Computing the gain variable is accomplished by

varying a couple of simple quantities in real time:

and
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It can be seen fromthat equation that the entire

graphi c equal i zer bank depends on a total of 22 fixed
weomBhéasent s that need to be cal cul ated only pOIESENT085919

stored in nenory. The "tuning" of the graphic

TIGHY g eIy simpIE AT s AN T aRBIeG] (0 LLgeTon T Bis
leves DRRARRL LG bMhoW ReIMIE M RROAN1a8s FERkIrZRtdRA, MA)
be uséd over and over in the inplenentation of the

whigh iscusonidwhae rivial saerctie giThakntgi grephiqerquelbss bagk thes hotbists

0. Mtra- aliais.also.useful in,inp]enenting,the.
ogaps FiTERS Aoh s BhRR 5 BTbart Y R BB R # e
regliRtivh:ng filters use first-order filter. The net

result is that a shelving filter is characterized by a
single allpass R'apsaneperl'i};'-z»:!ffaf'.@nd’f;:lfal‘:ttg&a‘ii;?p’ G As with

t he bel fiIteréﬁ‘fhe'sqefX%hg M%%%E;vare at fixed

corner frequenci'és '(in fact, atl’ 1em have 1 kHz as
their corner frequency):and the bandwidth is also
fixed. Al toldFifiourshekyiHgat.ittigrsGare conpl etel y
described sinply by / i i r . hd\ vuiidbk"” | Fij i >

hxt> . J.mi o (L As i th
1P Gl L o ot e sBE ST e B R SRR b et end G o
tofinet ¥i ned ddet@iehan hE b bk tALuIaEdRABSICEANY QoSN

when it is cutting. This is due, as discussed, to the
meyasiyghhe ewhmigq b theyimic efuptiear éheccaapliphodiborpsliysong thee

- i nt.,wWhe ' C Lng.. D Qi
i R 2 PS8k RS L R b
Thd Niztya-Reghlia3édjzatien will bhesediok€cindi oveg@sthe implameanabher the
and the sane holds for H2(z) and H4(z). This led to
vagiqus {jiers gpeddigib sigap! propesaing sagthed Migra-Regalig bpleq prgul
inIARLE| Pllpg e aming IR ik BRYGoh SrRTh R by TR HAR
fil&rs Udwl f&rst-grder fdlterf Thguweneyulr Bslpoaskelvmigkiews @aracterized by a

. i tude conplenentary. This structure.js upnique to.

S A5 BTy e 24O 3 Byt e PS5 b rrers

artBE MHENBLIER G GIcRls 3/ hQ, AEHF MBI Ve AMYIAdslih&F cdhd) 2
filter with conpl enmentary nmagni tude response. The

frdqunay) apil IeApndeidiiaislsp fixads Atltieldbfdur shaiving fitgrsmet  be
aﬁtigjp(Pr Hﬁggeqﬁgﬁable function of z, in which case
RS I GO e %Iy a mathematical curiosity and is
useless in practice. This is the case with a
conventi onal shelvizng-f i fite@r!, wuaiable &)

Haixd o Hoaed B, wariable &
Haizy o Hued B warialle
Haiad o fixed B variahle €5y

As discussed above, there is an asymmetry in the response of a conventional shelving
filter when the filter is boosting versus when it is cutting. This is due, as discussed, to
the design technique having different definitions for the 3-dB point when boosting
than when cutting. Digital signal processing method 100 relies on the filters H1(z)
and H3(z) being the mirror images of one another and the same holds for H2(z) and
H4(z). This led to the use of a special filter structure for the boosting shelving filters,
one that leads to perfect magnitude cancellation for H1,H3 and H2,H4, as shown in

Figure 8. This type of frequency response is known as magnitude complementary.
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The equati ons above show how to nake a bell filter
froman allpass filter. These equation applies equally
wowdos/os@sconst ructi ng a shelving filter begi nnPEmUSZ0DTI085919
a first-order allpass filter, A(z), where Al and ais

chosen such .that where fc is . the desired .corner
Thip SERFAHE ¥ WHENFS SPIEHRt ShitpY ThoNrecBe Ak HAY 2 SIRF yi ng
mhBEMARQY Ex G RBS e Nhnk SrIRF RN M W BmPIEthn&dn

be expressed as ti This is the equation for a
mhgnirudbredspomrsg. Thd filker H-(&) kinrinlyHeb HertglLfhut ey noabe keble or

. obtain hangi n he ter 1.- 06 to(G-.1))..

i BB Ol T g Beip Bion R mirBls{mb el

cufiokidy L8 ukOEssiiS pRIcAR]. aNBtil theRQSAWER alcbn edfibAdl RBelRing filter.
del ay-free | oop, which neans that it can not be

Thergsuatienstabev e shevelnw enmplghabelstibigrdrama pn aBpass net hods.
Fortunately, there are sonme recent results fromsystem
filtdnebirege eipetion hpmlidseaually Wetblcesmmntruatingjaghelivinaffler begigning

w th del ay-free loops., Fgntana and Karj al ai nen show
withPrd e ahbES RPREA BT A e |t oo

"sub-steps.” FIG 9 illustrates an exanple
nagnitude-conplenentary”mefshePf filter according to
one enbodi nent of the présent.- iznvention. Refer to FIG
9, during the first sub-step (| abeled "subsanple 1"),
fee ' with zero input and conpute its
m@ﬁﬁ%ﬁﬁé&%gﬁfﬁ%é ring this same subsanple, cal cul ate
the output y[k] using the value of 10[k], which from
the equation i medi at el y\labdVie=cdn be performed as
follows: It can be séen fTomEL& 9 that these two
cal cul ati ons correspond t "thé& case where the switches
are in the "subsanple 1" position. Next, the sw tches
wRrE fd RIQWstrOd b Ber 1§ il 1%'is BRSatipAR 3 i
thing left to do is ﬁ%§§?£ t he interngl %?gggﬁgf,fﬂg%ng
the¢ abavsreqpgtions amhresanangora/iernns, dnakarf b¢ ¢expressed asct ur e
results in perfect magnitude conplenentarity, 11. This
can be exploited for tmewpneseptginvqntion in the
fol | owi ng nannerrﬁmﬁeh—qyeiéh'1@};bﬁ{ﬁ1ters of digita
si gnal processing nethod 100 are in "cut" node, the
foll owi ng equati on can be used:
This is the equation for a low-shelving filter. (A high-shelving filter can be obtained

by changing the term (1 - G) to (G - 1)). Taking the inverse of H(z) results in the
following:

1 3

Hizi 1+ @il s 840

This equation is problematic because it contains a delay-free loop, which means that it
can not be implemented via conventional state-variable methods. Fortunately, there
are some recent results from system theory that show how to implement rational
functions with delay-free loops. Fontana and Karjalainen show that each step can be

“split” in time into two “sub-steps.”

FIG. 9 illustrates an example magnitude-complementary low-shelf filter according to
one embodiment of the present invention. Refer to FIG. 9, during the first sub-step

(labeled “subsample 17), feed filter A(z) with zero input and compute its output, 10[k].
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However, when the shelving filters of digital signa
processi ng nmethod 100 are in "boost" node, the

WO 200806454 equati on can be used with the sanme Pel/us2007/085919
G as used in "cut" nDde } GGGIT TTGIGG {" - } This
results in sEeIV|n és that[ﬁguSI erfec

Dyringgibls sgmesHOSH G, fﬂcu get ePURPE th@wafug %é{? »jwhich

f&ﬁ%ﬁﬁ&;%@& HhgbdidklySing0atkarPs fr2bd aTRIRGL: 100.
r(Note quJatlonll6§§gn beacﬁgﬁged toanake a hlgh-

shelving filter by chapgipg,the sign on the (1 - GQ/2

term. FIG 8 i ust rames| THeerfieetfof a

magni t ude- conpl enentary | ow shelf f||ter i mpl enment ed

by an enbodi nent of the-p éng: +Byentilo Each of the

conpressors 104, 108’ is a dynam c range conpressor
signed to alter the dynam c range of a signa

It F@Hlaf'cteﬁ@ froRel et thatdResidn celnglabipyrrarespqpddR t}teé%?éff Whetg
thtf L i @S LRAGE thE¥bs squibl€ PR, aPINelxts (ki tetﬂetﬁmo the
our quantities: tlne ‘Tat t e rel ease
“stlbsmmpleTI é]bqsittdmelntihh@slﬂy Itldng KTt to danel updhaee thattnternaf staterof the
brie he envel gpe aof the signal is tracked b
i g8t i arna o oed St Sfind B e B e ignal -
cohﬁﬂ@rhent@ﬂ?ellt hdis LAVE o pWiRATSESe ?f@eﬂthﬁ@e%'ﬂ@h ¢h thKfoHowmg
for a period of time equal to Tat t heconpr essor
mgaereayashe H@ltleg/ éltenafof tltgetalstlgltﬁé t)rctwssurt&mmapd d0¢ aggBn “cut”
ve KT e the envel ope of the
mgg ﬁ}%ﬁfgpéw S 683?% @ P4 ecg period equal to the
release time, Trel, the conpressor stops decreasing
the level. FIG 10 |Ilushrate81atstaQ|c transfer
characteristic (r@latl_ﬁﬁﬁqb bet we%n}output and i nput
|l evel s) of a conpressor inplenented i'n accordance to
one enbodi nent of the present invention. It is
Howster, uuludm/che sleleraftoe of ldgsel sighd @r@:teastililg:mtﬂhad df)@are in
9y r,acter. that the signal's |level, . L[k )
50 RS I® B g S Tob AR bt g mth B s Pt br blabhsed in
“cufshéuct i ve purposes, a one single static level, L
will be considered. If L is below the conpressor's
trigger threshold, KT , the conpressor does not hing
and al l ows the ergnal—thfﬂ@gﬁﬂuneﬁaﬁgedl I f, however,
L is greater than KT , the conpr essor attenuates t he
i nput signal by r dB f or Bvery, GB, byayhiich the level L
exceeds KT. It is instfuctive'to conS|dér an i nstance
where L is greater than KT, which neans that 20

THiO@is0lfdih shelthel fﬂgirﬁﬂlﬁﬂ'ére pbﬂec& ugifroRInddes bARE enothdieas per FIG.

excess qgailn, 1. t he anount in
8, which is what is needed for digital signal processing method 100. (Note: Equation

16 can be changed to make a high-shelving filter by changing the sign on the (1 - G)/2
term). FIG. § illustrates the effect of a magnitude-complementary low-shelf filter

implemented by an embodiment of the present invention.

Each of the compressors 104, 108 is a dynamic range compressor designed to alter the
dynamic range of a signal by reducing the ratio between the signal’s peak level and its
average level. A compressor is characterized by four quantities: the attack time, Tatt,
the release time, Trel, the threshold, K'T , and the ratio, r. In brief, the envelope of the
signal is tracked by an algorithm that gives a rough “outline” of the signal’s level.

