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WD 2008/ 048413 PCT/ US2007/ 020652 System and Met hod

for Conpensati ng Menoryl ess Non-Linear Distortion of
wanooknds«a3 Tr ansducer 5 BACKGROUND OF THE | NVENPCONS2007/020652

Field of the Invention This invention relates to audio

transducer conpensation, and nore particularly to a

nmet hod of 10 conpensating non-linear distortion of an

audi o transducer such as a speaker, earphone or

wicrophone Description of the Related Art Audio

nsduce ny exhlblt a uniformand 15
X NE T ZM%;} atingjteperyless Non-Linear
characterlsP QQFl a?%r udpe gﬁéﬁﬁfﬁﬂﬁﬁo si gnal
coupled to the input of a speaker is what is ideally

provided at the ear of the I|istener. In reality, the
audi o signal that reaches the I|istener's ear is the

Béﬂﬂé%éﬁﬁnaﬁdiQHﬁigﬁe some 20 distortion caused

-, its construction and the

_jﬁﬁﬁhﬁd&ﬂﬂgﬂ_@ﬂzgngiggnponents within it) and by t he
list g e t ( e |lqcati
GCILRY EMVEHEE%%. gﬂ%%%%%g Q% gﬁughe  opRRnsducer

| i stener, the acoustic eristics
QQRSH§%F¥WWch fRe anWine sipmatigudarivavélo t & remebhod of

comfterdint 154 eAGH-Si8dhy W€ AF EoBRY E@PQQ&Q%?Stransducer
suﬁi%hformed during the manufacture of the spea

iF A S't?l%a]&?‘s't oFBFBRCACA e M F ePRCRPeaker it sel f

so as to provide the desired speaker response. In

distion, there ar echni ques for nechanically
Qﬁ%%%%Egﬁﬁﬁmrfhgggﬁggigifgééﬁﬁther reduce 30
di sttardiomntrBnsdordamn prelfeded ot Bxhibear élndlnlfom and
. -|\inear_distortion suc
L R e TR T A
a ﬁmﬂkemdu@%i@m@logheuéag siigvedr abwpbedion tiendhput of
a @ﬂé&@éreﬁsalwhad-oﬂgs %%g%%%@&.gggra{l% €8e” ear of the

Causes, Paraneters,
listener. In reallty, e audio signal that reaches the

U)

listener's ear is the original audio signal plus some
distortion caused by the speaker itself (e.g., its
construction and the interaction of the components within
it) and by the listening environment (e.g., the location of
the listener, the acoustic characteristics of the room,
etc) in which the audio signal must travel to reach the
listener's ear. There are many techniques performed during
the manufacture of the speaker to minimize the distortion
caused by the speaker itself so as to provide the desired
speaker response. In addition, there are techniques for
mechanically hand-tuning the speaker to further reduce
distortion. .
Distortion includes both 1linear and non-linear
components. Non-linear distortion such as “clipping” is a
function of the amplitude of the input audio signal whereas
linear distortion is mnot. Klippel et al, ‘Loudspeaker

Nonlinearities - Causes, Parameters, Symptoms’ AES Oct 7-10
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1 WD 2008/048413 PCT/ US2007/ 020652 2005 descri bes the
rel ati onshi p between non-linear distortion
woresimenment and nonlinearities which are the rolgSR@®aN20652
causes for signal distortion in speakers and ot her
transducers. 5 There are many approaches to sol ve the
linear part of the problem The sinplest nethod is an
equal i zer that provides a bank of bandpass filters
wi th i ndependent gain control. Techniques for
conmpensating non-linear distortion are |less )
208x el 6FEET “RF Bar & aFeEL%%FrﬁQﬁ’g’dﬁ onP§ftween non-linear
dinaordrtiesd | neesswofeniatitt andudsprikeratitAEs OshiéhlGare the
2005 uses an inyverse.transfor d.on
P R T BT LEPEL REPREFELES &t IReAl-efe and other
trzorddurssrsty of the speaker. The inversion is obtained

by tigcal I [ [ e oht.er

cor TG 48 BUnET SRRt B | SR L ABESE pae o
thepppoabhems goddne opimplastomayiafgria safe guuyglizer that
prfviidBISQl gahkbWs SAMMbA 6810 RBEAH [ Yn8BYeREEHE gain

in transient non- stationary regions of the audio_ .
cogtgvat - B SUMVBRSS CFO T HECTRVEREFERITREprlddwar distortion
ard s d alePeO¥peas a | ow cost, real-time solution for

conpensati ng myryl ess non-linear distortion .in an
AUGHRTS AR LR br < CRRBRTIAY KO0 ConpRPRhaRSRF A 155 OF horn

laidigesiyetem t R oest imralte i Hnateanphi indersgad transform
velocity-of an_audi.o si.gn |.00k a,scale factor

bR el U G ST e BB BGR e R RRe ene

nodnpigamiiey oél adiet \Ypearelc apPheednivieer ssigat eisf abtained by

a&ﬁ#ﬁ%ﬁ%a&%fgﬁié&ygg' tﬁgeiﬁggFEe%a%g.rtéﬁaaﬂce%els from
esti nat e t he trans. cer s noniinear |stort|qn at a

fopaiand i freqeeprrséopranekgrueashy Thasplarpygach is good for
stt\éﬁieiQﬁ%iﬂ%- ls}%&f@ns‘é@%ﬂ' S fonkighear odi stordiQ Vel pue
signi icsntp nonlinearity may occur 1in transient non-

stationary regions of the audio signal.

SUMMARY OF THE INVENTION

The present invention provides a low-cost, real-time

solution for compensating memoryless non-linear distortion
in an audio transducer.

This is accomplished with an audio system that
estimates signal amplitude and velocity of an audio signal,
looks up a scale factor from a look-up table (LUT) for the
defined pair (amplitude, velocity), and applies the scale
factor to the signal amplitude. The scale factor is an
estimate of the transducer’s nonlinear distortion at a
point in its phase plane given by (amplitude, velocity).
The transducer’s nonlinear distortion over the phase plane
is found by applying a test signal having a known signal
amplitude and velocity to the transducer, measuring a

recorded signal amplitude and setting the scale factor

2
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is found by applying a test signal having a known

signal anplitude and velocity to the transducer,
woremims41g a 35 recorded signal anplitude and BeTHISHE7/020652

the scale factor 2 WO 2008/048413 PCT/ US2007/ 020652

equal to the ratio of the test signal anplitude to the

recorded signal anplitude. The test signal (s) should

have anplitudes and velocities that span the phase

pl ane. This approach assumes that the sources of

nonl i near distortion 5 are 'nmenoryless', which fo

eqysdt tPafdRicEREips QF FQ&SO%%%FyS&@E{?r]at @“@%&ﬁh‘ﬁﬂ drp the
reCHddty $agnhe uepd ifthde) thiee peet @rigeedl (£pNPREGBEChave

t he audi o si naI ndi n on the audi o transdu .
ang i S R g elgai g b, PRana e Hife P Ishe . This
apgm@fcath Caﬁlsamerst e e HD)e asdurater mfdulailionedd distortion

axfl SURRLRSR LMD, whighogre die typieal seadiaalongs o

di'st oFt TR of & sped
regtdrerald oat larcwmmb acheageiso | ﬁwlmng/emmnbw lused to

