1 DI A TAL AUDI O SI GNAL PROCESSI NG METHOD AND SYSTEM FOR GENERATI NG AND
CONTROLLI NG DI G TAL REVERBERATI ONS FOR AUDI O SI GNALS Field of the

I nvention [0001] The present invention generally relates to digital audio
signal processing technologies, and npre particularly to a digital audio
processi ng nethod and systemw th a reverberation device for generati ng
and controlling artificial reverberations for audio signals, wherein the
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all pass filters. U S. Pat. 4,181,820 discl oses1 an electric reverberation
apparatus that conprises a plurality of |qops having different delay tines
and adapted to form sound re%%‘fl?g_l"f"b%%of)@eg(flﬁfqﬂ‘g’ni ng intensity, wherein
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[0002] Artificial reverberations are often used for dry audio contents to simulate
effects of real environments. In many applications such as headphone and speaker
playbacks, artificial reverberations are added to give the listeners a sense of being in real
environments.

[0003] In nature, reverberations are echoes from various reflections in real
environments, such as a room. The ideal way of generating reverberations will be
convolving the audio signal with the impulse response of the desired environment. Such a
method in practice is computationally costly. In a digital signal processing application, it
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




2 associated with it. U S Pat. 5,621,801 discloses a reverberation effect
inparting system that includes plural conb filters, each of which has a
signal delay line and a feedback loop for filtering a del ayed out put

signal fromthe delay line and feedi ngzrthe filtered signal back to the
input side with a variable |oop gain. 9he drawback of such feedback systens
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directly; "an plrura orwar oops configured I n a cascade
manner for generating reverberations; wherein the output of each loop is
provided to the summing neans and at .t he sang tine to the next | oop;
thereby the plurality of feed>Wymuyefyyentdherate the reverberations
simulating the real environnent that are conbined with the digital audio
signal input to produce the digital audio signal output. In another
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pass ter and a feedback 'froma delay |line, wherein the delay line is
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
means and at the same time to the next loop; thereby the plurality of feed forward loops
generate the reverberations simulating the real environment that are combined with the
digital audio signal input to produce the digital audio signal output. In another
embodiment of the reverberation generator, each of the feed forward loops comprises a
gain stage, a delay line, an allpass 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




el ectronically 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 3 loop with an anplifier (a)

el ectronically connected to the input adder; and an out put adder for

summi ng up the outputs fromthe del ay3rine and the feed forward |loop. In
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for the first loop is calculated by the follow ng equation: DLn+l DL, * x

wher e Diallppss filies i eabgpiatedby Beifaowingeapationhe nth | oop; x is the envi r onment
coefficient; and the value_ of X.,is fromabout 1.1 to about 1.5. [0008] In
anot her enbodi ment of tfierr evef brati on generator, the delay lines used in
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equat| On[50()7]~d ’ In another embodiment of the reverberation generator, the delay line in the
first loop is approximately equal to the delay time between a direct signal and its first echo.
In another embodiment of the reverberation generator, the 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 is from about 1.1 to about 1.5.
[0008] In another embodiment of the reverberation generator, the delay lines used
in the feed forward loops and allpass filters are preferably realized by circular buffers in
digital signal processing.
[0009] In another embodiment of the reverberation generator, the gain is calculated

by following equations:

G, = 9dE DL,
dr
G. =G, |“Cpr
dr

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




G =-dt DL, dE G+, - G dt * DL 1 where G' is the gain for the nth | oop
and DL" is the length of the delay line in the nth loop. [0010] In another
enbodi ment of the reverberation generator, the gain value in the first

| oop varies fromabout 0.2 to about 0.5; and the gain values in subsequent
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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.
[0013] In another embodiment of the digital audio signal processing system, the
controlling unit receives one or more of the following reverberation characteristics: 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.
[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




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

hi gh-frequency signals and | owfrequency signals. [0014] In another
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medi um  WHRNRING eenvironments for a digital audio signal input, wherein the digital audio
signal processing system is embedded in the computer-readable medium; wherein the
digital audio signal processing system comprises: a digital I/O interface for inputting and
outputting digital audio signals; a controlling unit electronically connected to the digital
I/O interface for receiving the input digital audio signals; and a reverberation generator
electronically connected to the controlling unit; wherein the controlling unit receives
reverberation characteristics of a digital audio signal of the real environment; and wherein
the received reverberation characteristics will control the configuration of the reverberation
generator so as to generate the reverberations for the digital audio signal input to simulate
the real environment.
[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.