Once that level surpasses the threshold, KT, for a period of time equal to Tatt, the
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dB by which the | evel exceeds the threshold, is: gexC

ess = 20 logio(L) - 20 logio(KT). As the conpressor
wa@tdosnemses the input by r dB for every dB of BXRDESH07/085919

gain, the gain reduction, gR can be expressed as grt

1 (1. i f 21 I Yt if. F that,.it fol
C%P%?SS%%&HW%H?*? I—]?éfelo%ftﬂwlg%aﬂ bﬁ’ﬁ]réeolrép&ﬁﬁ 3&@'&?%@ dé%'éﬁe KT.
ORY (RO e REHR(of )the—s@lﬁl Tall%Q)elo‘%gKQ(ﬂQ a P&jﬂﬁf edulllodRSii&Se time,

output-to-input relationship is satisfied. Conversion
Tref, thehdosnpeensat stops degrenkiag thelewdl, Flas laplqbcsgetd:s a@tattlhéransfer

AR ST Gy

RESAacadrgMiceth Bhd &nﬁ&hﬁl&m ST tRYprRsdie ARG |
estl mate of the signal's level. This is acconplished

It isrln?mfcﬁ'vé td/exsahﬁﬁ’é &Bkﬁ?fh‘é@fa@c%sfe@cﬂa%@rﬁgc Assume that the
integration” of the signal's absolute value is kept,
sigihé’s éevieh é.[k It énstant hiag heetnlﬁ@mebvwlconmutedt @gr aisedctive

det ermi ned e de ttack ti
PR it % 1581 L oP SR BghesT™ i OB 81 ¢ e
cOMRSRBILs HridioeothadsReldl BYe |the $oneprbRbEAE BB ehihEMRI alloys the
all owed to drop at a rate deternined Ig% t he rel ease
t

signapghroughsxhenged i haveveeldasecatar thag Kbt thegampraseer,
at{eﬁgatgsqtggtlip%] ilgﬁﬁq)ytrodﬂ(ﬁ)? QVGI/I'S' %‘ﬁk@p&zhlcﬁ € lgﬁlb e)JCLté(cis K'{?/I

t of, the .l | t
I RO S s R PR et b §ler RIS St s that
20t BE RENC! 20 t&gmmrﬁ dini duck-hikInstasicd i@adREsstaa) i KT the doitint in

i nput si is scal ed by an anpunt that is

dippy piichit g‘ﬁbﬂVe]t %C@frdé thbiasholdyisitikeh=t2Rdogie et 28 eeddd)-
Ag Hl% ?)Q]lg)?e%?(ﬁrl a?tEnuatEefs e‘[@é’ o?)h?f);}z 81% f(prr € & ch% 8P(§)1C6£ a%au’? th(? gain
re@ﬁctmtgmrmhlbeakpmdpul ation, \the f ol I ovv| ng

rel ationship between the input and the output of the

conpressor is establlshqd
ax T - l Hl' UL l!\Jl .! S22 ]tlg_zi..ffkplj!\!
£l

H

From that, it follows that that with the output of the compressor, y given by 20
logio(y) = gR * 20 logjo(x), that the desired output-to-input relationship is satisfied.

Conversion of this equation to the linear, as opposed to the logarithmic, domain yields

the following:

I T R e

Which is equivalent to:

R L STEER R AR NN SH e SELERRS N

The most important part of the compressor algorithm is determining a meaningful
estimate of the signal’s level. This is accomplished in a fairly straightforward way: a
running “integration” of the signal’s absolute value is kept, where the rate at which

the level is integrated is determined by the desired attack time. When the
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Wth the level L[k] as conputed in Equation 18, the
guantity Gexcess by is conputed as which represents

wo bmsaemsnt of excess gain. If the excess gai nPCBHUS®ET085919
than one, the input signal is not changed and passed

t hr ough he out put. | he event that the excess
INYARANCRRE kgkolghe Slgﬁﬁ&rwﬂw PEHSATER infsgraied lezsﬁp@le
1nﬁ‘%rated levél i al?oweld th ddoplatla Iﬂtré(heﬁe'i‘ﬁmeﬁﬁ)? th@fé%tas§hﬂl@ a@w‘eﬁ

sCal ed by GR and sent to the output: Through
B EREERIGse BPhEUL PR CRSE R Giely] 5%?03?2% Rl
Lkeisedivansbycr eat ed. I n practice, computing the inverse

KT 1 for the above equations can be time consuning, as

certain conpuf _Ghipsiare very bag at dIVf§an in

real - ti mBii As K& “gwgulm-adwangg aq -*oq!y
changes mhen he uSér ‘changés"it, a preiconputed table
of KT 1 values can be stored in nenory and used as
wheded. Sinmilarly, the exponentiation operation in the
above equation calculating GRis extrenely difficult
to performin real tinme, so prercgnputed values can be
used as an approxi mati‘en: SPagergyantity GRis only of
concern when Gexcess i s greater ‘'han unity, a list of,
say, 100 val ues of GR pre-conputed at integer val ues
andf GR fromGR = 1 to GR = 100 can be created for every
possi bl e value of ratio r. For non-integer values of

GR (alnost all of them, quan ity in the above

equation cal cul ati ng ‘GR® Cﬁﬁ?_ e Apgroxi mated in the

fO||0MAng way. Let interp be the amount by mhlch

1i eve{% ]Flomt &mgﬁ%gavel acra]ﬂa uFa 1?)5 %%td(aslcn{) Oggéﬁ’ve ﬁ]iki ]as COI{l%
copipRriooht BebsHaldUEE , anpif Lileaprealt efap XA iho mnpﬁaylghﬁlgem[k],

be used to conpute an approxi mati on of GR as fol |l ows:

is gaded by an ameynt fhat 5 propestiggal to the appaingpy whichdholsapl axgeeds

thé [Hf@sh\éﬁi e QbnsHR %f‘ﬂrobb‘&oﬂ&’lﬁ& Qg(é(ﬂﬁf {oQfe E&nfn%?so? Pag%er After

equat |
a great deal of mathematical manipulation, \the following relationship between the

input and the output of the compressor is established:

With the level L[k] as computed in Equation 18, the quantity Gexcess by is computed

as

which represents the amount of excess gain. If the excess gain is less than one, the
input signal is not changed and passed through to the output. In the event that the
excess gain exceeds one, the gain reduction, GR is computed by:

G (s '\‘_ = Lf"f‘“ﬁ;!l\]%

and then the input signal is scaled by GR and sent to the output:

rretpat i s O pelhl,
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can be shown to be insignificant for the purposes of
the present invention. Furthernore, the conputation of
wo bmsagpsoxi mate val ue of GR requires only a fROW/US2007/085919
arithmetic cycles and several reads from pre- conputed
t abl e I n one enbodi nent ables for six differ
Thyayafibisgirosesire an puipaFHETS MhptoIcTshiBgr s Boilfrel G very 1

dlﬁ%?é?e%egmﬁﬁé’l@%t ﬁtg&[l%qexben i®BREY- I n such an
enbodi nent, the entire nenory usage is only 600 words

t he
i TRER LB, SRR, THE IR BRLARADL R
comauﬁmgaxswettmnmhqmteat:hlpﬁ hee teryibad/aldigsioh ilGRabiimecb KT is
Thi s i ge of the present. invention

nt a

KRS GV RE S o0l TP PEHE (B Raees ' ghBie-compuied tabe
oﬂKfm@§§Janﬂ@hﬁﬂgiﬁggmﬁﬁyaﬂ?ukﬁmk@@&ﬁhﬁﬁmﬂﬁﬁ@Q&%ny one

a variety of potential architectures or realizations,
expandntigfiompparktidnais the above adentiohfcglcplating fsisgktremely dlfflcult

co exit ed of thro oefficient
oGBS K F iR ER R b PR SR st ST eppaprimatos,
Slﬁéﬁ'@fahﬁ@l GRAN&hICSF %ﬂc@ﬂﬁwhérﬂGéxc%@ﬁ@ iofdaGer @RERAMtYEN ist oF,

ﬂﬁhe architecture known as a direct-form

Saﬁ,r

vadies of 6Re ra-gqyeputed pENeLeraaluss of SEdromKeR pH) to GR =
l(f?)rc%ﬁ Ib'é %?ea%ﬁ%og\ﬁﬁerﬁp&lﬁ e{:ah?% %fgrr%ﬁl(): Lﬁi?)le glog L@Q%thvlaﬁi%s ﬂ@k

(ahlncﬁsf[ elrl eﬁﬂﬁnﬁ,qhaqmﬁmtﬁﬁﬁthé BBovieregnst@r caﬂamﬂmtnlgc@R ofin bhe
filter in question of the digital filters in
apgrQFinated &y &quuwlag é?‘éaéfr het lﬁ@fm‘af‘dthf aooaREbYWhigh (jsggess
I K filter will be
O R o R bover ¢ he
transfer function |nplenented in the second-order
filter is given by ™y = Gupds + ff]esk¥ -t i - which
corresponds to the difference equation FIG 1 1
th&RﬁQ@%&@%Hi@?aEFknﬁéﬁﬂé&ﬁﬁ&ﬂ&ﬁwﬁ&% a second- or der
ter according to one enmbodi ment of the present
|nvent|on As shown in FIG 11, the multiplier
coefficients in this $vltenﬂstruCTUre correspond to
the coefficients in the transfer function and in the
andl fference equation above. The bl ocks marked with the
synbol z-1 are delay registers, the outputs of which
are required at every step of the conputation. The
outputs of these redimsterd arestérmed state vari abl es
and nenDry is allocated for themin sonme enbodi ments

Llnear 1ntgrpo"fla‘uo§1I { atilerP 1% Ss%ﬁ% E‘&nﬂ% Iglr? %p[:)l'r%)glma-[lr(])% of P foﬂf)ws:

) e o T Feaey o T ST
oo o dnderp = (G — 5]

The error between the true value of GR and the approximation in the above equation
can be shown to be insignificant for the purposes of the present invention.
Furthermore, the computation of the approximate value of GR requires only a few
arithmetic cycles and several reads from pre-computed tables. In one embodiment,
tables for six different values of ratio, r, and for 100 integral points of Gexcess may be
stored in memory. In such an embodiment, the entire memory usage is only 600

words of memory, which can be much more palatable than the many hundred cycles

220-



the digital filter is conputed as follows: Initially,
every one of the state variables is set to zero. In

we@tdenemesrds, r J S G[ > Li At tinme k = 0 t hePCT/US2007/085919
foll owi ng conputation is done, according to Figure

11: Then, the re sters are then updated so t
of cagPutagn Hhaf pey dolif’ BEERSsaryp CAARHBREES Fefpe o oF Rl diruy