. nt o._t n r e
e AP IBLED b0 HEP oo n LN LhlS ids ki Cdepending
orerifrli aedi @, trarsduceget de wampeneahedoapadip sdanal will
eﬁﬂfﬂm@gﬁowefnh&@h@ﬁch@ﬂ§%6¥g¥EﬂFWﬁﬁN QEdTHEt@Bﬁ@HN@Qtlon

is a schematic_di agram of an, audi o transducer;
dlﬁ?%‘&mzsnﬁ% OWNACR B KRR EYPHRA Y] ﬁBFSPrE’F&FNnS for
ncﬁ'ﬁlrﬁhéaflgdﬂsﬁbik&&om affeaLlibefaatezpre con‘pensatl ng an
audl,ﬁl SI gnal .for on an audio ansducer ;

7l acthagt 5RhancbsRet d Ml A ] ABRAREHERE or the
1rs;regrta:loxamh11 sbqshappapéahe;:oZBhEbe sk:ulieal plotthef axt from

recor i [ HD the ea
TS G gggléwgggagr?r‘nié%?%e phgggcﬁjllgélg that épmag%g erred
entodiments,; tFlGen Bagahbegbwatd bheclecdioapeasing duawings,
iU Logystem

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a schematic diagram of an audio transducer;

FIGs. 2a and 2b are block and flow diagrams for
computing a phase plane LUT for pre-compensating an audio
signal for playback on an audio transducer;

FIGs. 3a, 3b, 3¢ and 3d are plots of an exemplary test
signal and its phase plane;

FIG. 4 is a plot of a recorded 81gnal including HD and
IMD of the speaker;

FIG. 5 is a diagram of the phase plane that is mapped
to the LUT;

FIGs. 6a and 6b are block diagrams of an audio system
configured to use the phase plane LUT to compensate non-
linear distortion of the speaker; and

FIG. 7 is a diagram of the compensated recorded

signal.
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[ te
30 configured to use the phase plane LUT to conpensa
non- linear distortion of the Spgager;'andlFI;ZTéB;;ngmsz
wdizeqgroasa1isf t he conpensated recorde si gnal .
2032/048413 PCT/ US2007/ 020652 DETAI LED DESCRI PTI ON OF
THE | NVENTI ON The present invention describes a
| ow-cost, real-time solution for conpensating
non-linear distortion in an audio transducer such as
a speaker, earphone or m crophone. As 5 useg h_erel?imt
fers to an evi ce
Dﬁfﬁli%b,oy -f¥iiﬁh _____te ?\ —&Aﬂndy suppl i es
pomeThEan@aﬂuﬂ ﬁnnenﬁxbmn@éhetlbégt&myd%mggég1 AN _time

séiei 8h EBS B?\Q@ténsgt‘ihegc e ig?gna:j%ﬁ]ﬁ%tgélgtg{cg%sm R audio

acousti c or rical
CLHRR ST YR, Sméltalansdmalmy beaa@hweptﬁrtﬁl%%%ﬁ%he As

Sagh S er ear ut transducer
usuch%ﬁ?ifhnfgﬁgpﬁﬁﬁ?l/V\exenplaﬁfsdﬁﬁ§ﬁneﬁF tefrst ko any

ITHbeRt i IR 145 BEethewest Bescppbed forom | ouds poakesm  and
sugpliesnpeiiesr dh Mehdd CaLrmNRY ﬂ’é'%QR e pép.yhlch

di bl e ,acoustic 15 signal. A reading o
rf?)g]apgtJ T 498s Bt IRPEHS eriat PéRC LRt hengrlhhey other is

acm}rstthealsr diesteay iz 00 1 hatari@ntﬁﬂlt&ﬂ e%retﬂﬁxﬁ%é?@d an audlo
causes of

hysi c
Pt DA oo Re UeeE Bk PEnbrT SFEBY drEmsdncter s20h as
a a%?ékﬁﬂfat@me@frp&ﬂmempobgnbjral lgpdtkldﬁﬂ%wﬁfgt%ﬁgﬁl as’ a
Kggg t To a.go approxi natiQ
Hu%%?%ntlalo an Elne? I3’nerg ‘gﬂgﬁg ?ﬁethﬁnﬁPVF§§é°n will
benoROVi Rear degicsiided oforam beoudsgeelke rdestat bedbdiyerts an

| | an al , veIOC|ty
e s o ko P i <o
Si ﬁfgker 100 includes a diaphragm 102 that pushes tged
alrHNrdeﬁﬁgiéﬁnkmhﬁﬁﬁfss pJBSrdiéahﬁgggbl%hSUSBSQrSatlon

104 and surro
th8t %ﬁSIﬁ¥gma£§ non- llnear dlstortlon that contributes to

HD and IMD is ‘memoryless’. The physical causes of this
distortion can be described entirely by a 1% order
approximation of the potential and kinetic energy of the
audio transducer. To a good approximation, the potential
and kinetic energy, hence the memoryless non-linear
distortion can be uniquely described by the signal
amplitude and signal velocity, respectively.

As shown in Figure 1, an audio speaker 100 includes a
diaphragm 102 that pushes the air to create sound waves.
The diaphragm is suspended on a spider 104 and a surround
106, which are connected to a speaker frame (not shown).
V01ce coil 108 is connected to the diaphragm and receives
electrical current (input signal). The dlaphragm movement
happens through interaction 112 of the magnetic field of a
permanent magnet 110 with magnetic field of the coil 108.
Permanent magnet is typically connected to the metallic

construction 114 in the speaker to provide proper

4
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106, which are connected to a speaker frame (not

shown) . Voice coil 108 is connected to the diaphragm
wanadsroegadves 30 el ectrical current (input sigrar)us200he20652

di aphragm novenent happens through interaction 112 of

the magnetic field of a pernmanent magnet 110 with

magnetic field of the coil 108. Pernmanent nagnet is

typically connected to the nmetallic construction 114

in t he speaker to provide proper 4 V\D 2008/ 048413

/U82007/ 02065 confi uratl on e ma net| c field
PESHETY O %‘H% gapgr ‘ﬂ@ iR/FrSEL §tyys of the gap