digital audio signal processing systemconprises: a digital I/Ointerface
for inputting and outputting digital audio signals; a controlling unit

el ectronically connected to the digital [/Ointerface for receiving the

i nput digital audio signals; and a reverberation generator electronically
connected to the controlling unit; whét ein the controlling unit receives
reverberation characteristics of a digital audio signal of the real
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[0022] In another embodiment of the method, each of the feed forward loops
comprises a gain stage, a delay line, an allpass filter, and a lowpass filter. In another
embodiment of the method, 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 an feedback amplifier
for using the output of the delay line as the feedback to the input adder; a feed forward loop
with an amplifier electronically connected to the input adder; and an output adder for
summing up the outputs from the delay line and the feed forward loop.

[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,




differential decay rates of high-frequency signals and | owfrequency
signals. [0021] In another enbodi nent of the nethod, the reverberation
characteristics include one or nore of the follow ng: final echo density,
rate of the echo density to be built p, decay rate of overall energy
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the |l owpass filters. [0026] These and additional objectives and advant ages

of the invention wll CO[TE..Q rent f.romthe foll ow ng.detajl
descri pti%8#lof pr \g%’@f‘?ré%e%rﬁg‘g‘afr%@ LPRER ?’r’ thE phehHivBRiSIE Wl i be
described with reference to the Figures, in which like reference numerals denote like

elements.

[0028] FIG 1 is a schematic block diagram illustrating components of a typical

digital audio signal processor.

[0029] 'FIG 2 shows a typical amplitude response of an audio signal in a real
environment.
[0030] FIG 3 is 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.

[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.




I n connection with the acconpanying draw ngs. Brief Description of the
Drawi ngs [ 0027] Preferred enbodi nents according to the present invention
will now be described with reference to the Figures, in which |ike
reference nunerals denote like elenments. [0028] FIG 1 is a schematic bl ock
diagramillustrating conponents of a t&pical digital audio signal
processor. [0029] FIG 2 shows a typical anplitude response of an audio

signal i[oo3s] real FOV6riorBemalio FafdtidnalGdgram afsaheletromic faudint devicdl ock
di agram of the controlling nechanism of the reverberation-generating
process igpstgatiaedhe aPPIbﬁﬂHP’éS of theaigitl sudiosvigrp! Pyeteatnriip aceREFAMNELOUT th one

enbodi ne %ﬁbo%méfﬂ%ﬂ@%% tfngglﬁﬁ)el on. [0031] FIG4 is a schematic bl ock

circuit diagrami all pass filter used in the digital audio
si gnal p(oesagssor fHIGThe @ﬁmﬁaﬁtdf @encadtinga¢e¢rbemtidnsaior a d1gataba11dctamg1mlm th

one enbodi nent of the present ventlon k0032 FIG5 is a schematic bl ock
circuit %?F‘ér&?%ﬁ?\"&‘f %I’er%@db‘@?%ﬁ e RjeeRl WVeRtiQsed in the digital audio
signal processing systemin accordance with one enbodi nent of the present
invention. 8 [0033] FIG6 is a schematic functional diagramof an

el ectronic audi o devi ce DietailedDuscmptiotnef dhednventianons of the digital audio
signal processor in accordance with one enbodi nent of the present

i nventi on. [0034] FIG7 is a flowhart of generating reverberations for a

di gi t al O Si gnple prBsen?GHRAAGIGR Wetdhd@ﬂﬁ)o@rfﬁ@‘é'reﬁﬁty l%}fretfél@ndért@&ﬁ@t
|nvent|on tailed scription of yhe | nvention [0035] The present

i nvent i oﬁollqulgbbta;ﬂndécmﬂ@bdn ﬁﬁqaeetarreqnlquymws pétherieyendiono the foll ow ng

deta | e PL ARl b BB Shub g PSR Rt e

'([jlh Z ::Ir OZ ;tgllﬁt?%s??eestsckfe@@sewmﬁtﬂiﬂs(h@@h&é@ h@bqibmemsa reffatednhieir eftaetace, in
into this application in order to more fully describe the state of art to which this invention
pertains.
[0037] Most of the modern reverberation generation methods use digital signal
processors (DSP), which have limited computational and memory resources. FIG 1 is a
schematic block diagram illustrating components of a typical digital audio signal processor.
The digital audio signal processor 1 comprises a digital I/O interface 2 for inputting and
outputting the audio data, a data bus 3 for transporting audio data within the processor and
interconnecting with peripherals, a memory unit 4 for storing the input audio data and
intermediate data from the executions of the processor, a computational unit § 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