THiS B Sth&for ﬁ@srah g QYtHé[ﬂfesentziLV%th()l ds x[-1], the
reglster mar ke 1] holds y[0], and the

Ea{cﬁ%'f?}{ ecf %%rfﬁt%ps 19 u%{{ak s%nﬁ]pr&%gﬁﬁ’g }ﬁl[eﬂﬁothg‘tnﬁty' E{E?n}lf)_lq:me]nted

vvlng Corrp atron I's done
usirfg anfy?)nbl aivarietyiof pbtchtidlhechitetfuecsre geadizetionspeiah f wdich has its

B AR e PRS0 B o
stzn)?ll [?Sfl%é[ int Baﬁw{(ﬁgzﬁrﬁit&ﬁer%ﬁ{éﬁgal%néﬁh&‘raﬁoﬁkl IIh@L&@lflc]

, the register marked by y[k - 2] hold
erMiridsmentoc dgwld gchitesture bpeat eda dvent- faumd aglrigectiroof gipee 1

3 B S s 1B BB ARl et b S e By 2R Sl iRt

tht RASt FGvhidHisGRRBIadLorrdsPeiient O t8é Giffeddnct ehliRiohRgd the
operation can be viewed as a set of nmultiplications

traalﬁ&r aengtion ohthepiier b aredlion Adl fdbadipitpllaiary frofigital[signal

ilnpag IRAIREIE SRR % O 7

k - ) ] f est at
ik S Eer e G e Rl o8 SBR SR ey e
trafrﬂsfeﬁr RinclibRimplemshict il 82 sthdidtadlarpiadivéiby di ng- bl ock
of graphic equalizer 107 is hel pful. As discussed

above, the bell filter ig, gqplenented with a sanpling
frequency Fs, gain &ats T frequency fc, and
quality factor Q as where Afz) i'san al | pass fllter

ined b i ' ; where k | and k2

W@FﬁC%%‘FFBB@&%@%#?@“&%&‘J@IWa the equations ] t.HH (

-i - n f 4 and ‘
gkl s Il S Beih - L faell 20 - uile - L aanlh - 2L

FIG. 11 illustrates the DF1 architecture for a second-order filter according to one
embodiment of the present invention. As shown in FIG. 11, the multiplier
coefficients in this filter structure correspond to the coefficients in the transfer
function and in the difference equation above. The blocks marked with the symbol z-1
are delay registers, the outputs of which are required at every step of the computation.
The outputs of these registers are termed state variables and memory is allocated for
them in some embodiments of digital signal processing method 100. The output of

the digital filter is computed as follows:

Initially, every one of the state variables is set to zero. In other words,
A HIRRUINE SR S [P 1}

At time k = 0 the following computation is done, according to Figure 11:

TR T S SR N & SN WU e SRV T I S
G HE R HINES fg]:_l;:§‘~a|.j -+ ﬁ:ﬁ,.:;‘.:g_»»»:ig R I A T A N
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, 0Cb 2r ; F. )The values k | and k2 are
pre-conputed and stored in a table in nmenory. To

wo ket a filter for specific values of Q apdi/i82007/085919
the correspondi ng values of k | and k2 are | ooked up

n this table. Since there are el even ci fic val ues
?ﬂ@%&%aﬁ tbeh ug%é%fr avé? E@é“"d‘fm@ﬁ?qibif ﬁ@“ 1] now holds
x[@] g&rﬂegﬁ@ nﬁﬂé&dtﬂiﬁx[f(' |2'] ﬁBw%I%fs @J{ qz tAd re%ls‘éérrﬂﬂdrﬁed by y[k - 1
sanpl i ng frequency, Fs, and 2 depends on bot%

h@@&WK@zm@éﬁnvg$@rHMdmdﬁagékréhhﬂd%ﬂbhﬁs for the ki and
k2 coefficient set is quite small ( 1 1 16 2 words at

Awimns k)= 1 Bedell weing comptifagoe gulheon above for A(z) that
its coefficients are symetric. That is, the equations
can be re-wiffen;as: mhpne and _Qoserve. Lhatlﬁ(z) as
given in the above equat i on |an|es the difference

The%u&ntglrggrist\ﬁr l!lpdjeb_ljs I’lé%m .(:(.)élptl\'t]ed, 50 tﬁ% br_e'(_ag{s ar La%ée%goaz ’%;[gf Il(]:

n(ﬁsﬂb&lds REMtthe fdgﬁt@trﬂdrﬁedf@y k[ikb| BhoWeoldex| 81, ticedgister marked by
arrays xv}h and y w th xv[ 0] corre;gog?lng to x[k -

ylkt 11 Reldp y oafﬁdé%f%éﬁ“ﬁ@n%fbe@dka[k Al ho
corresponding to y[k - 2] and yv[I] corresponding to_
Tl}lﬁ Rroceds is thee merteh@dfoabn i avgr o aB-isaninspletA mﬁwll@mﬂt[k

er lu%e lazntéafe’quu(%futty % al l al?]ttsa)clijtanld;t e st%t\e/gfl d bef %%g ?1[3) ac‘g% pu t

Inﬁeﬂef?‘é?lqéﬁvth%]dlépai@ t?r]ﬂ)fg M%@Pé:%&@mmdﬂs ﬁaaf]t \ipdat &
m¥NipAtatony ¥hd dddi¥RIREEY b a Fata @Méd%’k 0] V%[IPF ai#8, } NQMing

the | oop nmust be incorporated around ass
the cpafEeicals bpebl.bRealegdand 61¢§t2é¢)wabl€ﬁm[ls ik Xﬂﬁ i #ll L], ylk
_ﬁealized by the foll ow ng:

The manifestation of this in specific situations is instructive. Examination of the bell
filter that constitutes the fundamental building-block of graphic equalizer 107 is
helpful. As discussed above, the bell filter is implemented with a sampling frequency

Fs, gain G at a center frequency fc, and quality factor Q as

izl =1 + &)+ =1 ~ &3

where A(z) is an allpass filter defined by

3 N E N
I S T A S S B

1ot B (b g

and



void bell(float *xv, float *yv, float gain, float
*Input, float *output) { allpass(xv, yv, input,
W@MOBAOB’MM*OUt put = 0.5 * (1.0-gain) * (*out pupQT/BSHNH085919
(1. O+gai n) (*input); } Mre concisely, the

reyi code sni ppets can be conhined into
T}% Wér s K it Rkaars Wﬁtcomaﬁwé apfl Rorgching: ARG IHMEROFY fi0at
imptmerdt aq’ﬁtter fdf\é pedifiOM1uai) aﬁd Rathe cbﬁgéﬂondfng%fues of k1 and

out put) | oat ap_out put geg_b g * (*Input -
k%/arp @qoyedr ug gqthm table( qupet yhere arg [e]e}/gn spegﬁ{c@ﬂalwv pf)jc and sixteen

A d 0 |
sp%ba &?léle%s? (ﬁ]lr? th)é%%ql aWE(a g.}tgr pé%{ t a[sn‘!ﬁlq\ssa}(nl;hn]g
fréghefeyg &b, hd HonBPkD&HRHLs dn BbtR ¢ addlQOthe kel stdrideput ) ;

The first-order filter will now be exan1ned I n
reg@ireanents fon diekrandika P%efE%?Ptﬁét goyde small (by> dhe 3 werdsrér
Wé@gftlon whi ch corresponds to the difference equation

12 illustrates the DFl architecture for a
Obdefgt fr&ﬁ@l’?‘erecfuhﬁ&?ﬁb(ﬁr@ GO AliNhat As ONEHEERQ Qferg'?/ﬁ{mé?f‘lc U is,
present invention. Ref erring nowto FIG 12,

thﬁﬂdlltaltlpm em pgefviigdneast s in this filter struct ur e
correspond in a clear way to the coefficients in the
transfer functlon and J4-A.the wdi-f'f.er.gnoe equation. The
out put of the dIgITaT]TILL%ﬁ s Gonputed as fol | ows:
Initially, every one of the state variables is set to
ﬁer In other words, .?r <v At time k =0 the

W Iomnng conput ati on is done, according to Figure
11: Then, the registers are then updated so that the
regi ster marked by x[k -#}nod hol ds

and

gl s il ek

Observe that A(z) as given in the above equation implies the difference equation
will s geg el & geg dlelh - 11+ ik - 30 - peg Blagil - 17 - geq Mgl - 2L

which can be rearranged to yield

T3

il e g B0 (e dlel ol - 20 geao WL Gl 1 - il - 1 e - B

In a specific embodiment, the state variables may be stored in arrays xv[] and yv[]
with xv[0] corresponding to x[k - 2], xv[1] corresponding to x[k - 1], yv[0]
corresponding to y[k - 2] and yv[1] corresponding to y[k -1]. Then the following

code-snippet implements a single step of the allpass filter:

void allpass(float *xv, float *yv, float *input, float *output)

{
*output = geq_b0 * (*input - yv[0]) + geq_bl * (xv[1] - yv[1]) + xv[0]
xv[0] =xv[1]; \ update
xv[1] = *input; \\ update
yv[0] = yv[1]; \update
yv[1] = *output; \update
}
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x[0], and the register marked by y[k - 1] holds y[O].

