1 DIdTAL AUDI O SI GNAL PROCESSI NG METHOD AND SYSTEM
FOR GENERATI NG AND CONTRCOLLI NG DI G TAL REVERBERATI ONS
FOR AUDI O SIGNALS Field of the Invention [0001] The
present invention generally felates to digital audio
signal processing technologies, and nore particularly
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the reverberation device has a uniformstructure and

the generated artifi ABPIOSEMNELSti ons have the
characteristics extracted fromreal environnments.
Background of the Invention [0002] Artificial
reverberations are offidd ofisledldventick y audi o contents

to sinmulate effects of real environnents. |In many
applications such as headphone and speaker playbacks,
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signal processing application, it takes huge
conmput ati onal and storage resources to inplenment this

net hod. To reduce Bdikgrdiihof thle PavdRdon 5, 317, 104
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takes huge computational and storage resources to implement this method. To reduce the
cost, U.S. Pat. 5,317,104 discloses an electronic sound processor for creating reverberation
effect by convolving random white noise with dry audio signals to simulate the late part of
the reverberation.

[0004] A number of methods have been proposed to approximate the exact
reverberation or to create only the salient signals. Most of the algorithms use feedback
loops with delay lines, sometimes combined with allpass filters. U.S. Pat. 4,181,820
discloses an electric reverberation apparatus that comprises a plurality of loops having
different delay times and adapted to form sound repetitions of diminishing intensity,

wherein the loops are provided with tappings each of which has a particular delay time
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embodiment of the reverberation generator, each of the feed forward loops comprises a

gain stage, a delay line, an alipass filter, and a lowpass filter. In a further embodiment of
the reverberation generator, the allpass filter comprises an input adder for summing up the
input to the allpass filter and a feedback from a delay line, wherein the delay line is
electronically downstream of the input adder; a feedback loop with a feedback amplifier (-

a) for using the output of the delay line as the feedback to the input adder; a feed forward
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[0009] In another embodiment of the reverberation generator, the gain is calculated

by following equations:

G, = }d_E* DI,
di

Gy =G, |24 DL,

dt
where G, is the gain for the nth loop and DL, is the length of the delay line in the nth loop.
[0010] In another embodiment of the reverberation generator, the gain value in the

first loop varies from about 0.2 to about 0.5; and the gain values in subsequent loops vary



de * G'+, = G, dt DL,,, where G is the gain for the
nth loop and DL" is the length of the delay line in
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[0014] In another embodiment of the digital audio signal processing system, the
reverberation generator comprises an input means for receiving the digital audio signal
input; a summing means for generating a digital audio signal output containing the digital
audio signal input and reverberations; a digital audio signal direct path electronically
connected to the input means and the summing means for transmitting the digital audio
signal input directly; and a plurality of feed forward loops configured in a cascade manner

for generating reverberations; wherein the output of each loop is provided to the summing
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[0017] In another embodiment, the article of manufacture further comprises a
controlling mechanism that extracts reverberation characteristics of the digital audio signal
when the digital audio signal contains reverberations from a real environment; wherein the
reverberation characteristics include one or more of the following ones: final echo density,

rate of the echo density to be built up, decay rate of overall energy level of the echoes, and

differential decay rates of high-frequency signals and low-frequency signals.
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[0023] In another embodiment of the method, the delay line in the first loop is
approximately equal to the delay time between a direct signal and its first echo.

[0024] In another embodiment of the method, controlling parameters of the

reverberation generator include number of feed forward loops, lengths of the delay lines,
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“’”??3 anot h }amzlﬂ%&mbﬁam%ﬁ{fﬁén%@?cg&ﬁ reygiergfigmggagrator generates
veitet&Ton§ D SIEAWind o : ' i
L r S SDE SRR oY RGBT B i b e

nuiberagf feéchiorweoidd pepsn cotmlidie thy rite oé thessche Hamsity onbe abiltyup by the
th an

deownst.re of. the i nput .a r: f eedback | o W .
en BTN i MRS cBIR T L R DAl BR Mg i
dedayneteasd thBvéeRERackK 18w bhehd QWb BAARN dajfudedSH the feed forward
forward loop wth an anplifier electronically

loopgradcaoatiotlimetthe dpeayul aghd Gregueany sianalo wriutespabt &y Idvofrequency