1mwmeTh@1tet &bl&nﬁfsgyndiiflﬁdle speaker |s gi ven by:
E=Epzt ere. kx2 otenti aI ener gy
p%e t‘RF%\Et PEeEser GF Rthe s’il?ef"?L’H‘é%s f IfFEN PY:
suspen5| on (surrourpigslﬂgr) 10 x - displ acenent of
the di aphragm L - indudt ance of the coil | - current

Whelweough coil, proportional to the signal anplitude m
- mass of the di aphragm 15 v - velocity of the

di apgr adﬂi‘.l;hjeée si ml ifd@ch di1mid@srgphi ch do not take
into AccBunt 2 hat spéaker is constructed from nmany

parts or the interdependence of the paraneters (k, |

, L E _._l)_that woul-d k20 taqu i drfa kY her or der
nonlinea terns to full y describe t system provide

a gopd approxi mati ons@Iffggséystergfand “1% causgs sgenmon

t he nenoryl ess non-linear distortion. The observa
(thifaﬁtoqut@mhdﬁrhear distortion is to a |arge extent

‘menpryl ess’  andqhRah Jdamedi O 1ER0SEYSBhragm
L - inductance of the coil
1 - current through coil, proportional to the
signal amplitude
m - mass of the diaphragm
v - velocity of the diaphragm

These simplified formulas, which do not take into account
that speaker is constructed from many parts or the
interdependence of the parameters (k,/7,L,..) that would
require higher order nonlinear terms to fully describe the
system, provide a good approximation of the system and the
causes of the memoryless non-linear distortion.

The observation that the non-linear distortion is to a
large extent ‘memoryless’ and that the audio transducer
energy can be represented to a good approximation by the
signal amplitude and velocity; allows for a low-cost, real-
time solution for compensating non-linear distortion in an
audio transducer. An audio playback system estimates signal
amplitude and velocity, looks up the closest scale
factor(s) from a look-up table (LUT) for the measured pair

(amplitude, wvelocity), preferably interpolates to a scale
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25 energy can be represented to a good approxi mation

by the signal anplitude and velocity, allows for a
wobausnasd13 real - tinme solution for conpensati ngCT/US2007/020652

non-linear distortion in an audio transducer. An

audi o pl ayback system esti mates signal anplitude and

vel ocity, |ooks up the closest scale 30 factor(s) from

a | ook-up table (LUT) for the nmeasured pair

(anmplitude, velocity), preferably interpolates to a

scal e 2008/048413 PCT/ US200Q7/ 020652 actor fo
fa}%%"’?re%%ﬁvg’&epgfaﬁsufr? T es*the*BRaf &S f&E‘F rscarlz? Factor
td hehesi gihgha anghpl itedeThehec alca leadlaeitdrs ian astédmintate of

e lLinear [ | a Qi nt

o bR R T habr T 0aE. Yalschdian 1ts
Pha%msyh@ee SlBeNOhm|amplxnwd©rtvehoovey -t Faeplasmsducer’ s
ncﬁllf‘:[!@eéz? fﬂg@opyloﬁp%yéPg tQ’I% gﬁlag nghﬁg@w 9 %ound by

known signal anplitude and
aRR%H%@%cérteﬁ§a§GMQQ}zb%%kﬁﬁd%dké©§ﬂa5lga#ﬂhammiahmﬁﬁ and

véﬁ&éi@ﬁ tele §ﬁé'Qﬁ&ﬁgéﬁc§ﬂuahéd%dfﬁh§aﬁ'Qeégréaﬁ signal

test %nal anpl i tude to the recorded si gnal
W% eaN¢n g SEhrifsh st dS aRdPo TeickHRH %Wleszﬁ. bhe ratio
oﬁ(NMHe lﬁﬁéﬁﬂﬂéh§h§10fimﬁnléhﬁk agd i gher nedubalded signal

arft bt Ohde o Tt Bl Pt s Ao S S LBRRS wid 1, cxpinis, Lover

haﬂ:ﬁn@inase ﬂmﬂm ac(tHD)i zahldonlflibermesmlaenarp tidstortion
ac [ t S r_distortian
(Y TVRLER A Ul e YLET Y PR caciiory “EOE BRLincar
digtieraidmgofha EQ@&&&¥|IIustrated in Flgures 2
through 5. The test set-up suitably includes a
conputer 10, a sound 20 card 12, the speaker under
P aaadChaﬁasﬁ@mmﬂatxgn The conput er gener at es
and Passess@ Qé_gL{l§| £8¥dicfatrgste3idNdg R bRrA4AGss non-
card 12, which in turn drives the speaker. M crophone
Lifedr c%%ﬁr?h@naaamegtsﬂ@g%aqf anEe cBROBKEE AP Ak method
off géae£heLhgi €Ak SUGNalre Timelmmtéarﬂnpasga&etshg Zhrough

orded d| ital audio signa 0 back to the conputer
3&1 test et -up sultab&g 1nc§udes computerlﬁ%, a sound

card 12, the speaker under test 14 and a microphone 16. The
computer generates and passes a digital audio test signal
18 to sound card 12, which in turn drives the speaker.
Microphone 16 picks up the audible signal and converts it
back to an electrical signal. The sound card passes the
recorded digital audio signal 20 back to the computer for
analysis. A full duplex sound card is suitably used so that
playback and recording of the test signal is performed with
reference to a shared clock signal so that the digital
signals are time-aligned to within a single sample period,
and thus fully synchronized.

The technigques o©f the present invention will
characterize and cowpensate for any memoryless source of
non-linear distortion in the signal path from playback to

recording. Accordingly, a high quality microphone is used
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analysis. A full duplex sound. card is suitably used

so that playback and recording of the test signal is
woeodsonsms wWith reference to a shared cl ock sPQUAIS2®0/020652

that the digital signals are tinme-aligned to within a

single sanple period, 30 and thus fully synchroni zed.