At time k =1 the follow ng conputation is done: |i J
W32008/0674541 Mill 1) 1 Then, the register updaP@r/Us2007/085919

agai n conpl eted so that the regi ster marked by x[k -

1] now hol ds, x and the re er rked b -
Nr]%srﬂaf‘slow rust By gé@P@{f@sagorlgd ﬁé 358 a&aédﬁesﬁereglaﬁbons
ab%V@rT}ﬁ@irs @1y AR Sy e fol'ﬁ‘)vﬂﬁgv input, x[Kk], is

brought in, a new output y[k] Ts conputed, and the

03& B‘Elﬁﬂgﬁﬁﬁ@?h&ﬁ { Qﬁleﬁoat I*ﬂl ?rﬂ%raﬁj“o éﬁlﬁ?n the

erin opergtl on can be viewed as a set of
lt'%la% %‘% |ygns atnd ad |t| ons perfornmed on a data
stre t he coffrcrents
oL ks hisabb 3 ey gt Sk Bp kP B
Referring back to the equations above, a first- order
shelving filter can be created by applying the
Meruaniigely; thg previious2wo-code snippets dve bieicogtbinpddeto aglinglagsitine
thtllotkerh%( , Where 1 i where ais chosen such that ft |,
i ?S)lﬁ_ ere fc is the desired corner frequency and

:%@B@gﬂtegt?*ﬁggﬂgl 80 B e dosb Bt 17

al | pass coeffrcrent ais referred to as aIIpass coef
and {9 ap syt sreceebhi CHpeutr@akHanged, the above
equat ponbbedanEd Thivld dt k¥l ence equati on corresponds
to axvdodexviipl\enmhteati on of a shelving filter that is
det ab[ ejd= biipow\ Updetespeci fic sof tware inpl enentation
of dhgott-akvai gn@hat@r ocessing nmethod 100 will now be
det aj| e]d_*(lﬂﬁ 4 adj ustment 101 and out put gain

adj | d vV b
}accon'plﬁﬁghed b)gl ufgla |)z*|bdl 0‘%9“80Snﬁao1 %Cft?ﬁ)oﬁf‘mput),

i npl emrented as foll ows:
The first-order filter will now be examined in detail. These filters can be described by

the transfer function

which corresponds to the difference equation

wh] = foelBl e byl - 1 alh - 10
FIG. 12 illustrates the DF1 architecture for a first-order filter according to one
embodiment of the present invention. Referring now to FIG. 12, the multiplier
coefficients in this filter structure correspond in a clear way to the coefficients in the

transfer function and in the difference equation. The output of the digital filter is

computed as follows:

Initially, every one of the state variables is set to zero. In other words,

At time k = 0 the following computation is done, according to Figure 11:

N TIPS T B NSNS ST B SR
USRI HES S T S IR (1
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voi d scal e(gain, float *input, float *output) { for (i
= 0; I < NSAMPLES; i++) { *output++ = inputGin *

W@ 200806m454) ; } } First low shelf filter 102 anPCHESINT085919
| ow shel f filter 105, described above, nay both be
acconpli.shed by utili zj a "l ow, shel f

Th%pﬁ%s tiei A heB PR SRy E%I%ﬂmrm ow holds

tori £ fl oat *output) {
X[Pl gg? th1eyr 3%1%{& ?@kedw ik Ilgl%lds WOKISAI\/PLES i++) { if

A§ %%ZJl&wQBﬁawyﬁgﬁmﬁgggeng Egonventlonal real i zation

pass_coe = ap_coef (*input) +
(ap_coef * ap_coef - 1 O){1 QJ;ﬁq- [0] = ap_coef *
xv[0] + *input; *output ¥+ g% PéLO + mpt[O]) *
(*input++) + (1.0 - wot[O0]) * yv[0]); } else Woost

Thendée reg geisyeloieab agaalcompletedrsof{thdtthq mpisto efarkeddyy xlbefl]

- 1. * XV ;o *output = wet 1], * ((*input++) - 0.5 *
e gty et AGeBp Y8y i S0 B0 o7
Thlg gﬁoegststs fhell rgpeated over and over for all instants k: A new input, x[k], 1

brought in, a new output y[k] is computed, and the state variables are updated.

In general, then, the digital filtering operation can be viewed as a set of
multiplications and additions performed on a data stream x[0], x[1], x[2], . . . using

the coefficients b0, b1, al and the state variables x[k - 1], y[k - 1].
Referring back to the equations above, a first-order shelving filter can be created by
applying the equation

“d“‘h%ﬁﬁkﬁhhmfw“
I N A A

to the first-order allpass filter A(z), where

where o 1s chosen such that

where fc is the desired corner frequency and Fs is the sampling frequency. The allpass

filter A(z) above corresponds to the difference equation
k) w onnid] il - 1 ok~ 1L

If allpass coefficient a. is referred to as allpass coef and the equation terms are

rearranged, the above equation becomes

k] w alipass_cos Fleib - ull - 10 - 2~ 1
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} As this function is sonewhat conplicated, a detailed

explanation of it is proper. First, the function
walewBaéAss on provi des: void | ow shel f(float *xrCT/UEmat/085919

*yv, float *wpt, float *input, float *output) The "I ow

shelf ' function takes as paraneters paint
Thy ﬁlrféreéﬁ? CHYBRPICAGE BN oat 145 gnp}?ﬁ@ﬂ%ﬂ?lay l%ﬁtl‘aﬂa f';Yier that
]Sggﬁhgigﬂgae "x" and "y" state variables for the

l'ter. Because the shelving filters are al
r r .

Olféén{p)%gfg sgg?]valfe 1 ?ern‘?en_fei‘]tg)ﬁl eo% téi?%ﬁé%"l %péc%ﬁﬁﬁé’ 121%%10&}/190 will
ncst bt éetwidad. abl es for each shel ving f||terused in

digital signal processing nmethod 100. The next array
Inpsegin &djbfigear I0aYan@loufpul t&h adpefidne il@‘]]tdﬁs ribd abdveainay both

pertain to the particul ar_ shel vin Iter mpt is of
bq SRYNAlitheH by utlwﬁl@g@ Brde” SuBGHMY @&6"@? MB. and

wpt LZ] describe the following: it : \\A : |( 1. 4-
?%d%?%gqnﬁﬁn“mmﬁﬂ%“?mwmi [ i’ In|] cuttlng, 1 xvli'ii

buo- he aIIpass coefficient and Gis the

she“Vﬁhgoflﬁgésbg% ‘h The val ue of ais the same for

al | %helm%mgmj | L L6liS.iPeGRayseni t i1s determ ned solely

by tjhe corner frequency (It shoul d be noted that and
yall four of the shelving filters in digital signa

processi ng net hod 100 have a corner frequency of 1

Fikdtizgw shidnesilvel 102 afd sésohs 1 ﬁ}feq:frfeltﬁr 1’0@ I det@ttiedabotd)embPbsth
sheIV|n§ﬁéilters. The arra¥ "input" is a block of

bej aspompLsieg be stiHFRE agiew fshel a@npmﬂmpl@n@a@ﬁ ag fljayysag
filter, and the results of the fllterln% operation are
voilleyy- glrlfiqat e floay fitvpipet “wap fleny *inpph don&Pibwo | i nes of
{ code float 1; int i allocate space for a |oop
couﬁh@r variable, i, and an auxiliary quantity, 1,
q@rgsOQnggH@ﬂh;gmolo[k] fromFIG 9. The next line
of code, for i < NSAMPLES ; i ++) perforns

the code it Rall ]f<Qid) QW& mddd @Eaénv@lﬁodaﬁém@,tﬁs times, where
NSAMPLES {\sallpass_coef = alpha
yv[0] = ap_coef * (*input) + (ap_coef * ap_coef - 1.0) * xv[0];
xv[0] = ap_coef * xv[0] + *input;
*output++ = 0.5 * ((1.0 + wpt[0]) * (Finput++) + (1.0 - wpt[0]) * yv[0]);
}

else \\ boost mode, use special realization

{
1 = (ap_coef * ap_coef - 1.0) * xv[0];
*output = wpt[1] * ((*input++) - 0.5 * (1.0 - wpt[0]) * D);
xv[0] = ap_coef * xv[0] + *output++;

As this function is somewhat complicated, a detailed explanation of it is proper. First,

the function declaration provides:

void low_shelf(float *xv, float *yv, float *wpt, float *input, float *output)

The “low_shelf” function takes as parameters pointers to five different floating-point

‘( 3

arrays. The arrays xv and yv contain the and “y” state variables for the filter.

Because the shelving filters are all first-order filters, the state-variable arrays are only

‘( 3

of length one. There are distinct and “y” state variables for each shelving filter
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the length of the block of data used in digital signal

processi ng nmethod 100. This is followed by the
weondiosisenal test i f (wpt [2] <0.0) and, recarPdT/nsonesso19

equations di scussed above, wpt[2] < O corresponds to a

wSd it ssspbise v ean e vk Eﬁl? PTG oy RS a0 Ty of e
coeTROSH:s IR ehat bgrtatlﬂ & &l %Iaﬁicﬁgtr gﬂlél‘&lﬁ% filSr. 'vﬂ)ﬁ ]%Uif 18&?&% S[hree,

the foIIovm ng code is perforned
wnmcﬂﬁnﬂ®Usﬁos@ﬂ@bnm@ﬁiumdaﬂn@édﬂwméeﬂ@nbﬂowﬁmzaII pass

c f = alpha g v][O] = ar_coef * ( *input) + (ap.co f
* ar_coaf - 1" * X][G]!HéO]\ .ap.coef + [Q +

*InDUt ; Tout plﬁ; += illl%Ul’(tl éx‘«’]'[fll'lQ!hllly\pt [q ) * C
Lnput+O + G .0 - pt [(j yv 0] | >The val ue xv[O0]

al{?%lﬁiﬂ@%éswaﬁie%ﬁ@é G a {kalﬁﬂtw@n%? IP%HfQ' g the

sahi@%bﬁﬂl" Hel QRS fifferk fbeédﬁ@e ﬁhﬁﬁé{éﬁgnéd 40t1§§/ b%r $hd OdrdtliredBERYy (it
the followng code is perforned: ->Ise\ \ t ¢c st dau

sheplddoeirmtedrthat] anid aﬂ fpur of 1he:slpl\ongfﬂters an d]glt@l sagnal procyssing

m'l;tllO(F IQ(? F}&J a)coilier fre\(}utfréy of 1. zg nﬂszvalue[ (&G ]|_s (g%éﬁ]ieBU{% gac% of

th&\mlﬁighémﬂagen@ms the equations o .'
- OM, , First high shelf fllter 103 and

T}feeﬁfa@zd nﬁiughls%nﬁocfk 4t dlﬁblﬁ rsarillgl@s ﬂfé@%rfwssdmgﬁm %acHrﬁﬁélvmg
bot h"be "acconpl i shed by utilizing a "hig

filfaurandi therresititpd fshe fittenn agpefaldngus stoxediin the © output array.
hi gh_shel f (fl oat *xv, float *yv, float *wpt, float *
Thenput twd lisatof oodeput ) { float |

float 1;
imt i

allocate space for a loop counter variable, i, and an auxiliary quantity, 1, which is the

quantity 10[k] from FIG. 9.
The next line of code,
for {1 = 0; 1 < NEAMFLES; i++)

performs the code that follows a total of NSAMPLES times, where NSAMPLES is
the length of the block of data used in digital signal processing method 100.