. ) . ts fr he d line and the

sie B i Bt BB R B F et b s A o ¢ ne

[oozezt hod, ThesedgddYdditidRall Bbjeb@ydsi &kt ali@@Pade§ of the invention will
roximately equal to the delay tinme between a direct

becgg%r@_paréﬁﬁﬂ ?méh(?fql@?’ i*&:‘ﬁﬁﬁ@ﬂe[dmﬂ*jpﬁpn of prefereqd embodiments thereof
in c?ﬂgé)é?foﬂ‘%m}bt% a{:&gnrﬁgggﬁgggat olggstl rol ling paraneters of

reverberati I'ncl ude nunber of feed
forward | oops, lengths of the delay lines, 7 gain

used in the feed orvi?rd,l qQops, .and cutoff frequencies
and rol| off rat d&rigfDesprptiohphthe Dyawirgy s [0025] | n
anot her enbodi rent of the nmethod, the reverberation
generator generates reverberations in the foll ow ng

[00270nt r ol | Betferesinenbodiortitsohddondng he thé padsecinoesténsintily now be

by. t he. f f f d ; trolli th
despifped St HeeTgtstologaL ey oISt TR (RIBYeS Remedls denote like
elehi@ngt hs of the delay lines used in the feed forward
| oops and al Il pass filters; controlling the decay rate
[0028f t he OWKY dliF acvebegytit blask ditgrameillwshobg dompdrengaifa typical
. ysed.n.the feed forward |oops; and controlling the
dig; ;1ca§§/lo§fglﬁfalﬁc?ﬁsgﬁuency signals with respect to |ow
[ooZo equencyIG i gdalssa i ithl tahepiaudOtdspbiRUMERAE 288i0adIEhal in a real
roll off rates of the lowpass filters. [0026] These
CNVHAMNEYdi t i onal obj ectives and advant ages of the

oot R0 RGHAE R Sh SIRALS LY oo
of tha reomheatioogensrhting Ppeocase ofmpatiyitdl udiaweAgSprocessing system in
accordance with one embodiment of the present invention.

[0031] FIG 4 is a schematic block circuit diagram illustrating the allpass filter used
in the digital audio signal processor for the generation of reverberation in accordance with
one embodiment of the present invention.

[0032] FIG 5 is a schematic block circuit diagram of a reverberation generator used
in the digital audio signal processing system in accordance with one embodiment of the

present invention.



Brief Description of the Draw ngs [0027] Preferred
enbodi ments according to the present invention wll
now be described with reference to the Figures, in
whi ch like reference nuneral 8 denote |ike elenents.
[0028] FIG1 is a schematic block diagramillustrating

onent I 0 i | . . .
[oog?ggessorwq%bsg% ]s}zfﬁ)én%ﬁlzc is’ 89\215% (%1?/ hl ?e fronic audio device

111%@"@%’@3}@@ aph 1a&’£1€al& aif thes digital adio mgm&hbroc@@(w maRb&dbnce with one

a schematic function bl ock diagram of
empRERER 0 Gt Pres RoBRliam ot the - |
[ooBgver ber BIG; 9Rs JAPDRERE (Y%REQSG %?evgf eﬁtﬂh@fo%ﬁldéﬁilﬂpéu%io signal in
signal processing systemin cor ance Wi e
accg @Wﬁhpn@cmbugnm@dem piemang mivieation.[ 0031] FIG 4 is a
schematic block circuit diagramillustrating the
al I pass filter used in the digital audio signal

processor for thRtARADALHPHRbS HRVGHBSEGL T on in
accordance with one enbodi nent of the present

invention. [0032] FIG5 is a schematic bldock (of LCUH
ion .gener at or, use . the
toodgh 30 2" Bhey s S FhERLR) bl 2 Bt feadiBmtigence to he
folltzwvidg deteled iibegiptBR bf @frtalh@nbRIBSER b tHRVSRNLIGN. 8

0033] FIG 6 is a_schematic functional diagramof an
{001{9] ect r onl ROHEMY théy jagBlicatiqny syherei n@bltdaeoafp[alm geferamsd, the

dlscgf)su'i&gonfgthgéef‘@b dl@é'ﬂjdn atséf g{fﬁﬂé}' ggpeoﬁ%’tgcﬁﬁ ?_F?%gger nin glwéﬁntiretzes,

intoRhG dpplisatmnfih ovdenas oo flg@rtﬂi’saﬁtde@e sRves et RtweeR ti®invention
a. digital audio signal in accordance with one
Per@inSodi ment of the present invention. Detailed