The techni ques of the present invention wll

characterize and conpensate for any nenoryl ess source

non-linear distortion in the S|gnal path from

§|%¥ ﬁk to recordlqg Accoy di ngly, kﬂsaquallty
¢t opfiBite FBY usEHE CBT WEPB 00T BB 31%(:T 00iroepbomne is
negdligtﬂ)ﬂte any nbisé prtllfonthédlt(‘xa%ﬁ'lsmhé@ﬁ AP RBEL! Svere a
t he _transdycer under test were a
mEETOEAIE, & BIOR TRATTEY CREMNAT WHE bRe LeBar bo negate
unwgmhgdemanCed sﬂuntﬁstoftﬂoﬁtomkioahafacterlze only the
er Q ker. the,"Li
%%%%%%ﬂngﬁﬁg E F%ng con qﬁgufgge to ﬁhﬁ”ﬁ?ég%%ﬁQOnflgured

tpeMiBdMmizes agyy odfdreciuiomesonfodhstosbiibes of distortion.
aftbendalaly, thecsang Fr\gChnn&%ﬁ gagsbe ql:@Sﬂof)rage used to

characterize the spea [ nsuner
cPﬁéﬁFéﬁrl?%nt%ﬁaﬁﬁagkqﬁl%hethﬂthn%@mer shéiome theater,

fﬁﬁn&ﬁﬁﬁllpl% JeGLioHY 1t %@@&ertﬁasééﬁéﬂﬂékd hg¥8el~9er or
ured to erforn1the test anal yze the

;
Sﬁﬁaﬁggnlﬁ%’giﬁeé“m BUideBR¥E 16 b%va%ﬁéaurﬁsi des @etferrm the

teatFi ganellize t ehgengaahe $H8 L&8nriB8reCORREL €ipoaker for
pgﬁgg%%&gs a test signal whose spectral content %
cover phase plane i.e., the full range of

si gnaks aipsdrilded and Riehons tibs t@'ééﬁbﬁ@@@kEhe(ﬁbﬂ) the
tex gn col |st|n

céﬁ%rﬁtégneg gpé?%é vvav{ég%l %‘:@1%%1 6] S\ﬁtﬁ Fﬁiocfé’ntent

shpulddisoven phase RIRBRHL.wi.th el Eudde mngadb)e s:.gnal

28 EHBEOr4A30 9AIING S AR AL EoslRa | 1 191585

3a and 3b, respecti

e%ﬁ@ﬁlémmKﬁ¢@tfﬁequgﬂcy4an¢qnqﬂs¢umg qﬂcwwdeaimﬂitaneous
s £YeLA9R O h(eo WS&}@ avUJ?th éh 6db) and 44 (0
to SkHz with amplitude of -3db) and the corresponding phase
46 are shown in Figures 3a and 3b, respectively. As shown,
two sine waves with changing frequency and amplitude
provide good coverage of the phase plane. Figure 4c is the
phase plane 47 for a single sine wave with increasing
frequency, which provides no coverage at the center.
Figure 4d is the phase plane 48 for a single sine wave with
changing amplitude and frequency, which provides better
coverage but still not complete.

The computer then executes a synchronized playback and
recording of the test signal (step 32). For each sample n,
the computer calculates a scale factor as the ratio of the
amplitude of test signal s(n) to the amplitude of the
recorded signal r(n), e.g.; SF = s(n)/r(n) (step 34).
Alternately, SF(n) = log{(s(n)/r(n)) in which case the LUT

is logarithmic. A ‘bias’ constant may be added to the

=
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phase plane 47 for a single sine wave with increasing

frequency, which provides no coverage at the center.
wa3odsiogsnie 4d is the phase plane 48 for a si ngPeTAISH®7/020652

wave with changi ng anplitude and frequency, which

provi des better coverage but still not conplete. The

conputer then executes a synchroni zed pl ayback and

recording of the test signal (step 32). For each

sanple n, 30 the conputer cal culates a scale factor

as the ratio of the anplitude of test signal s(n) to
deremIpRttude( ™k EPcPrevent ddiviEganl by( @) whery r (n3ko0=or to

re@idd (the (shenudlce HEtabRaLEl V. roFERLHEL %ées (Bhe only
J i n which se the LUT is_logarithm
1“18\‘%’5 IBH %t‘éﬂflﬁﬁgeﬁe i ddie t crhe mrerzcmnmeaqson are
cR@putis20 041628697 Ae@Oom (ARt OrTHd NgomPubE®V&Hen calculates
Vi Si-on (n) or, to_ reduce the influence
eBe" NB R e [HRePELEEEE Sigr 1 (ndbpenBe) - This may
beardaid esnabytieaddat erfast @@&QW:&Q@?E‘E% generate the
e_s(n ut er en
ERPa Sl o Bl (S PR Sty maTaghy samples.
Tpgt@ppggpcamﬂqakmgdatmbmom@nabalablQahblefheﬁthe change in
gﬁ§kﬂ§§§ 245 Eﬂeg J%é%é teStﬁgl %mt-ﬁﬁﬂple divided

enplrlcally on1th S|gnals
bEWﬁPﬁl@ﬂmR%ﬂlehmtﬁnVeén bheashangﬁ(amwampblthaegfrom the

pkBvia |t§éld%l'fer O%Eégeaﬁﬁ\{f Ul Pc]a&h c%e&]t b}S}arEp wice the
di vided 10 the sa ng~i nter ange” i

A O L L I UL A

o vi-gednky FirN a8 Ithe- W'éé&'é&rﬁﬁl’%l pglﬁﬁbﬁécahe factor is

I I tin radi ent, through a 5
ng{g— raian(ﬁq g%&eﬂ s ¥ifte any Hé“-‘%%’él‘éffél?t(ﬁﬁ /vs(n)gt of ek 38) .
Tha achakd efdwﬁdﬂraﬁepﬂé%ér&fs (Hd) adiht ¥t &R lél'.sl:’s non-
g Q fac tor Eresents t he amount of nenory ess
linéa¥r

Ign- E5ORh K93 r EPORCABLEE D WFiH Fﬁéa§ﬁéw&§en driven

amhengdvememsmana hyeptatignahdameiliciids, and vel ocity.
The er erforne _steps 34, 36 and 38 for each

sanp e |ncf T5t PSFERAPSatF Res Pe BR 2219 38 for each

sgopier ant t&ne test signal and uses the data to construct a
lookup table (LUT) of scale factors indexed by (s(n),v(n))
(step 39). If multiple scale factors are calculated for a
given index (s(n),v(n)), the scale factors are averaged or
filtered to assign a single value to the index. The scale
factors may be interpolated and resampled to produce a
table having a desired indexing e.g., uniform spacing along
the amplitude and velocity axis, and values for every
index. If the test signal does not quite span the range of
amplitudes and velocities, the data can be extrapolated to
assign those wvalues. Alternately, these points may be
assigned a value of one. The larger the amplitude and
velocity ranges and/or the finer the resolution of the
indexing, the larger the size of the LUT. The selection of
these parameters will depend on the particular application.