into this application in order to nore fully describe the state of art to
which this invention pertains. [0037] Mdst of the nodern reverberation
generation methods use digital signal processors (DSP), which have limted
conput ati onal and menory resources. FIG1 is a schematic block diagram
illustrating conmponents of a typical oQgi tal audio signal processor. The
digital audio signal processor 1 conprises a digital I/Ointerface 2 for
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system The peripheral, can he devic i ncl.udi but not |imted.t0
keyboar dlél_[ea??gt ‘i’fltg‘é .revfﬂ??é](ml\’ﬁ\kﬂ? Té‘f“%%?’ g {Rs #&éil?ecpﬁ’grlgcrg?sén%}' g%/f?uég% t he
i |1 ust r agdvgerRBPIHdWERS, @f sithuldle HEBS teveiigiatondNd retdibérated hasdl hanso be a
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It is toinbrRdBFMRHeéttadersiie, RENOLECHIOdeMSIty to be built up, decay rate of the overall
energy of echoes, and differential decay rates of high frequency signals and low frequency
signals. For example, in a room, the final echo density and the rate of echo density to be
built up depend on the size of the room. The smaller the room is, the faster the density of
the echoes will be built up. Furthermore, the rate of decay of the overall energy level of
the echoes depends on the absorption of the surfaces. In addition, the reflection surfaces
generally absorb more high-frequency signals than low-frequency signals. As a result, the
high-frequency signals decay faster than do the low-frequency signals. How fast the high-
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 I/O interface 11, a core processor 12, and a controlling unit 13. The digital /O

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




change their pitches. [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; that the density of
the echoes increases in the tine domain; and that in the late part of the
reverberation in the tinme domain, the1@choes becone increasingly diffused
and dense. However, to sinulate the reverberations, a reverberation nodel
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referring to FIG 3, there is provided a nore detailed des ption of the
oper at i OFRAN AUdHOBLFISIE! WRR, wiFRasoneBle gipsesapproximation for e é‘@&ﬁ?li“)aﬁienmy

reverbe r@,ﬁ &Oe g\ﬁﬁ Rt fe%a%fo'n%? the real environment when other controlling parameters are

correctly set. Generally, an open space such as a square will have lower echo density and
experiment shows 3 to 4 loops are sufficient for the simulation. An enclosed massy
environment such as a market will have a high echo density and a minimum of 4 loops is
necessary.

[0043] The rate of echo density to be built up 14b will be translated into the delay
lengths of delay lines 15b. As discussed hereinafter, the delay lines used in the digital
signal processing device include the delay lines used in the loops and the delay lines used
in the allpass filters. The rate of the echo density to be built up is defined as the distance
between the echoes. It is important for the simulation of the reverberation to have the first
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 loops 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




of an audi o signal fromthe audi o signal reverberations of one real
environnent to be sinulated. 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 |level of the echoes 14c, and
differential decay rates of high-freqﬁéncy signals and | ow frequency
signals 14d. [0042] Then, these reverberation characteristics are
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byc:;—E , where E represents the energy of the echo and t represents the time. For example, a
t

room with carpet floor absorbs sound much better than wooden floor. This characteristic
can be translated into the gains in each loop: the smaller the gains are, the faster the over
energy level of the echoes decays. The gain can be approximately calculated by the

following equations:

dE
[0048] G, = —dT* DL, Equation 3
dE
[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.




up. The delay length of the delay line in the first |oop (delay line 1)
wll be equal to the delay between the direct sound and the first echo.
The delay length of the delay line in the first allpass filter (APLl) wll
be equal to the delay between the first echo and second echo. To simulate
a large roomlike a church, the del ay1Rengths in each delay line and each
allpass filter will be relatively large. After the first |oop, the delay
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frequencies and roll off rates of the filters will determine how fast high-frequency signals
decay with respect to low-frequency signals. A simple implementation of such filter can
be a first order lowpass filter as in the form of
[0052] y,=b*x, —axy, Equation 5
[0053] where a=1—b. It should be understood by those who are skilled in the art
that the lowpass filters can be implemented with different structures and methods, without
being 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 parametefs will be passed to a control 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 reverberetion generated is sent
out through the I/O 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 high-frequency signals and