[po3Pgscri ptyeg &fmt hﬁode‘i‘?{ N DR afi JP Eéllxei‘ eﬁq% tal signal
& Sieig

i nventi on may be understood nore“rea
progegsarh éDSPhIWidek hgvadbindted ednmaaubnatarﬂnnaﬁo@exrebcmraes FIGlisa

R RS eeb PASEARCH o e
Thedligitd a8bceSel phRSDr AURIFREL Q'Eﬁgi::%rl ¢ RhERYe é’l for Januttlng and

i ncorporated by reference, in the entiretie
outpuiing the prdie aitataon dnta bys defpr trmsgortmgfamkiioydattesfahmbbe plvecssor and

intefbto%gctﬁ ek pgrlpherais a Bﬂamorglz rl‘l\r/netnj S storing the input audio data and
intermediate data from the executions of the processor, a computational unit 5 for loading
the audio data and program data to host registers 6 and performing the processing then
storing the processed audio data back to the I/O interface 2 for output. The memory unit 4
comprises RAM, ROM, DMA, and 12C where the computational unit executes its
programs and stores all the data. The computation unit 5 comprises ALU, MAC and Shift
for performing additions, subtractions, multiplications, and other operations. It is well
known that multiplications usually need more resources, and short filter lengths and fewer
multiplications will save the load of the processor. The digital audio signal processor 1
further comprises a controller 7 that is usually present to control the processor through host
registers which are interfaced with the computational unit through data bus. In addition,
the controller 7 is connected to a User Interface so that the user of the processor could

input its instructions to the processor. Furthermore, the digital signal processor comprises



pertains. [0037] Most of the nodern reverberation
generation nethods use digital signal processors
(DSP), which have linited conputational and nenory
resources. FIG1 is a schengtic block diagram
illustrating conponents of a typical di gi tal audio

« PPN MEBREER Blnap e b ot e BB Sgponenss of
an amtio poadepsitg lsjf@enh hehapdiiphdat@an R dalas Hefudhd ‘%t not limited to,

ransporting audi o data within the processor and
keybg %F@B@]H’éﬁf’u ng with peripherals, a nenory unit 4 for

“’“ﬁ‘]"” R S5 clelPin BRI AR, R el LT Rut Fftguaes of s

romthe executio ’ne pro

dlraﬂ:m isign8l dndritsl readbergtiorshie aalk @ordlgihan anehl RAASABERIAR 5@ room.
s..6 and perform ng the processing then

It 1%?8?%‘?\‘&%?1‘& ieelsuerel sernhes édtséenl@é@ I@altscﬁrﬁih@dl js@ollowed by the

eCthSt (%JE&F@Y ?eﬂfe,%ong g’ d %%{ \)\lf-wl;l g e&ﬁﬂg conmp uetr g'tlrf%cﬁ g Imfheh ?tt‘arade“sucs

of thex ecimte will bs dispussgl mniztalictraihotes Ik ko bd ottt thERBhoes do not

utation unit 5 conprises ALU, MAC and Shift for
Chaﬁ%% 8‘3 Saddi tions, subtractions, multiplications,

[oozpd ot heAs OPRiEAhicaNs; HIG 125 Mﬁl kcvelfﬁlé}%oﬁ hﬁows 8ert%1n lgeneral

mul tiplications usually neéd nmore Tesources,
chafdclaristics avdading dredfoflowsrgs: thatt thepbirbatdhons i d]dlieS@aSe after the

e SO Rl SR he i B B gt

lateqt&btadﬂ the RhVeERPdtiohGn GRNiHOotnBR, lﬁ{eoé‘cﬁ&ﬁs%ec})ﬁé A dlffused
regi sters which are interfaced e conmputatio

and denge.t HEOVRYET.digt Amblase thmreaametatmns, a rmlbmazﬁmaomdel Has to be
t
estabfla R IEEEEIA CocielPBenli R DRFBR D sdhefiEhe ™ cach wpe
of rpalommmenl%urfhtepémﬂ@r chilﬁct@h%dsa&on&'d@fé@' 1nﬁﬁé’§>§e°s%9{ invention
S a peripheral interface 8 through
md‘c“i%‘en% lo%“i’é)s@m’éﬁaﬁa‘ierﬂfeqch@tdemltw%bmbwltdmm‘@%’ma@ of the overall
e i %?;‘%S P GRS R e o es SR BOR Rl o fgeauency