In certain implementations, it may be desirable to
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20 | ookup table (LUT) of scale factors indexed by

(s(n),v(n)) (step 39). If nmultiple scale factors are
woabwsuwuatizad for a given index (s(n),v(n)), thecsawak@7/020652

factors are averaged or filtered to assign a single

value to the index. The scale factors may be

i nterpol ated and resanpled to produce a 25 table

having a desired i ndexing e.g., uniform spacing al ong

t he anplitude and velocity axis, and values for every

j th t signal does not qwte span the
a#’ggggél‘é‘ SR 0o el 3 OBATELAL | PguaRiancan Kbich the
O@?(Vr ap@le@t%‘dietm: wass:lé%hléboaeevE&h’l@eélmpﬁitt?.id@tﬁdrhveloca.ty,

et hesgppai pts a val ue of one e

E SF thg (an‘g!i ?ittsl & "ant Sls?fgrqﬂg ?i/t?%nﬁgé andr épJt Réayback,
afpﬁéwrtdwaabsevmluanloh tieey bad@tidTharddte 1Al 39t with
sige {0 ction of these paraneters
M % so%rieﬁg on {heﬁepe)%é:ﬁfgul At TP at ?SH%PF’l’r%rtﬁl the
P?Hﬁp@ﬁéﬁtlatysoﬁglch tsmel/l e dhanr ahke LT . &:déﬁ.uatlon of the
Paﬂ%bﬁﬂgﬂlatpgéy%qul %P%%Z s acRP ;(clhrna ag%t}:?ljxe than the LUT

h nom a uati1on'1n
d‘??ﬁl‘éﬂéﬂgerﬂn varFhbifestaes t As é;ﬂqﬂ mwdleean@bfveﬂ:@:cmhy,m the
P@lﬂnO!SEaI f(a'ﬂm| i tyde, 3 é’ﬁﬂ)éi’&tiéhep aél?orl sed in

pre erre |

ba ynom al eval'uation may
C‘g)%%nﬁgl% i %?'véfﬁ? dFF ct FebireNeanseapatadon is quite
fat@btjp«rhmlte eiguktife J.ﬁﬂtby:@famaa‘.:ldr’ﬁ t{%f:hs§ﬂalbh§% t80ver. A
a{}gd v iQn.o polynom al. at pl ayback may
st ovverZ% a]!)c?fg Qmig rfﬁté ThoCeR R|hused to
fﬂfra%t%ha% n§0phe‘ mntﬂbaacr a0fd tmasljsfidaléh(-:‘s pel Ymemi1 Whial .

the pgi-e ofithmused.in 10 conjunction
w1 The P B R B PRl e b cConBint 50 o
thehi recerdeli clignak ptxbatltdme |&§0ﬂ§ﬂ§ﬁhl$|g}m~fn fh Fig. 3a
dapgas d ol m fi rithm can be used
1 to find gﬁéﬂpr%lggr %%der g?l ctBnt 89gitipe to the
repdl igrredl tebbr sagn@denq:l aas smeabefratteiae Spepigdte 4. ™MD

arfEP'ﬂ]:?rH Q 585 d si gn for the test

r%ov%gél }%“éw gis 3185‘3 Bgflﬁ'sl B35 agifd specified
fog:4 P-n ggepkiean oo theher aud:;.o transducer. Therefore,
reducing IMD and HD are of primary importance.

For the exemplary speaker and test signal, a phase-
plane 60, i.e. the data for constructing the LUT, is
illustrated in Fig. 5. The data can be interpolated and/or
extrapolated and resampled to generate the LUT having a
specified indexing and resolution. For this particular
speaker, the distortion peaks near the mid-range of the
amplitude and velocity and rolls off in all directions.
Other speakers or audio transducers will have different
properties and will exhibit different distortion.

The described approach is particularly applicable to
earphones, where the full size of the earphone is smaller
then (or comparable to) the wavelength (and therefore the
sSystem can be better approximated by momentary ‘values) .

Assume an average earphone size is lcm and the highest
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replicated test signal 41 as illustrated in Figure 4.

IMD and HD are the primary distortion values that are
wepewsichsas for a speaker or other audio transeqTaIS2007/020652

Therefore, 20 reducing IMD and HD are of prinary

i mportance. For the exenplary speaker and test signal,

a phase- plane 60, i.e. the data for constructing the

LUT, is illustrated in Fig. S. The data can be

i nterpol ated and/or extrapol ated and resanpled to

; LUT, havij 5 specified indexi ng and
~0318" BLeie g, ® 45 PRl Ledit "IERS 200 o
anstdntbdarﬁ&akﬂBWﬁAﬁeth?fmt&ﬂ&??ggdﬁ.:iﬁbi@@p%¥%g?§rphone
d [ drolls o in a i rections, .
28 kS RNl R Bhearlerne SR it i o, buc the
wayepergités ehdthel highkists tfnﬁqliemli@y’llt rématLl@_@t |dgfinpa;?}£hble to
i,hed ro iS;parti-cularly a icahle to
cHle USRAIIRE 55001 s | 0B b UL GEBBIERRIEE 'Bhom one
erdnpPiferthe haystem donprabbeher) care havapprogiimaed to be
z&he! etene difenSYs 1 €12 CROMBE DEEERL (PRI rggegegy%gible.

moment ary val ues)” Assume an” aver age ear phone siz
1cm and the highest 9 WD 2008/ 048413 PCT/ US2007/ 020652

Dasbot fi bag URimen $a dfkkZand hRepaualengtdy of the 16kHz
soungn nair 1s 330nsec / 16kHz—= 2cm | nsi de

wave |
t he gar ﬁﬁ)cﬁeer FRe BB SRR sIRFI 185 opagakerf ssmamoryless
nemahineaxi r dimtorthicon Wesied eagt 8robtlike, hi §IRSt qudio data

' rable to { the earphone size. .
SRERETa ey “HRvahe ATRTATRGR FeR, o GHeR LS heior to its
Plabaekt bhrbugbt hbe cpealerapmmod :’Tdrgdoé Qadli)c_@om lP,{éhed in a
; Ct.S W, e negligible. .
o G Taat L oh ARG RSO BT O G071 neBPaae which
2%Q %%Hééﬁé‘att@g)é{n Ry e kea - €bmrenor yl ess non-: i near
di stQgti :act@fd LCS,, th ' t S es
() B T Pt S f5e R thwee
ang Libhex ig?oagw tiranssheker . 154 3ssanbhd eac cemplbastgd mid-
rdéb%bf%ﬁ?ﬂ“ﬂiéﬁ (Egééﬂéﬁgi§§rqﬂ?r%iégﬁ{é%gégéégmkmﬁﬁg the
0 i

pProcessing capability 156 and memory 158 to precompensate

the input audioc signal to cancel out or at least reduce
memoryless non-linear speaker distortion. In a standard
speaker, the audio signal is applied to a cross-over
network that maps the audio signal to the bass, mid-range
and high-frequency output transducers. In this exemplary
embodiment, each of the bass, mid-range and high-frequency
components of the speaker were individually characterized
for their memoryless non-linear distortion properties. The
LUT 160 is stored in memory 158 for each speaker component.
The LUT can be stored in memory at the time of manufacture,
as a service performed to characterize the particular
speaker, or by the end-user by downloading them from a
website and porting them into the memory. Processor(s) 156
executes a filter 164 that measures the signal amplitude

a(n), computes the velocity v(n) and extracts the scale
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15 are illustrated in Figures 6a-6b. As shown in
Figure 6a, a speaker 150 having three anplifier 152

wanastmansducer 154 assenblies for bass, m d- pangs2@nd20652

hi gh frequencies is also provided with the processing
capability 156 and nenory 158 to preconpensate 20 the
i nput audi o signal to cancel out or at |east reduce
menoryl ess non-1linear speaker distortion. In a
standard speaker, the audio signal is applied to a
network that maps the audio signal to the