| ow-frequency signals 14d will be translated into the cutoff frequencies
and roll off rate of |lowpass filters 15d; the cutoff frequencies and rol
off rates of the filters wll deterniq how fast high- frequency signals
decay with respect to IOMFfrequency signals For each environnent, the
decay rates of different frequencies vary. Generally, high frequency
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rever beraeﬁpagsnﬁlgeer‘ A ?rg Fi(‘c? 4% lowpass filter. The reverberation generator 30 uses the

controlling parameters passed by the control unit to perform the generation process of
reverberations for an input signal. The input signal is sent without manipulation to the
summer 35 to simulate the direct signal in the output. The input signal is also to be sent to
a first feed forward loop. The output of the first feed forward loop is sent to the summer 35
to simulate early reverberations in the output, and at the same time is used as the input of a
second feed forward loop. The output of the second feed forward loop is sent to the
summer 35 to simulate later-than-early reverberations in the output, and is used as the input
of a third feed forward loop and so on. The output of the reverberation generator is the
sum of the direct signal and all the outputs of the feed forward loops. The diagram only
shows 4 feed forward loops, but the number of loops is not limited to 4 and can be changed
when necessary. The delay line in the first loop is recommended to be equal to the delay
time between the direct signal and the first echo. The delay lines used in the feed forward
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.




out through the I/Ointerface. [0055] The nmethod of the present invention
for generating reverberations is unique because it gradually builds up the
density of the reverberations and at the sane tine decays different
frequency conponents discrimnately. At the same tine, other
characteristics including the final dého density and the decay rate of the
overal | energy level will also be 13 controlled depending on the real

envi r onnjapég) char acthgthi this Eifouit] ey @ikt @nd trberbanigdbsipadls ansgergened.altae Wi | |
closely match the characteristics of the real environnments. | or at.i on of

C Co
} he sotgmn iseashdeomeantiolsthe ratp pb defsy toh she averalk engrgplged of jthe @W%f%amoaa ay
i nes. W, I ri I i O\ir; 1.9 bl ock
circuit %glgagﬁlr’ af#e %s{?%dg P g{; %ﬁtéﬁtte Ee\%éfﬁr%%!:;gérfs{e Ie? %O%Q'ué’gg?@ﬁ te %ghgﬁgg?étegld?audi o]
Si gnalnbp%a@ﬁescs;g rﬂ?é @ﬂﬁud’[ﬁl@ withaeat iroverbératioeveith éuaedsony demsiy ob tlebagvheesni t h
one enbodi nent of the present inyentiqgn. The all pass ilter 20 rises
an i nput Theidevrass filiergape, in eadh 2090 Wil siRate theagidest ofsfastgr %S‘é?}'bagggﬂéop 24
with an ﬁg@eh{&%%naﬁé.a% and a feed forward loop 25 with an anplifier (a).
The al | pas IITTer 20 has a flat frequency response, thus introducing
littl e cobsgati on Moré¢dver,sthemdmputienalvedstef gofierbidngrevartenations sainghibe
bet ween czla,bput .0. 6 and abo t,O.g. [ 0057]. Now. referring. to thPG 5,f here is
pr ovi deddigH@lcHERRPIOCCHINGIE VISR P8 tetPrECAGI YRGS ?af(g{?g]ryb@” LS @i?‘l%lpﬁt or
used in ;eg&ng! @lﬁtd@!ﬁigﬁlﬂfvoﬁfé W%M@ﬁ?ﬁ%tﬁﬁs;%ﬂ&h@ Belap lindCé@rsdangzedby h one
enbodi ment of the present invéntion. The reverberation generator 30
conpri sesirailaybuffats; ayd e 16wepass fibewsaad bt aogimphlas MOTQ@,I?&ﬁlté@nfi gured in a

cascade pmanner, a sunme ch.of t feed for . rises
a gain stdtl, a dgﬂgﬁ?’ r_F’fSeﬁ%r,lg é’n%a?’ﬁﬁ%{g $ ?’iolvgg?l ask ev\%a?ﬁc\rﬁilq—ﬁqehgp Cgéﬁf&gqufompass
filter. ZThelet®nRé hedialdtie IRRBABOMe AGphicBidnd Hfthe Aiifal Mldi6 Signplgiracemsicer s
passed by the control unit to pertormthe generation process of