signaisc d%r[e@@ﬁ@]e hbewrd’oaf ahe fing deho [bA3iR, ankiNBE Eat@bLecho density 1o be
trative anplitudes of a direct

b“ﬂ&aﬁ\ﬁlé&e A8 e 812 B0 Biegom: (IGREaHCbEirem doribs Fsien th density of
the £@Rks QAN bk %HFG}E PG AR éﬁe?f’c{ﬂ% of héqag D AP %ﬁé?g}g level of

the direct sign reaches I st ener ears fiIrs
the ¢chotoii¢rmnds Obyhet Eﬂieorpﬂoh o sheaufeds. bin adefticec theorgeafon surfaces

f Ol [1s iding and o urfaces. The
engeyBP ol o R icOehed SiaolscBin oM TG0 (S Aseg resul, the
highd@éqichc eibgaln déda rfasiértthérﬁdcs theREwR e\ BEnal N §1&E 1% $he high-
do not change their pitches.
frequency signals decay with respect to the low-frequency signals depends on the surfaces
of reflections.
[0040] Now referring to FIG 3, there is provided a schematic function block
diagram of the controlling mechanism of the reverberation-generating process of a digital
audio signal processing system in accordance with one embodiment of the present
invention. As shown in FIG 3, the digital audio signal processing system 10 comprises a

digital 1/0 interface 11, a core processor 12, and a controlling unit 13. The digital 1/0

interface 11 and the core processor 12 are very similar or identical to the ones shown in



[0039] As illustrated in FIG 2, the reverberation
shows certain general <characteristics including the
follow ngs: that the early echoes are quite sparse
after the direct sound; thajgthe density of the
echoes increases in the tinme domain; and that in the
ri&at .t reverberatign in the ting domain, the .
S s MEABUEINGHE TR (e e RS b ciectionically
cormord e (helconSollBH7adfEF ] Ghietol@M@6Ia8E akvk@RftioR generating process.
reverberatjon nmpdel has to be established by
10083t r act i Agll seleiraantoddbud.ithere dhprosisied ninsere dlstaded titreription of the
&8N j ] -YRe f.real environnents. The ., .
o Do LA LB DN et P Rer Y SRR eaciriics

of Emaeniol signal ifrarh uble atidivadigieg hev BRSNS of &lctreal e®ERRment to be
decay rate of the overall

. density to be built up, rate

Sm}é‘\i”é?‘gy%(}&ﬁpeé?l%%éﬁmhﬁag@? thagaciaristied ingladafingl sces dofksithil ¢ rate of

helde® i k I r signal.s. ,Far

el L SAUERGY RS 15y LRSI By Pl cotos 14

and &flercafialetehey densif hjght- Beduencyosiphdls Al I0RPRAMAY S4fls 14d.

00 ;hze of Jrge room The snmpller the roomis, the faster _

[9%93le denst RSP dnese; Wé’eg?&ﬁ%@él fiaractgristisaiare tigpslated into controlling
efcher W8, spb&igich f tndifle il ] i

parl evel of thsg ecﬁo%%e%lgp%gdggee%%%? ﬁé&akg%%ﬁiﬂgn&g‘%lﬁ%% info the

nugkarfefdess forwamldigops 4. (The fimef ket deasitss isrthagember of echoes of a

..generally.absorb re.high-fre nc i gnal s than
e BE b ihs b7 yibPEmedehont S e FwRe i leda Fiward loops to be
used i gletbmaastemalte $o1BWhS nte6aY tHeakhss thd@modOtotiSuitt up, the more
ncy signals. How fast the high- frequency

| owfreque
loogs ghaid %@?eétab}ctwethﬁvleesﬁemralﬂso 3 he rooevdarsque meyuired to have the
fl ections.

y d th wfaces aof r >
desfhBEaRI0AA0S, 8P ULNRARULIERS (8Tl FUL SOLLOS o ana e way
hunsheamdidiysySenCivb e, Haasknabltl dedeaiPpRixithorCBP el Btho density

.,mechanj,sm of the reverberation-generati ng process of a
willgiye f‘gﬁ"ie’é@&ﬂ%ﬂl@ GhHie iprloasgenment shen other portdbrgieaarpeters are

| n [ r Lnyention. .
conthtlean € GNG! ARl Uhald LS b LIS Bl B gencity
expsysieeisikOvscdprd $@spsaare diudfidiant for Ghé RiLEEASE Ad endlosed massy

core processor 12, and a controlling unit 13. The
envigpiypen sueh 85 @ PR g dare adngh eqhe depsity gdor mariprung of 4 loops is
nec@k&yvery simlar or identical to the ones shown in 10