SS-0

?r(rﬁ\sd FARGESTantoni GRS reiAcy Gt puv (n) . Filter 164
sunaakdqcamtifpblﬁtésegﬂﬁpb&&?é@iéﬂﬂEEﬁﬁ@nfacgégws9fusing,

m d- r,ange_and hi gh-frequency conponents  of
fBEee%%iﬂ IS e PhEF9F arE P’?r AR A TR 5P phBain the
sneﬁeryfesSomon Bnméabad1siﬁtérpalamﬁmﬁftkéauiﬂg% kYL four
ks St 158 for eac

n%%%ﬁ%%ent§é£$% cé%sbe WOEEPRF |Ebh€H§F§ atiRfRrpolation
r?ﬁﬁéréﬁrﬁ#@f&@NﬂaﬁnSﬁeaseatservmhe mmItEﬁEﬁdItlples the
ashar @ér%iée cin?) pg{}; I eybarg. fgal%eadt OTE)SI %[‘é‘xeanacaled data

end- user downl oadi ng then1 roma

SBEPL Fﬁgdt(ﬁ’émafrrﬂ ofeFeardadr §o Phecpesmgs)od56 D/A and than

ofXeeutes angdlieledbfisbhat neasures the signal
anplitude a(n), conputes the velocity v(n) and

ext r 8t SN stB| FLiTHFaNER008N0484iED -receiver 180 can be
B L 492807/ 020652 ¢f s 0Ss dex
c Q’S %) 20 eh @A ( )th% %?é ec%ogrg%g sag%ﬂg for a

%§ % v(n) Fllter 164 suit
Y HEP@B@%RﬂE@?%%?O#@% hﬁﬁx@g af rras@nprer actwork 184
aﬂd|hﬁ@?tf@héﬁd&gECcéhﬂeﬁéhgg]H%éﬂgéggbég mfgqgange and

factor. Bilinear interpolation require e’fou
high Exequenicd esact dﬂstlvmleashbu vebbryi 18s pi;izatstftrrlng the

e onn T PRSP ReCkcaPa H: e i B arby e dileer
126 npresshern aﬁeshpamntbxbtoadﬁktmbﬂaes@mmpbﬂyﬂ%éﬂﬂbr the
a&managﬁggggfe%glallleﬁl eS&lgg_nqégtAiO %\&nﬂ'l ! FI %ra'te: this
fyretbpnal hbyprenohpehesat desidneda into the audlo decoder.
The audioc decoder receives the encoded audio signal from a
TV broadcast or DVD, decodes it and separates into stereo
(L,R) or multi-channel (L,R,C,Ls,Rs, LFE) channels which
are directed to respective speakers. As shown, for each
channel the processor applies the filter to the audio
signal and directs the pPrecompensated signal to the
respective speaker 182. The filter performs in same manner
as described above.

In an alternative embodiment, the speaker or
application only requires that a low-frequency band be
compensated. In this case, the audio samples d(n) can be
downsampled to that low-frequency band, the filter applied
to each sample and than upsampled to the full freqguency
band. This achieves the required compensation at a lower
CPU load per sample.

Precompensation using the LUT will work for any output
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conventional speaker 182 having a cross-over network

184 and anp/transducer conponents 186 for bass,
waizaosreasyye and hi gh frequenci es. Al though thePaEmMS2N7/020652

188 for storing the 15 LUT 190 and the processor 194

for inplenmenting the filter 196 are shown as separate

or additional conponents for the audio decoder 200 it

is quite feasible that this functionality would be

designed into the audi o decoder. The audi o decoder

ei ves_t he_encoded audio signal froma 20 TV
aBrgg'gdca%’fa’aFdBW détBtbs R afd'Sepdeactibedt o spemleer  or
heedRhcore sl Howehramnelir( Ly CehseRo £ LER) @%Eygaéransducer
own,

I
c are directed to _respective speakers. sh
S%P reW‘L"a“T’:hl[‘.Et c'ﬁ%\%ﬁ%?h?ﬂ% FFoCeSSBPeRFALen tResSE| beerpepformed

"PREt4uditorassgnalingnd fianect ant haydiasamessahgd  into an
sbgpal; t hg; espective speaker 182. The filter

eperfoﬁﬁ%ﬁin %ﬁﬁgagﬁnng%n;aseﬁggg Pbed abbVE. PRaysis for

CAREEFNSEIRT drte dLHENChanige s pelakeht by . agpld GRIZIN factors

88! yihaauees I r ; d he ,
> compensat ed. Ia%jatzEIL tﬁllszst c g\sﬂg te( %ﬁ%lgéganp\f%%o‘ai‘ hY) capf the
rﬁﬁgg efoFiHD et beafaPt] die regmensigbaid, THee synthesis

£éi| reprappkitadn 0a- sRPl £ and-§ han, 0 i

oégsrfull QJ q%$Q%¥ %ﬁgﬂb. Thi s achieves #E%érgﬁﬁg?édthat it
conpanEatiorr RS YOWE?T - CPU | oad per sanpl e
Preconpensation using the LUT will work for any out put

T&§t¥£g2QO%%g§%§%§ PCT/ US2007/ 020652 audi o transducer
i bed speaker or headphones. However,

i n t eecsemesfalargprprnpacht satsddaath SfiCBha%adterizing and

HhsERRRRAG AN MRgQsat| be perfornmed "post" ™~
ctr%nsdugﬁﬁgafﬁgﬁsan aud%&%@”gﬁé%%? iﬁ?S' pi§ar distortion
CQrRReeREd| 15| yadlidated byargblee spEre mial nesdSoi€d 210 of the

ML RO Ot s R L ——
LHfEYHEre r deor BEASHPYRal thestiopuitofsitdmal eisicnidita) .the high
aﬂ@eléwnkﬂ%ﬁdéncy sine waves 42 and 44, respectfully are
faithfully reproduced and the IMD 52 and HD 54 are heavily
attenuated. The distortion compensation is not perfect
because the energy equations for the system are only
approximations, interpolation error in the scale factors
and the presence of non-linear distortion having memory.
However, the described solution for compensating memoryless
non-linear distortion in an audio transducer is fast, cost-
effective and highly effective.