This is followed by the conditional test

if (wptl2] < 0.0)

and, recalling the equations discussed above, wpt[2] < 0 corresponds to a shelving
filter that is in “cut” mode, whereas wpt[2] >= 0 corresponds to a shelving filter that is

in “boost” mode. If the shelving filter is in cut mode the following code is performed:

if {wpt[2] < Q.83 %\ cnt meds, use convsnticnal realizaticn
{ Y% allpass_cosf = alpha
yv[Q] = ap_coef * {+#input} + {ap_ceef + ap_coef - 1.0} # xv[0];
w 0] = ap_coef & xv[0] + +input;
soutput++ = 2.5 * {{1.0 + spt[F]) *+ (+inpot++d + (1.3 - wpt (0]} & ww(0]l);
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int i , for (i =0, i < NSAWPLES, i++) { if (wpt[2] <

0 0) Wut node, use conventional realization, { \\
wa@bkdopasmscoef = al pha yv[0] = all pass_coef *  (PCT/IIR20D)/085919

+ (all pass_coef * allpass_coef - 1 0) XV[Q, xv[0] =

al | pass_coef [ ++ =0 (10 +
ity gl F gl e Srf varig e X%ﬁ?fﬁy‘%%peﬁtw@- biegpie
aﬂ@b@ﬁﬁ%eﬁﬂ%%% nﬂﬁéhéﬂ%&&h@ktﬁé%ﬂuhﬁéﬁﬁ on I =

(al I pass_coef * all pass_coef 1 0) * xv[ 0], output

wpt[1] ((* inputss) + Q'8 1.0 1 wpt[0]) 1), xv[0]

al | pass_coef * xuf 0] .+ *out.p. 17171 1 npl enent i ng

t he hi gh- sheIV|ng;f|Iter_m3~ _a1lM ne, di.fiferent than

i mpl ementing the Iom#sheIV|ng filter. Conparing the

two functions above, the only substantivedifference is

in the sign of a single coefficient. Therefore, the

1r fie R 11? 1é ﬁq duf Sl%‘d%?}?é foll&rﬁ*gb'oﬁe %3%’0%&[ 107,

ted using a series of

eIeveq_gaII "quIﬂafllte function, inplenmented
as fohfoms v0|dm5 I? f oé?l x%l %Ioat *yv, float
wpt, float ApRpyts of | L,Q-.at- feutputn;{ float geq_gain =
wpt [ 0] ; Wautguoat wpgag_ oo mpipt] F o= \MZ f | eptrogeqrl =
wot [ 2] ; VHKID§H +keR)cost + xwl0] + soutputes+;
}

which implements the equations

First high shelf filter 103 and second high shelf filter 106, described above, may both

be accomplished by utilizing a “high_shelf” function, implemented as follows:
void high_shelf(float *xv, float *yv, float *wpt, float *input, float *output)

float I;
inti;
for (i=0;i < NSAMPLES; i++)

if (wpt[2] < 0.0) \\ cut mode, use conventional realization,
{\\allpass_coef = alpha
yv[0] = allpass_coef * (*input) + (allpass_coef * allpass_coef- 1.0) *
xv[0];
xv[0] = allpass_coef * xv[0] + *input;
*output++ = 0.5 * ((1.0 + wpt[0]) * (*input++) - (1.0 - wpt[0]) * yv[0]);

else \\ boost mode, use special realization

{
| = (allpass_coef * allpass_coef - 1.0) * xv[0];
*output = wpt[1] * (("input++) + 0.5 * (1.0 - wpt[0]) * I);
xv[0] = allpass_coef * xv[0] + *output++;

Implementing the high-shelving filter is really no different than implementing the

low-shelving filter. Comparing the two functions above, the only substantive
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float ap_output; int i; for (i
{ ap_output = geq_bg * (*input yv[0]) + geq_ bl *
WQXMBAO§7454 yv[Il]) + xv[O]; xv[O] xv[I1]; Wipdaper/xsiohi/ 085919
= *input; Wipdate yv[0] = yv[I]; V\ﬂpdate yv[I] =
*out ut ;. Wipdate *out ut++ =
dlgﬁreg lﬁe‘]% the segnsof*a i ggﬂi‘éflﬂfnt* Tg“ﬁ?&%ﬁh& roggan} ﬂemfés
idbMpgtion bell () takes as argunents pointers to arrays
Xxv (the "x" state variables), yv (the "y" state
Gfﬁgﬁlc%g{lgfz)ser é(\f’p tdﬁgc a%% Ql&(f\%f EE% B? 1&1@%161}3!?{6 ?Lﬁgﬁgs 5FQeven
caﬁatrpzh g1l iffifeu functiamdmal gpdchced as dolbdvay: e the out put
sanples. The first four statements in the above code
vadb@pabatarxe, Sodaplye, Bss FgpIERh Shadieeatsugpad need no
{ expl anation. The for |oop is executed NSAMPLES ti nes,
wherf@aNSAMRL ESpi(§; \tthe size of the block of input data.
The fivateeq 49 atveti@ntk2does the fol | owi ng: ap. oui put =
gsq_{paipead{ = MR KI(yR2)[ 0] ) + geq_bl W[I] - yv[I] )
+ S\_/‘T"e‘]apqcf"l@“tabove statenent conputes the output of the

al | p‘fﬁé’s {) é@%@?#j ribed above. The next four

st at ovmng VIQ V[ I ] shifts the
val ue st Qali)e&ilt 'utn- []K)O'* (*:l'llputt 9\1 Kgé gl] * (xy[li]l -]yvl'_l' )’_"_ix(‘,][@}:lt :
shifts t h@oyalxm Ohpdh@put [ K { X[k ][
yv[ 1] shi f;lvg]Llﬂaﬁplya\ldg&testor ed inylk - 1] to y[k - 2].
yv[0] = yv[1]; \update
yv[1] = *output; \\update
*output++ = 0.5 * (1.0-gain) * ap_output + 0.5 * (1.04gain) * (*input++);

0; I < NSAMPLES; i ++)

}

e,

The function bell() takes as arguments pointers to arrays xv (the “x” state variables),

e .9

yv (the “y” state variables), wpt (which contains the three graphic EQ parameters G,

k2, and k1(1+k2)), a block of input samples “input”, and a place to store the output
samples. The first four statements in the above code snippet are simple assignment

statements and need no explanation.

The for loop 1s executed NSAMPLES times, where NSAMPLES is the size of the

block of input data. The next statement does the following:

dp_cutput = gedg b9 & (sinput - ye[8]d
+ geg_bl + {xv[1] - yvll1ly + xv[Q]

The above statement computes the output of the allpass filter as described above. The

next four statements do the following:

ww[2] = xvli];
shifts the value stored in x[k - 1] to x[k - 2].

zv[1] = *input;
shifts the value of input[k] to x[k - 1].

we[E] = yelil;
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[I] = *output ; shifts the value of output[k], the
output of the allpass filter, to y[k - I]. Finally,

wo besoet4put of the beII filter i s conputed a BCT/US2007/085919
*0||tp||t++ =0 .5* . -gain) * apuput +0. *

hYbRATe ﬁ%Feéisédﬂ?lg]eto ﬁ%sef | bed above, may be

inplenented using a n@ressor function, inplenented
as follows: void conpr@&<dbr(fIr'eat: *i nput, fl oat
*out put, float *wpt, int index) { static float |evel;
shiftO@t valat of @utpﬁilﬁg], Q?é&ﬁﬁ;ﬁﬁ;a'f the allpads Mk, b yROPADS; 1 nvT
=wt[2] ; int ij; for (i 0; I < NSAMPLES; i ++) {
Flﬁﬁlmtputfoﬁﬁ&(beﬂlrfﬂt& Ts"'c)o,mﬂu@éﬁeis = (ftenpabs >=
Ievel)9 wpt [ O] (level - ftenpabs) + ftenpabs :

WptiLidehuth- Cleg¥ 8l (1m0 H@W%@&)@’ﬁt fit *eﬁpzahss%g,g’% = LQpudby;
(Ieve *invT > 1.0) { excessGin = level *invT;

Fl{st Egm ?s gég&&&econicémﬁre s(o?)fgg %@g& ab&ve m(ay b%)

mtpaéih@{wm@beng 1§ dorﬂprbd@bﬁ’rmnéﬁom mlqilabemd@xg follltlnk: -
table[index] [j]); // table[][] is the exponentiation

vdi@BbBpressor(float *input, float *output, float *wpt, int index)
{
static float level;
float interp, GR, excessGain, L, invT, ftempabs;
invT = wpt[2];
int1i, j;
for i=0;1<NSAMPLES;i++)
{
ftempabs = fabs(*input++);
level = (ftempabs >= level)? wpt[0] * (level - ftempabs) +
ftempabs : wpt[1] * (level - ftempabs) + ftempabs;

GR =1.0;
if (level * invT > 1.0)
{

excessGain = level *inv'T;

interp = excess(Gain - trunc(excessGain);

J = (int) trunc(excessGain) - 1;

if  <99)

{
GR = table[index][j] + interp * (table[index][j+1] -
table[index][j]);
// table[][] is the exponentiation table

GR = table[index][99];
}
}

*output++ = *input++ * GR;
}
}

The compressor function takes as input arguments pointers to input, output, and wpt
arrays and an integer, index. The input and output arrays are used for the blocks of

input and output data, respectively. The first line of code,

static flzat lavsl;
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} else { GR =table[index][99]; } } *output++ =
*Input++ * GR; } } The conpressor function takes as
WO ppebheRFgUNENt S pointers to input, output, anPCTYP$E2007/085919
arrays and an i nteger, index The i nput and out put
rrays are used for_the blog of .input and ou
alfgspc S HeEes ayVah*Flfé‘HFﬁk rl§Y Pihiehghalgtie the foufiged signal
letél %@@W%ﬁlchlwtt%fﬁkl%ﬂ ThiiQ 'B@&%sé ok 1&cY Al sHﬁleﬁﬁlllé @1@[ needs to
| evel " which maintains the conputed signal |evel
beb.eqcmdsﬂommhb@ly dott the ehtinecluiagion of Hiesprpgrabye oaljse duhieg
| evel is so hi_n hat needs to be tracked
eXS%‘H{ n%&férfggeﬁ%lf 9{%@8 ‘entire duration of the program
not LE f ring execution of a single block of data.
x H& of code, float int rp, GRcs i n L,
I|uT . ftsnpabs , allocates tenporary storage for a
few quanti t18¥ tHaF: &Fe*UsER* Hulti Ayt HE"EYput ati on of
the conmpressor algorithm these quantities are only
allpeeide@mparay pf@ragblf@tc&fetwa@amiamh@tame beeddiuging titteebnagfutasion

Oﬁﬁf?lcq paI%SSS.O% gllgo?% é@ﬁiSF ﬂg%%lt]teﬁ %re Oﬁlvyellj gxc%]on fllggr —810C1((: %aSlS and
caf ORI RERI0N afthr 28R ph thiobibie heifen@ioar ed in wpt[ 2], which
is the third elenent of the wpt array. The ot her

TR RFEnRhSofodthe wpt array include the attack tine, the
rel ease time, and the conpressor ratio. The next |ine

of code indicates that fhe_ c%Pﬂgg essor |oop is repeated
NSAMPLES tines. The next two nes of code inpl enent

exttrra]lcts ltheevlglver(s:g of t g%(t)rlnggassao%t shotlcp which is stored in wpt[2], which is

the third element of the wpt array. The other elements of the wpt array include the

attack time, the release time, and the compressor ratio.