FIG 1, thus no detail description herein. The
[0048bnt r ol IThegateniftechd demsjtybie belbeidt npbdle alill Ye trantimed tied the delay

‘ controlLlLer,7 of FIG.1 to control|  the . o
tengif b R PGS 156 raf diienpef 58t Trocelay Bassiysed i the digia
signaepretédsing deQicklifelSde ﬂ]@@fe%g/! IfeR 9 dlade ﬁm?? EII%? ARt RidAthes used
. description of the operaftion of the controlling uﬁllt
in thegllppss Wlters.osthe zate of Hie gsbodensity todednblenpts defined as the distance

e SRR 2455 BB, PR SR e e
few echoes well generated because the human auditory system judges the environment
depending very much on the first few echoes, As the echoes become more and more
diffused in the later part of the reverberation, the distances between the consecutive echoes
are of less importance to the human auditory system. The delay lengths of the delay lines
used in the Joops and the delay lines used in the allpass filters can be determined in the

following manner: the longer the delay lengths, the slower the echo density will be built



simul ated. The peculiar reverberation characteristics

i nclude final echo density 14a, rate of the echo

density to be built up 14b, decay rate of overall

energy |l evel of the echoes i44 and differential decay

rates of high-frequency signals and Iovv-frequency

Si I ion .
B S e B IR TR O it Dot e cqmat o he
delpabeimere e, divot soumpdead fliedatd athot Mae Hbl@ﬁ'ler%ﬁh@f tH@ B8k} ¥ne in the

ansl.ated into the nunber
ﬁrs% 8?9\%?? #“Iebg‘bébl‘?s‘il bergquaktpthg d@@hbet&’é%thﬁﬁrﬁsedlh énd Seoond echo.
T f t t ,t,he, 1 ai
0%'1&1’91%&3 ?éaxgg Eggﬁ I ? ﬁ%}%ﬂgl‘éfﬁg fde elgﬂét% ?z&c 8%16% 11318 and each

ali}b‘@S filtlsewili e defaewiy ﬂﬁgel rftchehd s nghdmaﬁ‘ﬁ[engﬂﬁ% the delay
I %ﬁﬂerﬂthe choes ﬁJo be built up, the nore {J
DehHH 8'pare f‘?%&% & %HB\Péﬂméééere?f’dWl?leds*%lﬁ ﬂm)ffé MG squations
respdclvél@qui red to have the desired effects. Because of

the diffusive nature of the |ate reverberation and the
004y hunmdM, aedPi,ory system works, a reasonable aifsgon 1

approximation for the final echo density wll give
[0043)f f i ci eﬁﬁ,+sen®'?,;xt“won of the real environment wheWuation 2

ot her controlling paraneters are correctly set.

[0048kner al | yherg rDIe-p@ ithesioagth of delay dime an sepuath dooy; (AP, hmllength of the
d and perjment, shows 3 to 4 |0

deléfl\ﬁ@e;l&ﬁﬁ%] g}hen psé§s ﬁlt?r b4 ag(?E eatlhp SRVirgimert cpef, lé@nﬁag;b? Vaiues of

x ahy ivegnii@ftabsuch1as aboutd rfk the Wrldih 'MiBe ﬁeﬁ Ghe€ 9{% Sﬂ%fd’n are

Pen3| ty and a mnimumof 4 loops is neces ary.

preferadle W9rke Bime aRBbasnwhich wild eharp aishrootipdecap ofithel refertion sound
tﬁJu@ h delay I|engths of delay lines 15b.

b Eiil s@iﬁg@eéﬁﬁgﬁ?}%after the delay lines used in the

{004@] gital Tisi c@naﬁ rapps Giths sidagll eeyiCef doR6EUOR Wilthed@ndied into the
e.loops and the delay lines used in

d
geins iR s RaR 458 Thesay mom@ev@ﬁnm@gww@l dbihe keho is Gefined by
the pé%iu@ﬁ‘bﬂ Bf Hﬁ% bsergle b iRd, ? E]?ﬁe Stlﬁrﬁgl%% piod. }é\fﬁﬁt%g%e expressed

ec oes. I's | iport ant
rst few echoes well

r at|onto have th |
o ISR B bR Q0BG ek bk Bty S vame sy dor exnple, o
env_l ronment depending very nmuch on the first few
rooma gtithecarpadidon absmhsna'smb enaiehen®r thafReboden €oofli ThivSB& acteristic