While several illustrative embodiments of the
invention have ©been shown and described, numerous
variations and alternate embodiments will occur to those
skilled in the art. Such variations and alternate
embodiments are contemplated, and can be made without
departing from the spirit and scope of the invention as

defined in the appended claims.
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for reproduction or playback is very simlar except

that it 10 occurs post-transduction. Testing &
weesuslousi1The general approach set-forth of PCT/US2007/020652

characterizing and conpensating for the nenoryl ess

non-linear distortion 15 conponents is validated by

the spectral response 210 of the output audio signa

neasured for a typical speaker as shown in Figure 7.

As shown, the input signal including the high and. |ow

W%r y sine waves 42 and 44, respectfully are
al ully reproduced and the IMD 52 and HD 54 are

heavily 20 attenuated. The distortion conpensation is

not Jpe because the energy equations for the
1éyst’gm{‘é?g’ggnl‘§/fc SPPPORFAELPENS, FiAEEPS audde esdanal d(n)

Irr eme asrtile faebsdsceandcbherisasence of non-linear
di st gty hayi Ly, o However,_ the described _
O G FERT oo o8 SREHoR reugio signal

solution for
ddPdtortion in an audi o transducer is fast, cost-

ef f egkicMenaaichdi ahl %, &f Y ile several ., . ;
illustrative éﬂbodimﬁ%{§¥#§tﬁ@“¥$n9%%ti%ﬁﬁhé%%gb%%% audio
SY¥B®/7and descri bed, nunerous variations and

al t evbahg eghedi ampl skl 0t 30,skille
ol lhe art, g%p% vgrigti%nsog%gégﬁggrngégr eﬁ%z%}h%g?é) to
are contefprafed®hRF &GPhé Rissinivee reppesenmation of
the oraudio spiransdndessppesoiqt g,a{ggg/e 14k a§eﬂi%f§é}1%tion
0

oIS MG W ——

neRhpeRsat fig touti ipn avandiioe spgask glahe ¥ AradiGn of
athp BPEAHE € hn € YIId S {19: %%@suri ng an anplitude a(n) of
a digital. audio signal’ n) ; 5 Estimating a velocity
v(n)SeRltReg §hg eaplbEtdide asimghadf digital audio signal by

the scale factor.

2. The method of claim 1, wherein the phase plane
representation is a lookup table (LUT) of scale factors

indexed by amplitude, velocity pairs.

3. The method of claim 2, further comprising extracting a
plurality of scale factors closest to the (a(n),v(n)) and
performing an interpolation on said plurality to produce

the scale factor for the measured (a(n),v(n)) pair.

4. The method of claim 2, wherein each scale factor is
determined by ratio of the amplitude of a test signal s(n)
applied to the audio transducer and the amplitude of a

recorded signal r(n) reproduced by the audio transducer.

5. The method of claim 4, wherein said LUT is indexed by
the amplitude, velocity pair of the test signal, said

digital audio signal being scaled by the scale Ffactor to
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Usi ng the anplitude, velocity pair (a(n),v(n)) to
extract a scale factor froma phase pl ane

woepsagensat i on of the audi o transducers, sai BCPUas®7/020652

pl ane representati on 10 enbodyi ng scale factors of the
transducer's nenoryless nonlinear distortion over the
phase plane as a function of anplitude and velocity;
and Scaling the anplitude a(n) of digital audio signa
by the scale factor. 2. The nethod of claim]1,

erein the pha pl.ane representation is a | ookup
Prs lceon@&ﬁatg? Egﬁl S1g3tadr fudiRisdETray - anpl i t ude,
velocity pairs. 3. The method of claim?2, further
6CONPrfsd acti a plurality of scale factors _
cl osesﬁcé ?Tget eCE (%(% ajlmvg(nyseﬁﬁén FEFf BPRLRy tagnsducer is
arn esRilens onfentheird cpmpralsiig £ o produce the scale
fact @ F 8 dibeo Feagur é v(n aifr. .4. The ,
et had oF 151 o 2%%13% ﬂé‘é}?'a%%‘g%%%?g fiéé’tlil‘ﬂi @udio signal
FettdnisfePgne ati o of the anplitude of a test signal
s(n) applied to the audio transducer and the

7anp|i&¥$e of a  recorded signal r(n) reproduced by the
audi G IR rOE Slatpe dpethiededin caidn UUT wher thdexed by

thei anddh tisde Ndexedchyy the At i éHQere}é%E‘&%iqt y%%%l , said

. test. signal, .said, digital audio signa
dg%g}%ﬁ bai/uci‘n% g&ﬁf‘élf %Higtﬁ%éev\obzod@ﬁmsmﬂse factor to
DPPET USAPETGAGE X2he paadtonpegaate the digital audio

signal. 6. The nethod of claim5, wherein the audio

transducer is an earphone, further conpri sing:
8Pl ayBhek wethied pod codpansatied dilgitein autdh® G plane
r&prkhe e.;d. The of claim4,, wherein

,ggi d Llﬁaftga’?ﬂqeiéd -t%y ‘tgﬁiey’g%%l"?%ud&q‘{f‘e"f’o%?t yYBese only
indepprdepEovaEdadilgralares dine mbapumed auikoasi gupl i tude and
sbehay seabedthy the scale factor to post-conpensate

t he audi o signal.

9. The method of claim 1, wherein the digital audio
signal d{(n) is downsampled to a low-frequency band where
the scale factor is extracted and the samples scaled and

than upsampled to the full frequency band.

10. A system for compensating a digital audio signal d{n)
for an audio transducer, comprising:

memory for storing a phase plane representation of the
audio transducers, said phase plane representation
embodying scale factors of the transducer’s memoryless
nonlinear distortion over the phase plane as a function of
amplitude and velocity

A processor that measures an amplitude a(n) of the
digital audio signal d(n), estimates a velocity wv(n),
extracts a scale factor from the phase plane representation
using the measured a(n), v(n) pair, and scales the

amplitude a(n) of the digital audio signal by the scale

14



8. The nethod of claim11, wherein the phase pl ane

representation is a polynom al equation whose only
wonadspaswdant vari abl es are the measured si gnal PCT/US2007/020652

anplitude and signal velocity. 9. The nethod of claim

1, wherein the digital audio signal d(n) is

downsanpled to a | owfrequency band where the scale

factor is extracted and the sanples scaled and than

upsanpled to the full frequency band. 10. A systemfor

cogﬁensating a digital audio signal d(n) for an audio
lucer, conprising: nenory for storing a phase
pl ane representation of the audio transducers, said

has | ane representation 5 enbodying scale factors
gT %ﬁ?raﬁr‘é ‘%‘ér %Pnéﬂt?r’ﬂ edd moifisiea™ ditdtsor Phgse plane

xmperresekmtqnhﬂea plsana aﬁo&tfp.ln’cabmé ofLUBNPbIft e B dfactors
sar th sures. an anpl i tude a(n)