The next line of code indicates that the compressor loop is repeated NSAMPLES
times. The next two lines of code implement the level computation as per the

equations above. To see this, notice that the line

lewel = (ftempabs »= lewel) ¥ wpt[d]l + {lawel - ftempabs) +
frempabs © wpt[i] *+ (lswel - fismpabs) + ftempabs;

is equivalent to the expanded statement

if {ftempabs »= levsl)

=
(7
<
L)
=
1]

wpt (0] + {lovel - ftompabs) + ftempabs;

lewsl = spt[1] + (levsl - ftempabsl + foompabs

which is what is needed to carry out the above necessary equation, with wpt[0] storing

the attack constant aatt and wpt[ 1] storing the release constant arel.
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equati ons above. To see this, notice that the line
| evel = CfLenpabs = level) vpt [0] (level - fte pabs)
wa2doseeppabs f t [1] (Isvel - f tsnmpab ) + f t Per/B8S1087/085919
equivalent to the expanded statement if f fc np ab s >
= | I) { I pt [ (IeveI - ftei apabs) + ft"ntrabs
oI o{ levsl =] (level - enpabs) +
N‘Pﬁfta% garbbwwrﬁect glawlilﬁtgatnsre%@eeoGRols@awl;}o wtty tﬂ%}@n attffove
gSSAry equation, with wpt[O] storing the attack
c nstant aatt and wpt[|] storing the rel ease constant
arel . Next, it can be;agsumed that, the gain reduction,
GR, i's equal to unity. Then the conparlson i f (Ievd

0) is fone t he sane thi
i et ghich i g ofmB TR B Ring S Tl TS SRS
oveR thetthicgis@ 1€t id hotl AothgRPlonen ﬁtlhis N lo8indOMRtioh fis ddmputed.
is, the gain reduction is conputed. First, the excess
Flgsauthewes:&)mlmtswnwt@'aéseau p =le>?el *ini 'T; as
cal cul ated using the equations above. The next two
st at enent s, interp Zx&a@Sal el idncCexcess@Gi p) ; =

(int.) t r Lfi ;c 3s s ain) - i ; conmpute the val ue
asc&falc'u ge%xus!i He E(E\%‘[IB ?lt‘tﬁ)vgf Tﬁe(rp&p%tslta‘ft’erﬁé%tval ues, as
e equat i o ove The next lines, T f (j < 99}

("R tab 15 [ pdex] L1} intern . (table 11 ndex]
nﬂ]-M[m&@&i@ (sroses?

cidrcegadalind - 1;

compute the value of index into the table of exponentiated values, as per the equations

above. The next lines,

SR = tabls[index] [§] + interp » {table[index] [j+1] - vablalindsx] [j1};
£7 takle[]1[] iz the sxponsnciaticn tabls

GE = tabls[index] [28];
i

implement the interpolation explained above. The two-dimensional array, “table,” is

parameterized by two indices: index and j. The value j is simply the nearest integer

value of the excess gain. The table has values equal to

e s b
IR
t

which can be recognized as the necessary value from the equations above, where the
“floor” operation isn’t needed because j is an integer value. Finally, the input is scaled

by the computed gain reduction, GR, as per

*CULPUT+H+ = &input++ = GR;

and the value is written to the next position in the output array, and the process
continues with the next value in the input array until all NSAMPLE values in the

input block are exhausted.
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/ | tablet] [] i t h exponentiation table } el s -t CK

= tabls [index] [99] ; inplenent the interpolation
wexpBasned above. The two-di mensional array, "pebig2007/085919

i's paramateri zed by two indices: index and j . The

val t he nearest. i r val ue of. the
I é‘i&}‘i&é @%t?ﬁt %a%ﬁ%ﬂee% SURFHPR gscglga%ﬁbqva I5wRPiER (B
ddafnd GEA Qﬁ‘a?@gf iAputlang 0ﬂﬁ§a@§§t§ Eath&ahdea §ihQBshRBle at a time. This

equati ons above, where the "floor" operation isn't
dogeEtiedllp eh%ngs ehq priograsmmiugh, @g bintadalhyuide it thalt the, routirees above

put ted in re
wiyBSsst T B and pyfis ST R Kt hGahlepdim 2°
hantiéd & Bldck 6f NSAMEXES ROREthOfe bAlylHSdi B4Rt nedddday indgbrate
the process continues with the next value in the input
arggyp agdzuﬁ t11tp the helINSRuPIIEEtipas i5de iNcATRoKEe [QPRIRE IBIoghk cagees
foﬁ usted. It should be noted that in practice, each
uncti on described above is going to be dealing with
r 0 u t. [ r than a single
{vo% bfeﬁ’(lﬁﬁéat Iy, MAP% f%Q a% ﬁ%‘ﬂ |g&<’f‘tf|8at aft;p@ change t he
proqroa{aprrbmﬁht as hi nt ed by the fact that the routines
abovigtiwere passed their inputs and out puts by
r ef evgnee;,.i <ASBWALEG; that the algorithmis handed a
bl ocdk of NSAMPLES in |l ength, the only nodification
needed t @P_AdRH p@PALd "dlincalysyvidh) data into the
bel | -fil tJegeqﬂelhc(tXY[b]néNWB““tX&[O] ncor por ate | oopi ng | nt o

t he code %? Pl %ld bel | (float *xv, float *yv,
fl oat gal)ﬁ’ q%'?

[11¢
o, 1 ate ut fI oat *out put) { float
ap_out puty [1% ntf P i < NSAMPLES; i++) {

ut; \ '
ap_out pUt*oU‘tp&QQ Fié 6a |'nﬁpéﬂ)t outpMV[Ooi 9 (1.0+gain) * (iNput++);
}
}
Digital signal processing method 100 as a whole, may be implemented as a program

that calls each of the above functions, implemented as follows:

// it is assumed that floatBuffer contains a block of

// NSAMPLES samples of floating-point data.

// The following code shows the instructions that

// are executed during a single pass

scale(inputGain, floatBuffer, floatBuffer);

low_shelf(xvi_ap, yvi_ap, &working_table[0], floatBuffer, floatBuffer);
high_shelf(xv2_ap, yv2_ap, &working_table[3], floatBuffer, floatBuffer);
compressor(floatBuffer, floatBuffer, &working_table[6], ratio1Index);

low_shelf(xv3_ap_left, yv3_ap_left, xv3_ap_right, yv3_ap_right, &working_table[11],
floatBuffer, floatBuffer);

high_shelf(xv4_ap_left, yv4_ap_left, xv4_ap_right, yv4_ap_right, &working_table[14],
floatBuffer, floatBuffer);

bell
bell
bell
bell
bell
bell
bell
bell

xv1_geq, yvi_geq, &working_table[17], floatBuffer, floatBuffer);
Xv2_geq, yv2_geq, &working_table[20], floatBuffer, floatBuffer);
xv3_geq, yv3_geq, &working_table[23], floatBuffer, floatBuffer);
xv4_geq, yv4_geq, &working_table[26], floatBuffer, floatBuffer);
xv5_geq, yvb_geq, &working_table[29], floatBuffer, floatBuffer);
xv6_geq, yvb_geq, &working_table[32], floatBuffer, floatBuffer);
XV7_geq, yv7_geq, &working_table[35], floatBuffer, floatBuffer);
xv8_geq, yv8_geq, &working_table[38], floatBuffer, floatBuffer);
bell(xv9_geq, yv9_geq, &working_table[41], floatBuffer, floatBuffer);
bell(xv10_geq, yv10_geq, &working_table[44], floatBuffer, floatBuffer);
bell(xv11_geq, yv11_geq, &working_table[47], floatBuffer, floatBuffer);
compressor(floatBuffer, floatBuffer, &working_table[50], ratio1Index);

Py
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+ geq_bl (xv[1] - yv[1]) + xv[O] xv[O] = xv[1];
Wipdate xv[1l] = * input; Wpdate yv[0] = yv[1];

woO aepdet4ss yv[ 1] = *out put; \\update *out put ++ BCOUS2007/¢85919
1 .0-gain) * ap_output + 0.5 * ( 1 .0+gain) * (*

gnal processing nethod 100 as
SCQG&H@P%%ﬂWiﬁ#QQB'QWE$%W§Hted as a programthat calls

each of the above functlons i mpl enented as foll ows:

/[l it is sunmed t oat uff contains. a bl of
Ay gan\pEGRt rEﬁWﬁF@§P Ip &y P Ag: BFW?O@é@%b“%fmﬁégn““m

thf flohOMNT LR, BRBEE fil€ioh na?ltdrtH@Eé 2sdoP ffnclibn. @7 Sther, there
executed during a single pass scal e(i nput Gai n,

arf radercBuefs fre prrays| qablt:CBIg‘ﬂf v}, XVI20yw23 kel fllewdaragqys ayevstatayariables

t abl e f t f.| oat Buf f
th?‘;‘tI n&ﬁg gqr,}lg ?m € Bet\y?}%acéﬁ S to& ’Vﬁ]il?]l%arpgtmeé [%ggi they store the

infel Q@ kBtek bethe vatioad Bk ar ‘Bhe p%lﬁpé' FRERII{ ﬁlls@?épah’tfeﬂ @dference to
fl oat Buf f er, &morklg%ktable , ratiol Index);

an| aptgysBed wriking bl RS bl hajslsited variony Breagpmuitet goefficients

th?tI ag%—?%dfqgr%nghoﬁ‘:(%%ﬁ %ﬂ'g}% ( Xﬁl\/lg&r}thﬂs sy{ﬂ z?sath%%fn{b%ldn??nt of digital

signadt pRedsinghhethyd 40@Canrbegﬁ‘mbdw&1mrilktb rn@'otpabi &heléldmputatlon of
floatBuffer, floatBuffer); bell(xvl geq, yvl geq
thmmfféﬁﬁaw% RETUPPY In @Pé%&lﬂ@?@rrgpcesmé e nFdhg Feal-time

pr?féoglil Q%g}f NelreBE @ﬁ{@r&)h ?&g % ng]ultl ications and

oat Bu eq, —geq,
ad&womk | Wl]gc]n altel sﬁflﬁl’.é]to péifoat Butdleime,fand al’leBufeffﬁnént computation,

wEEb atlP e i Ba ey ey 3Gt fgtons. and

otlg’é’iﬂfpﬁaﬁgné hice [0319 hot Be RABHED @f"fectlkal‘i’@fl Bufl fidfe) Fortunately, the
bel I (xv6_geq, yv6_geq, &working_table[32],

coeffisaenBudret static dhong Buffine pnd can be pre- computed ‘before real-time

processing takes place. These coefficients can be specifically computed for each audio
device in which digital signal processing method 100 is to be used. Specifically,
when digital signal processing method 100 is used in a mobile audio device
configured for use in vehicles, these coefficients may be computed separately for each
vehicle the audio device may be used in to obtain optimum performance and to
account for unique acoustic properties in each vehicle such as speaker placement,

passenger compartment design, and background noise.