ter part. o E rever ber atl on, the distances
can b8 it 0 Bokbindin SR AR She Sragler ohe g arere ek over
energ,gﬂ lehs dTURBRcABEY BQays SYSESHin I&?ggt g}’(g! ﬁx@&ﬁ*%algula{egeby the

elay lines wused in the | oops an
Oliqygggjeqq@tlpn@ al |l pass filters can be determ ned in the

fol |l ow ng rg@éL_khe | onger the delay Iengths, the

004§yl over tde. o ensity will be built 11 up. E

[ gel ay lefgthddf the delay line in the first |oopduation3
(delay line 1) will be equal to the

dr
[0049] G, =G, — *DL,,. Equation 4
[0050] where Gy, is the gain for the nth loop and DL, is the length of the delay line

in the nth loop. To simulate a room with higher absorption of sound, the gains in each loop
will be small. Typically, the gain value in the first loop varies from about 0.2 to about 0.5.

The gain values in subsequent loops vary from about 1 to about 2.



del ay between the direct sound and the first echo. The
delay length of the delay line in the first allpass
filter (AP 1) will be equal to the del ay between the
first echo and second echo. 1Jo sinulate a large room
i ke a church, the delay lengths in each delay line

d each | -yl Ll l-pe relatively |ar
{Oog\?t er thgh?id# s%éﬁ%%pd,&%{}rea% e+%§lgp ﬁeé]flﬁ%c_yi %ﬁg’i‘%algﬁloavfmquency
sighélnddd awitl balttapsised finith tﬂﬁ Sut6lfiegerRRRIAY kdBb Ste to_f Iovxlfpass filters
ith the foll ow ng equations respectively:
15 0 4108 e dfenciepind rall o aiintar dbe fltop OBlisjoimmine, bow Tast high-

o e a0 " s the |ength of
fi etgtgalng);/ Sl?éflﬁg ldi@%dy?bﬂxél% fﬁshgﬁq gcg %ou\/\-%gﬁffeﬂ% s*gg%lat Eowacﬁ%gvnonment, the
decaglratys bf digferent flequatciesalabpassndrilly, eigh Fe@rdcy sighls W be more

environment .coefficjients, The values of x and y vary _
abSPirfbc?ﬁ] bé(bfggtfefl‘?%mfl SUEBEt Mheghamsteristpgemsbeoguantifiediad thy relative
iffetd}RS i i : | Rerpr | nupber s ,
e L A A R o
aund wi t.hout sifgnificant burst signals. [0047] The
for g &8”?%!?%3% 15¢ Egcgv &vhgrq Egtitgreggnte thceenseaysior e omitain freguency f.
translated into'the gains in each |oop 15c. The decay

Thik @hgraoferibtiewaly 8k al Yere B6mgkex! f¥&lriPf &B@ei.ef‘mﬁ ih ?nos‘hof the cases,
defined by the reduction of the energy of the echoes

somy ogipass filiere carebe weed tahipvha ceanopdliesipseapeckimaforbguetn the fact
whe: . t r of .the ec and t
o B PASHT TRl STl PSS ot v

filtdrk dwracibRophse woehth Miflatdehis VhatdRAMMOOARE 16LRRE filters can be
This characteristic can be translated into the galns

realizedebi finfig gsponpe filiesy (R) taveingaitagesnoase fierst @R er The cutoff
; : t ecays,. The gain .

0t k) U kU G000 HSSTT p aa

decaywathirespsct 0] 100483 quncysighall. BLsifgleatnsemantai@0duckfilter can

dl* "+ = G dt Equatign 4 [0050] where G, is the
be agférishorfiﬁl'rlof"’ﬁ?éssﬁﬁﬁrF‘g%%‘%%ﬁ“ﬁl’ﬁ is the length of the

lay |ipe.pin the,nth [oop. To simulate a roomu th
EOOsﬁllegher a%’so?ptg‘i' o% f?sound, the gains in each I(%%auonS

o1, 808 | 178 e MG ) 8 B 5 e
that g apnfikerb seybe mplemeptsd watlydifferm shetired atdomethods, without
bein%‘limited to the one this patent provides. The cutoff frequencies of the lowpass filter
will be very specific environment dependent. The cutoff frequency for a typical room
environment is recommended to be between 5000 Hz and 15000 Hz with the first order
lowpass filter implementation provided.