\é’g?ﬁééybdﬁ % o s‘,’legr?éﬁl H H2 %eti mates a

vel ocity v(n) 10 extracts a scale factor fromthe

1@hasﬁﬂ£EE?%E@QrSfegigiﬁoﬂlushﬁgfgg g%g)%&%%e%QAE extracts

pair,” and scales t
adl Bi paR lddar o of gRFgialsy fﬁ@tw& eclosafd 2@08/ GH8418easured

(BGH)USO9)Y 02652 ah@Ct Qb rfddms Then SR g&gl%éftﬂq%gl said

wherein the phase plane representation
aé‘-J(Ur}UT)toofP§€§P€ef ddr §calfdekagtpy afpri thie, Pheasured
(@glN Gt fnpRi p&irl2. The system of claim 11, wherein
the processor extracts a plurality of scale factors
cl osest to the neasured (a(n),v(n)) pair and perforns
1an i mhexr poyatennodn ciaiith 1ﬂur@hét¢1h0qmdhﬂﬁﬁaléefactor is

lLe .f of.f neasured. S
d%%%r%“%g& %)Keoa[syé g%noo% cl gl?m T%i\f\](‘f'é)rdg 05 @h t)sei:s‘atr gSignal
sf(adt erHisiedcteripiacaudio at ranéduoert hadanpei g ielide of a
rkeh &I gnal r(n) reproduced by the audio transducer.

14. The system of claim 11, wherein said LUT is indexed by
the amplitude, velocity pair of the test signal, said
digital audio signal being scaled by the scale factor to

pre-compensate the audio signal.

15. The system of claim 14, wherein the audio transducer
is an earphone, said processor directing the pre-
compensated digital audio signal for playback on the

earphone.

16. The system of claim 11, wherein said LUT is indexed by
the amplitude, velocity pair of the recorded signal, said
digital audio signal being scaled by the scale factor to

post-compensate the audio signal.

17. The system of claim 10, wherein the phase plane

representation is a polynomial equation whose only
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s(n) applied to the audi o transducer and the anplitude

of a recorded signal r(n) reproduced by the audio
wonremsgdgagr . 14. The system of claim 11, wher eCI/US200d/020652

LUT is indexed by the anplitude, velocity pair of the

test signal, said digital audio signal being scaled

by the scale factor to pre-conpensate the audio

signal. 15. The system of claim 14, wherein the audio

transducer is an earphone, said processor directing

.the pre- conpensated digital audio signal for playback
LoRepradsnd gﬁ%ﬁrbéb%.s ghe &)st eRrgireraisharal wnerlditude and

sdaimall Weiscipgexed by the anplitude, velocity pair

of the recorded signal, said digital audio signha

bei ng scaled by the scale factor to post-conpensate

1ghe &0di 0 syghatm bE Teanyst 20| of whleaidnrlO, tMBer gi-Beessor

S R b s T S

fretgszn0 20 66Re renddpe meterite \Exdtaht essaegtirtheted and the
' | j ' lqcity. 18.

STREALE S AL G B0 8 00A, YEWIEH Larbles o e

Thé systemo

f&é«?m_d‘fyme%nWebangi-tal audi o signal d(n) to a | ow

frequency band where the scale factor is extracted and
| es scal ed and then upsanpl es the scal ed

the _sa
1§arrp|p*s§“rr?p%h?ﬂe°f5 dafheritEie e yPhase. Plene, rephedeptation
ottet eealgi NgaatphaserprancomSPhesenhat i RBmoel, 186! enonlinear
dgg%togcr SiJ oro¢:o ensg_t.l ng rrermg{%:l ess nonl i near ]
Cstortion Of 3 gHHFE CrERSHTSSY SR IFhge:
Syncﬁmmﬁhfmhp¢a§b@ﬂayhubkeemﬁdiﬂgzﬁfdan@pn%fg%arpoﬁlinear
t .Si audi.o transducer: and_Storin
tggﬁafﬁ 0 t%é%?ggg %E%nSP%éﬁbﬁﬁﬁﬂﬁ§ﬁF?ﬁj 289 the )
r ecofdeigigymal rapb ofdehd ests aigoalle ahgeliotudd A(n) to

thigohlﬁgafe:ctrﬁg& EEINNTL %q@i%.qﬂm/e a. & InaL grr@d.atluedefactor in a
loockup table (LUT) indexed by a signal amplitude, signal

velocity pair.

20. The method of claim 19, wherein the amplitude and
velocity of the test signal spans at least a desired range

of the phase plane.

21. The method of c¢laim 20, wherein the test signal
comprises first and second sine waves with changing

frequency and amplitude.

22. The method of claim 19, furthexr comprising
extrapolating the scale factors in the LUT to cover the

entire phase plane.

23. The method of claim of claim 19, further comprising
interpolating and resampling the scale factor in the LUT to

a desired amplitude, velocity indexing.
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velocity pair. 20. The method of claim 19, wherein the
anplitude and velocity of the test signal spans at
woOeeamsto4gs18lesi red range of the phase plane. 21PCThis2007/020652
met hod of claim 20, wherein the test signal conprises
first and second sine waves wi th changing frequency
and anplitude. 22. The nethod of claim 19, further
conprising extrapolating the scale factors in the LUT
to cover the entire phase plane. 23. The nethod of
claimof claim119, further conprising interpolating
and resanpling the scale factor in the LUT to a
2desi ekt agthésdder vala®l tio | NGex89n lﬁcﬂps e, actor is
2 08/048é£§bPCT/U82007/020652 24. The netho al m
¥acl s+ 2ft &S Lesfet 8iFnadd as@plaltude s (n)
andtm@cdkddﬁasfgmaslgmphlamﬂblkq@g s(n) and recorded
signal anplitude r(n). 25. The method of claim 19,
wherein the LUT is indexed by the anplitude, velocity
2pai r Tole trs-tt@dtosi ghakmf 0B, uskere irprihe ONPLNSat i Adexed by

aI yhac di trans
38 A Squal, Lok pLavhack pb WALA, Lisnsiveer . o,
PE? cpﬁ@emﬂﬂﬁmmeanveudept wigaial of ot hplagbacdkedn an audio

tehdBaldear. use in post-conpensating an audi o signa
reconstructed froman audio transducer. 27. The

nmet hod of claim 19, further conprising: Approximting

26he THE widthaa pot yeraial lgquﬁhb%l‘ﬂ"'%fe 1 Yis indexed by
nde e gnt var i bles are I he su;i1 npl i t ude andn

S|gna Pg'lty' vy pair of the recorded signal for use

in post-compensating an audio signal reconstructed from an

audio transducer.

27. The method of claim 19, further comprising:
Approximating the LUT with a polynomial equation whose
only independent variables are the signal amplitude and

signal velocity.
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