For example, a particular listening environment may produce such anomalous audio
responses such as those from standing waves. For example, such standing waves
often occur in small listening environments such as an automobile. The length of an
automobile, for example, is around 400 cycles long. In such an environment, some
standing waves are set up at this frequency and some below. Standing waves present
an amplified signal at their frequency which may present an annoying acoustic signal.
Vehicles of the same size, shape, and of the same characteristics, such as cars of the
same model, may present the same anomalies due to their similar size, shape,
structural make-up, speaker placement, speaker quality, and speaker size. The

frequency and amount of adjustment performed, in a further embodiment, may be
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bel | (xv7_geq, yv7_geq, &working_table[35],

floatBuffer, floatBuffer); bell(xv8_geq, yv8 _geq,
wexmskemags t abl e[ 38], floatBuffer, fl oatBuffer)pPCT/US2007/085919

bel | (xv9_ geq, yv9 ged, &vvor ki ng_t abl e[ 41],

fl.oat Buffer, tBuffer bel | (xv10_geq,, . yv10,. geq,
cogiigpIe iy V&BF%"[‘ jore [asin %fé‘P‘glcfﬂ%% g yedite

an%ﬁ{al&u)é Yespdn Q€ for ﬁﬂf‘ﬁ}e %f gé?ﬁatlo‘%\’iﬁ kel l%rﬁx?%’érﬁfﬁl%ﬂnent

floatBuffer, floatBu conpr essor (Tl oat Buffer,

f » r
L R N
vabesnhat ivett@ed nmmﬂmloty pldereuived at wectite 1&iadaged attehemious

h.shel f function,

the | ow shelf functi.on,
arkyit o SRR PN ARG ae@aﬁ%% R PBIEsS g AR 100 o

ruh"&ﬁﬁ@w%b?c cﬁ,?_ta@%%ﬂ&l%oée@sﬁg tRys called xvl, yvl, XV2
etc. hese arrays are state variabl es that need

ItE éﬁ’c?hé@ét@& Hal a@g‘?ﬁf‘ﬁﬁ ks ‘&?th 11 i Qni Q?ct%ﬁ ik QiFch A ILOES

ey store the internal states o e various
fofml tlae pragnarh descpibed elsse iTkiepdy a Spaaifmoft@pesactmbbdlment of

reference to an ar al | .d wor Ki t e. This table.
digigal agnﬁh@%ﬂnsagﬂﬂgﬂ% w&@rﬁ?ﬁf&qalérﬁfté hg prgeng pryention
mérﬁrg &aly hrauab et d aﬁb(ﬁilﬁgﬁﬂ rﬁzt%e AogAH hdn® o%lé%q%ﬁﬂtetr Rh

odinent of digital signal” processing nethod can
fobesesinldiavdideldvicatecht a.&owpholttshmltdwncmmﬁm, MR oplaysfr, gdmee
tctoeffl ents ffﬁ at are used tlh d i ﬂ.oc si ng
SHE8pcd S&I F(H%P‘BP 8%%%'% Hd' FIE%%SYS =] ware

erﬁlﬁﬂhm&ﬂtlﬁﬁs ﬁfé@@fe@pcsf&m&hg aRhudib BRh& d3hFdt PAndGatjuwens: @Rd
addi tions, which are sinple to performin real-tine,

auginsignie it® BHifEddAtm.comput at i on, whi ch requires
conplicated transcendent al f'unct_l ons, trigononetric
While gtiignsmtadinatihelr the pmsqttilmrestlm hete hean desstibpéabove, it

rfor d ef fectivel Fort nat e
SRR e o0 S e Do s PR AR Bl gl A mon
of PGP WilesiRe R irib8adliabilafR idyOdPse hil @xdrdie ardhid&@8ral or
These coefficients can be specifical Icé conputed for
fl

otBeyRn B g itheanyentinni whic |ISg<i1Qn&| to gidgnandesieadiss ithey
fe%}eg %ﬁd% ctlloﬁalft t}B‘?c%@% dmilggg& n thg ﬁll eXﬂo \ghﬁn%bgyeqltloﬁl S not

rocessl i's used i n

redawedeo th@riﬂm@nateelcbxﬁmplmﬁmentuvahjr cbefgurhtives ebut the desn‘ed
coef fi CI ents nmay be conputed sef)ar ately for each

fegtarss cppbg Héplﬁﬁ‘éméd LS eéfaﬁﬁty o aliergaliye Hehitgcupisand

coARbLAHTA PRI QIMRRGH b@ﬁ‘g%efrght%: BE@B‘F skilP{n HELAYSWARRHRLVE

properties in each veh e such as speaker placenent,
fupasmeh fericat onplaysicabpdrtidesing and eordigoetiogs camick ingilasented to

nB)? [ eX&@%&ﬁecgﬁaﬁgésﬁghwa%eb%’}n%grlltl(% y \é(i),raOHQu tir‘glgden(%%ifferent
constituent module names other than those depicted herein can be applied to the
various partitions. Additionally, with regard to flow diagrams, operational
descriptions and method claims, the order in which the steps are presented herein shall
not mandate that various embodiments be implemented to perform the recited

functionality in the same order unless the context dictates otherwise.

Terms and phrases used in this document, and variations thereof, unless otherwise
expressly stated, should be construed as open ended as opposed to limiting. As

examples of the foregoing: the term “including” should be read as meaning
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responses such as those from standi ng waves. For
exanpl e, such standi ng waves often occur in snal

wo p@Besisng environments such as an aut onobi | e. PANES2007/085919
| ength of an autonDbiIe for exanple, is around 400

..cycles long. In s vi ronnent, ngp st a _
Q\‘é%‘gg’%@%lé{mﬁtﬁ“% H %FE SRALISHR y 5P %o’ﬁé‘“ﬁfg deVlde
x%k@[‘a% E}&ta\l’{@é’se& R RSBM dRMMR! Adiagdxsd9nal oﬁimftﬁ%'li’st

quency which may present an annoyi ng acoustic

theiegh glie. teivehied] caSagt shphlel twanel &4 manlwam@asm “ofont leemore”

characteri sti such g .sane ’
o Pt A8 e st suetsa o fant ulefopsle: POGRH | qpntard
“Iob#ay aSd'RPAs oBIimiIeF ieadin Bkl diot beRBAKRIcd RE AGRIBNhe item
speaker quality, and speaker size. The frequency and
degerthedtto @feived e prsiod q5ée pibiteadyailableastafra giegn time, but instead
sh%ﬂﬂon%l rggd’]tto’eﬁlm%? menggﬁaggt e{cﬂlcﬁgy %%%ﬁala&dst?&d%fde d for
I'n i zer educe ahonal ous
teﬂe@pﬁgﬁ@etﬁatery lfaﬂwaﬂeble bEBRVAkdWOr hitnlyhind inghenitng.
environnent. The "morking?tablesﬂ shown in the
Ligpwippoyacre gt deammenf redghss sehnplogisehalonpld Be anrare
kﬂo%t to¥nE of BIQﬁl%.g Elﬂllgﬁﬁﬁr% ?ﬁb‘ﬂ tb 'E)lo Yeis @n %ﬁ? ﬁﬁ)ge apparent
his saves a tremendous anount o conputation at
orrhmnwmmﬁleaakdledl alriisas ndivgirtaghnystiigaal thefomessi ng net hod
100 to run on low cost digital signal processing
Aghiupsof iletnsgimaed dithehd@ingehctibat atdighalld ot bdwadss requiring
detalled in this sectionis witten in block form The

thitrcagh and enssy Proeidhatsdiresbe ripsepl ip the srﬁ@esn& utg@hergpuld be
regdggsoqa'n%?’t ulﬂgss(gx f gﬁ% st egrlﬁ’llleral s%cgﬁ*ﬁﬂ f]&:gls_ linked

i's not inten |n1t t he pres v ntion in
wilin thewayjundiivrs D Sttondd poterrtyoati avenquinay nimwa;b exguanigeanong

on a. conputer se.in di o dev] ch
g0 g e b Tead 38 ey Blesy Sy bt
otk de0Fur®BinhorBNAMBugH RABY eRinRits GRBRPLEENts OF th@ mehﬁon
address system ThIS sof tware enbodi ment has th

mey¥ bedescabed @tmlmgleémn a@dlr@uwghaplua@ i§ egiemplaied to be within
out uttln ied form Wile

A S A ﬁ%ﬂ’ﬂ%‘ i R e Sl TRk SRt Ry e Doen
d bed. ab h b d t hat vy e
leiRsfésreb‘éf':ﬂf P Ginetiont Sk fnres SRaras eagar wo?%néatﬁ%étofbut

ndti ulmlteattb’oa;}a othdrHBRWphEiscd MBoMRTh QMR cHiRA R B FRY t6 ﬁi%h& that
an exanple architectural or other configuration for

the harrwisrenasd o nntenideh regigd meinsanedsdviiane suvliersddgnigigpgrases
featunﬁﬁ and unctional i.t.y, t hat

B HEGRN o TR ATRBH. T SO0t PRy RGeSyl
fuhéthdglityaicestig el emed &dpdresittbe 89dolk 800f L@ifigatddans,

COE’)I’lIJI’}’IOIE I[;]ai:kggeSI Irngged any or all of the various components of a module, whether
control logic or other components, can be combined in a single package or separately
maintained and can further be distributed in multiple groupings or packages or across

multiple locations.