[0054] Then, these parameters will be passed to a contro! unit controlling the core
processor, which loads the input digital audio data from the I/O interface, performs the
reverberation generation. The output signal including the reverberétion generated is sent
out through the 1/0 interface.

[0055] The method of the present invention for generating reverberations is unique
because it gradually builds up the density of the reverberations and at the same time decays
different frequency components discriminately. At the same time, other characteristics

including the final echo density and the decay rate of the overall energy level will also be



12 [0051] The differential decay rates of

hi gh-frequency signals and | owfrequency signals 14d
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roll off rate of |owass filtgrs 15d; _the cutoff

frequencies and roll off rates of the f;’Lteés vv|II_th
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characteristic. The |lowpass filters can be realized
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loops and allpass filters can be realized by circular buffers in digital signal processing. The
lowpass filters can be realized by FIR and IIR filters, generally, first order IIR filters will

be sufficient for most of the environments.



because it gradually builds up the density of the
reverberations and at the sane tine decays different
frequency conponents discrimnately. At the sane tine,
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confiiparedivagh ahe @ohitol of the reverberation characteristics (i.e., setting up the
parameters of the reverberation generator including the number of feed forward loops, and
the gains, delay lines, allpass filters, and low pass filters for each loop) 53; then the
simulated reverberation is generated 54 and output 55. In the step of exiracting
reverberation characteristics, the extracted reverberation characteristics include the final

echo density 14a, the rate of the echo density to be built up 14b, the decay rate of overall



shows 4 feed forward | oops, but the nunber of loops is
not limted to 4 and can be changed when necessary.
The delay line in the first loop is recommended to be
equal to the delay tinme betygen the direct signal and
the first echo. The delay lines used in the feed
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device of the present invention is reasonably I'ow for
the following reasons: the design involves very few
mul tiplications; all the delay lines can be realized
by circular buffers; and the | owass filters can be
as sinple as first order IR filters. [0060] Now
referring to FIG 6, there is provided a schenmatic
functional diagram of an electronic audi o device
illustrating the applications of the digital audio
signal processor in accordance with one enbodi nent of
the present invention. The el ectronic audi o device 40
conprises a nenory domain 41 for storing all databases
and enabling all conputational executions, an audio
nmedia file database 42, a decoder 43 for decodi ng al
audio nedia files before each file is output, a
controlling unit 44 for performng the controlling
process of the reverberation generation, and a
reverberation generator 45 for generating the
reverberations according to the characteristics
controlled by the controlling unit. The nenory domain
41, file database 42, and decoder 43 are well known in
the art. The electronics that can enploy the digital
audi o signal processing system of the present

i nvention further include handphones, portable

pl ayers, TV, DVD player, and the |ike. [0061] Now
referring to FIG 7, there is provided a flowhart of
generating



reverberations for a digital audio signal in

accordance with one enbodi nent of the present

i nvention. The generation of reverberation 50 of an

input digital audio signal 54gstarts by choosing one

real environment to be sinulated and extracting the

reverberation characteristics for the chosen

envi ronnent 52; then the reverberation generator is

configured wth the contraLAfMEhe reverberation

characteristics (i.e., setting up the paraneters of

the reverberation generator including the nunber of
wieadfigkwar.d | oops, and the gains, delay lines,

all pass tilters, and |low pass filters for each | oop)

53; then the sinulated reverberation is generated 54
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Igi@ t nd is supported by
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is: 1. Arever ber ation gener ator for generating

rey, rber s of a diagi si gnal |nput
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conpri sing: an input neans for réceivin
audi o S|gnal |nput a sunn1ng means for generating a

3. di gf‘he%evergei a{; ion %%itor ol‘ftcﬁ)alm ) W 1telae|11§] he%ll%agses fq 69 compnses

an input adder for summing up the input to the allpass filter and a feedback from a
delay line, wherein the delay line is electronically downstream of the input adder;

a feedback loop with a feedback amplifier (-a) for using the output of the delay line
as the feedback to the input adder;

a feed forward loop with an amplifier (a) electronically connected to the input
adder; and

an output adder for summing up the outputs from the delay line and the feed

forward loop.



audi o signal input and reverberations; a digital audio

signal direct path electronically connected to the

i nput nmeans and the summ ng neans for transmtting

the digital audio signal inpyt directly; and a

plurality of feed forward | oops configured in a

case er: r ; rever. ns: -wherein )
* The Bt il BenSBEOF LA 3, ANFRShE KURETRE IRE ¥/ dha e are
beiveenabautd.@ind dbbet $dnme tinme to the next |oop; thereby

the plurality of feed forward | oops generate the

reverberations sinulating the real environnent that

are | . O & \ : .
3 r oAU E TRt QoG » Ak 1% R B ek line i the
{irsteallpasseiladriio aprgexieraadip eqadl to e deldy timbdesisenahe firvfecho and the

the feed forward | oops conprises a gain stage, a
Saﬁ%ﬁ 9ine, an allpass filter, and a | owpass filter.

3. The reverberation generator of claim2, wherein the

al l pass filter conprises: an input adder for summ ng
6. up tihe révepbaration géreradl plcisinf B) tvbercanille defledbbak tHer debay lines

del | ine ein the delay line is

an@?%%??ﬁﬁ?@&ﬁﬂ?ﬁ@%ﬁ%&?W@SHP ®She input adder; a

feedback | oop with a feedback anplifier (-a) for using

the output of the delay line as the feedback to the
7. i npdte aengeheratipnfgsaerafog olataim| 3o oewin thedengiimpf ibei dstay(lades in the

| ectronicall nect ed t.o t.he .input. adder: and an.
st Shib s PRI et blRsh o S Bliov i alfugs

line and the fggg,gﬁgymyrd Ioop. 17 4. The

reverberation generator of claim3, wherein the val ues

whefe A} s the lamgh afahe dehgtitren BOU alpfs ddr;ab&iithe @nironment
5.. The reverberatiqn _generator of claim3, wherein the
coglpignts ard thepyaluger ys frpmeabpopt 1-héo aljout §6. al | pass filter
is approxi mately equal to the delay tine between the
first echo and the second echo. 6. The reverberation
8. gendhatoverigfratelnagame Bitorvdlarl @im?2 t Wwherbimngt ldslagflinal ih thdéirst loop is

del ay lines_  and | pass filters are preferahly prine
DGRBSy S0l (1Be Al s bt e Ut HEGH 208 16 Fa (FF120-
wherein the length of the delay Iines in the allpass
filters except for the first allpass filter is
9. cal db¢ atverbemtiontgenémtdr efichgmed udieicmgie length of the delay line in any

loop except for the first loop is calculated by the following equation:
DL, =DL *x
where DL, is the length of delay line in the nth loop; x is the environment coefficient; and

the value of x 1s from about 1.1 to about 1.5,

10.  The reverberation generator of claim 3, wherein the delay lines used in the feed
forward loops and allpass filters are preferably realized by circular buffers in digital signal

processing.

11. The reverberation generator of claim 2, wherein the gain is calculated by following

equations:



AP, ,,, ~ AP" * y where AP" is the length of the del ay
line in the nth allpass filter; y is the environnent
coefficient; and the val ue oﬁ y is fromabout 1.1 to
about 1.5. 8. The reverberat'%n generator of claim 2,
wherein the ine in the first loop is
approxin%§QJ dBq to the delay tine between a direct
signal and iys;fiTét echo. 9. The reverberation
generator of claim8, wherein the |length of the del ay
line in any |odprexcept for the first loop is
caIculatéﬁnb?G&é%;%éﬂhﬁmﬁng equation: DLn,, = DL,, * X
where DL" is th fength of delay Iine in the nth | oop;
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generator of claim3, wherein the delay |lines used in
eed forward | oo d allpass filters are

t he S .
2 oFhS TReiP Ui SRaTaly o ¢ 8 b BhFEEr heigsiyvghe & the first loop
£els G abddi 0298 $bet-0.5 i ' I
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1 teghoagt Pons: 18 CDL G = ~LdE G'+i = G' di DL,,,,,,
where G' is the gain for the nth loop and DL, is the
length of the delay |line in the nth loop. 12. The

13.1 eVeRdRFvaitelfliodaRBER RTof Uaifl R vieldin 4O &FWRRs FillGs IRl
val ue in tr?e 1fOi reéls%t I oop? vaéri es fro% aboﬁagsf glntgy[c%g@é ﬁreferabiy

FIRa®slU R diltsrs, amtimpteeprgerably st esler HRsfiltsequent | oops
vary fromabout 1 to about 2. 13. The reverberation
generator of claim3, wherein the |owass filters are
preferably FIR and IIR filters, and nore preferably
first order IIRfilters.