Additionally, the various embodiments set forth herein are described in terms of

exemplary block diagrams, flow charts and other illustrations. As will become
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features can be inplenented using a variety of
alternative architectures and configurations. I|ndeed,

WO poosiob14sbe apparent to one of skill in the arpChuse007/085919
alternative functional, |ogical or physica

o o e L AR S B R Tt
erhBHIEAEA® Bnd tﬁleﬁrOvariéusfﬂlie}ﬂaftitéé’seca%fbequpfe@ﬁ&%d Wbtk LoMEnent
nodul e nanes ot her than those depicted herein can be
to dippil lusteitedbextaneplesartion esampple t lo¢kodisgramd dind iheiradckympanyirtg
regard to .fl ow di agra operational. descrjptions and
;iR iub b ARG RE PR AP T RS
qﬂﬁ%@gﬂ&ﬁd herein shall not nandate that vari ous
enbodi nents be inplenmented to performthe recited
functionality in the sane order unless the context
di ctates otherwi se. Terns and phrases used in this
docunent, and variations thereof, unless otherw se
expressly stated, should be construed as open ended as
opposed to limting. As exanples of the foregoing: the
term "includi ng" should be read as neani ng"i ncl udi ng,
without Iimtation" or the like; the term"exanple" is
used to provide exenplary instances of the itemin
di scussi on, not an exhaustive or limting |ist
thereof; the ternms "a" or "an" should be read as

meani ng "at | east one,” "one or nore" or the like; and
adj ectives such as "conventional," "traditional,"
"normal ," "standard," "known" and terns of simlar

nmeani ng shoul d not be construed as limting the item
described to a given tine period or to an item
avai l able as of a given tinme, but instead should be
read to enconpass conventional, traditional, nornal

or standard technol ogi es that may be avail abl e or
known now or at any tinme in the future. Likew se,
where this docunent refers to technol ogi es that woul d
be apparent or known to one of ordinary skill in the
art, such technol ogi es enconpass those apparent or
known to the skilled artisan now or at any tinme in the
future. A group of itens linked with the conjunction
"and" should not be read as requiring that each and
every one of those itens be present in the grouping,
but rather should be read as "and/or" unl ess expressly
stated otherwise. Simlarly, a group of itens |inked
wWith the conjunction "or" should not be read as
requiring rmutual exclusivity anmong that group, but
rather should al so be read as "and/or" unl ess
expressly stated otherw se. Furthernore, although
itens, elenents or conponents of the invention
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may be described or clainmed in the singular, the
plural is contenplated to be within the scope thereof
waeioe®e74b4 mtati on to the singular is explicitPgr/us2007/085919

stated. The presence of broadeni ng words and phrases

such as "one or nore," "at least,"” "but not limted

to" or other like phrases in sonme instances shall not

be read to mean that the narrower case is intended or
WhalggicledBed:n i nst ances where such broadeni ng phrases

nay be absent. The use of the term "nodul e" does not

npl t hat. t he conp onents.or functlonallty descri bed
d%gFﬁ%§“%§p5§?§ Tl (PR e al | configured in

a C OA0YEMnR ACADEY: the RidRAG fidhym®r al | of the various

conponents of a nodule, whether control |ogic or other

conpbltttesthe edinstod sigphyyifedlirsh loazv gietigileerpackage or
R e e

| ocaprioossingAbtdiibnLmath aygrap}he eqwhlzaus enbodi nents set
forth herein are descrlbed in terns of exenplary block
di agrunrressfieoie ernspised sighaloyifes ssernd PRSP s, As wi | |
becoﬁéﬂﬂg&ﬁéﬂéal Br B %oﬂ%e QL s“ aY o $&lohl inf; Lie art
after “readi ng t ocu e IlTustraté
enbodummnhgﬂmn@ymhelr varlous al ternatives can be
i mpl enent ed mﬁthout confinenent to the illustrated
exanpl es. For exa bl ock diagranms and their

2acco ¢thpg obidgiet ﬂ@ﬁbﬁ“@ﬁﬁﬁﬁﬂ%not be construed as
mand
conf ﬁfééfjrr tlﬁ% g%b@ éﬁ:l\zerdc ﬁgtt lld()v sheff fil f]hter W];th a first high shelf

filpsr pEies &i d’d)g‘qﬂessingrthd: finexep @1gaalngfth aﬁjfusttdoﬁg)r@s@al n of
the signal a first tine; fllterln t he adj usted signa
with ﬂéerfngr@% sigagl véiHet fecpng fogy she, 58 progrssing the signal

W%%ék§{§%3?&&??hmm%£p a first conpressor; processing

a graphic equalizer; conpressing the
pr ockbgeq the gigakl witlt hsexosé bighdhed hipeestothe Sgjalistiilged

iRt P v B FE 27 “The et had of claim1,

further conprising: filtering the signal received from

3ihe TS Almb@6t Sl 1 IAGLRImAMibR S Id Lz Bholh. shel !

ter prior to conpressing t tered Signal with
the first conpressor;

4. The method of claim 1, wherein adjusting the gain of the received signal a first
time is done with a first gain amplifier and adjusting the gain of the signal a second

time is done with a second gain amplifier.

5. The method of claim 1, wherein the first low shelf filter has a cutoff frequency
at 1000 Hz.
6. The method of claim 2, wherein the first high shelf filter has a cutoff

frequency at 1000 Hz.

7. The method of claim 1, wherein the graphic equalizer comprises eleven

cascading second order filters.
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filtering the signal with a second |ow shelf filter

prior to processing the signal with the graphic
weowalsaes ; and filtering the signal with a seponusivngbsso19

shelf filter after the signal is filtered with the

secopd | o | f. f lter The method of claim?1,
whor Hicmeed gf %heaﬁmga%h o F @%&PS Oszer ?rl:lfsr Pty dier.

of claiml1, mhereln adjustlng the gain of the received
9. s gnﬁ# r%etilocﬁ gf clgm{'g Wﬁer q}?e msi Qf & fe{ rvglli £iH&% Mas a center

ier an usti e gain of ‘the S|gnaﬁ a

fr@@emydoﬂaorm sl me BEVWMh iﬁﬂtar sethoprkvgaiineampd i témer. fr&uency

The nmethod of claim1, wherein the first |ow shelf
offlioPPeHznas a cutoff frequency at 1000 Hz. 6. The

met hod of claim 2, mhereln the first high shelf filter

16 5 PR e e R vl Sarc eqtitin Gup HUGrpT SgteR

appkRYBRtehASRagt g n&s@@ndrdaﬁ d&h Jdihdrt ers. 8. The nethod of
claim7, wherein each of the second order filter is a

bell filter. 9. The nethod of claim8, wherein the
lf i r sThecrfudtm@sehewf&mmﬁi 2. tveresein s secaeiibershelf édaency of

Fg he el e ent léﬁﬂter of the eleven filters
miﬁ%‘ét“ GS%WP MepiaLy, é]%f’ {6000 Hz. 10. The method of

claim?9, mhereln the second to tenth filters are

ent gr. | At el.y one octave intervals from
1%ach£ %1 5?%3{%ﬁgﬁ§&%'o system of claim2, wherein
t he sfa0 gﬁinlaﬁwhﬁbe&(fnffgiufdd&b ahplidy a signal;

nagnltude clgﬁ%enentary | ow-shel f filter. 12 A

speakBfst elgmsPRidg g o iGrg argplitipdsignalss i er

_Onf 4 Bk @&nﬁ&sﬁ)@bﬁﬁ%r@d £l QRfpress &nd fﬂ'ie%d ngﬂ‘éls hel f
filter configured to filter the anplified signal; a

firsagﬁmhmmqsdubranﬁ@mg@ne@nkmmmhaﬁmwsﬂs&ﬂmlf|Itered
sign ic e zer confl ed to oces he
71 Pt ErisaRe PR Ss S Bnarbshmas S Rartr Bl wERT B
seggﬁpﬁﬁﬁﬁegbgagaocessed signal with a second
conpressor; and
a second gain amplifier configured to amplify the gain of the compressed

signal and to output an output signal.

13.  The speaker system of claim 12, further comprising:

a first high shelf filter configured to filter the signal received from the first
low shelf filter prior to compressing the filtered signal with the first compressor;

a second low shelf filter configured to filter a received signal prior to
processing the received signal with the graphic equalizer; and

a second high shelf filter configured to filter a received signal after the

received signal is filtered with the second low shelf filter.
14.  The speaker system of claim 12, wherein the signal is an audio signal.

15.  The speaker system of claim 12, wherein the first low shelf filter has a cutoff

frequency at 1000 Hz.
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a second gain anplifier configured to anplify the gain

of the conpressed signal and to output an out put
wee@nab74543. The speaker system of claim 12, fee1/82007/085919

conprising: a first high shelf filter configured to

ilter the signal received fromthe fjrst | shel f
14'i | ¢ PEF YR BFrE)lPE%i?’n‘ﬁhfirﬁé the s igh S%?lgﬁ%wr%stawuwff
frdfuendy Li3bogeppressor; a second |ow shelf filter
confi'gured to filter a received signal prior to

processing the received signal with the graphic
I'Rqualtiezgeakeaightan seclatial 1Dj whersinehd glaphit equatonf ¢guprsds

to filter a received _signal after the received signha
clpweniprqading deqindiprdgidiléBeond | ow shel f filter. 14. The

speaker system of claim 12, wherein the signal is an

ier D1 G PRy PO eRER 7, ¥ Brreiin S e honu order

filidregusacHit@t 1000 Hz. 16. The speaker system of claim
12, wherein the first high shelf filter has a cutoff
frequency at 1000 Hz. 17. The speaker system of claim

122, Meespeaker syeergofplaine 18 ouiaireinehe fonpf ths ekved &iten has a

cascadi ng s order filters. . The vehicle
oGR IRy SF AR PGS civepttifend e S50 RS assmisha
frQpudssy §ilehgn tiz,s a bell filter. 19. The speaker system
%1 cl/aim 18, wherein the first of the eleven filters

has a center frequency of 30 Hz and the el eventh
26.1 | t'Bie phaltcheysedrevedafm [19 ewlerbiashasecemt ertefith€jeency of
16000 Hz. 20. The speaker system of claim 19, wherein
ceplegedsd GBI XEBRLE ¥ oNR OF Y § BN VAP HORECR PEYT at

approxi mately one octave intervals fromeach other.

1. The speaker syst.em clai.m.13, wherei second
2f o URGPFRRF Rl ML EM Tl O IR el TP R0
mh@itugbebinplehlch@iiy 1022 shoff fildrhod for processing an audi o

signal conprising: adjust a gain of the audio signal a
first time, process the audio signal with a first |ow
2%_he| A rrieitlhddeﬁoy ppcesepsant dudicedighab cempnghg:wi th a first

hi ghacfjlrlls(% IafgafnI (l)fI tﬁer audio signal a first time,

process the audio signal with a first low shelf filter,

process the audio signal with a first high shelf filter,

process the audio signal with a first compressor,

process the audio signal with a second low shelf filter,

process the audio signal with a second high shelf filter,

process the audio signal with a graphic equalizer,

process the audio signal with a second compressor,

adjust the gain of the audio signal a second time, and

output the audio signal.

23. The method of claim 22, wherein the first low shelf filter has a cutoff

frequency at 1000 Hz.

24.  The method of claim 22, wherein the first high shelf filter has a cutoff
frequency at 1000 Hz.
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process the audio signal with a first conpressor,
process the audio signal with a second | ow shel f
wo pdoB®67459r ocess the audi o signal with a seconPChiUgin07/085919
shelf filter, process the audio signal with a graphic
qual.i zer rocess._the audio signal wth a secon
2§on3hbes@6t{h93 8§T1€:’§1% 2@@6@% PO apMHE COE SIYILPS Pﬂeven
cm%%@ﬁﬂﬁw&&ﬁﬁndéﬂﬁMQH&ﬂHt the audio signal. 23. The
met hod of claim 22, wherein the first low shelf filter
has a cutoff frequency at 1000 Hz. 24. The nethod of
claim22, wherein the first high shelf filter has a
cutof f frequency at 1000 Hz.25. The nethod of claim
22, wherein the graphic equalizer conprises eleven
cascadi ng second order bell filters.
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