r ever ber t dcsprlanes with one pubodimentipf the peesenipinyensiogn dihejelecrapic apfiofisyice

mani pul atjon to the su 3 Lyl ate i i (PN t put.
The | nputd SPgharesAang S Eipaget Srt e e A bt pop Bukeia P
out put ogxdchiiods, ftauflReslediaritaddiabagpd, s dezotert4d fdralesoding mll3mdit medianul at e
early reverberations_in the output, and at the sgne ti i Eed as the

i nput  of fites befwe aerhr fEleds PwpWar GONBIHNE vAE 44 Jerpprriogmi g BEG$Sor war d

isS U

loop is sent. 1Q NS 5t ' . _%mlqg[1 ergg%t()q i

in the ouff)uet ) zfn% ?té ugg?gg 88 t’hagldls?]p%ﬁjf’&‘)&ah% E‘g’enéﬂ?& @f&ygé&\f%@eﬂ@“ ons
reverberations according to the characteristics controlled by the controlling unit. The
memory domain 41, file database 42, and decoder 43 are well known in the art. The
electronics that can employ the digital audio signal processing system of the present
invention further include handphones, portable players, TV, DVD player, and the like.
[0061] Now referring to FIG 7, there is provided a flowchart of generating
reverberations for a digital audio signal in accordance with one embodiment of the present
invention. The generation of reverberation 50 of an input digital audio signal 51 starts by
choosing one real environment to be simulated and extracting the reverberation
characteristics for the chosen environment 52; then the reverberation generator is
configured with the control 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 extracting
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




of athird feed forward | oop and so on. The output of the reverberation
generator is the sumof the direct signal and all the outputs of the feed
forward | oops. The diagramonly shows 4 feed forward | oops, but the nunber
of loops is not limted to 4 and can qg changed when necessary. The del ay
line in the first loop is recommended o be equal to the delay tine
between the direct signal and the first echo. The delay lines used in the
feed foremrgy levdogshaechoss lpesmdithe diffeserginh deayrrates iof bighbfyeqrieneusignalpuf f er s

in digital, signal processi Th | 0 fijters.can realized by FIR
and 1 PR 4 BuPletugBRER Ry 19, £ 0Powp iRy Thd FRLSHA il SAFREL L For
nost  of fhecoisiling pakmdiers ft tHeQOwB3berMMdrhodnbiatoriak Bedntdisdubddbswet and
reverberation signals are generated. The gain in each | oop controls the

rate of 8@y of t Néhilthe ardsertrinyapjion dawbeasfdeserébedevid tsderandedn ragicylanl s.
The casc d..al ]l pass_fi [ A eat e A I i nes
used i n OGRS R L b6 Shietlrod G RiRaRe 5 0E huelile L e Y

i ncr easi ingeMSIcbye BfndtlRe I@Gikae SAlterhifitvd @patSeiits lof €liespresed inventac ill oop
will create the effect of faster decay of high- frequency signals. .[0059]
Mor eover becpps appagsat i thepmhaving ordinaryskidl By the grt ovehigh dhg Pt dRYRYOR he

digital sLonl RURGHIHAG GRS ard OhsRERTA8 el AYSAbARK WtnfiCfie Ifiaie! v | oW
for the folTow ng reasons: e design rnvolves very tew multiplicatlons;
all the gel spptiofiglke prBefdtcinvaalonz edcdaydinglyt chd stopbuffftke presemdntvdgionaspass

filters can be as sinple as first order IIRfi]ters. [006Q w referring
to FI G edescrbed bysthsy BRReIdad £18EHe AR it SPHH‘?ﬁt‘?Ao 51 th éﬂg?%ﬁ#l%%%?ﬁon-

el ectronic audio device illustrating the applications of the digital audio
signal processor in accordance with one enbodi mrent of the present

i nvention. The el ectronic audio device 40 conprises a nmenory domain 41 for
storing all databases and enabling all conputational executions, an audio
nmedia file database 42, a decoder 43 for decoding all 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

el ectronics that can enploy the digital audio signal processing system of
t he present




i nvention further include handphones, portable players, TV, DVD player, and
the like. [0061] Now referring to FIG 7, there is provided a fl owhart of
generating reverberations for a digital audio signal in accordance with
one enbodi ment of the present invention. The generation of reverberation
50 of an input digital audio signal 516starts by choosing one real
environnment to be sinulated and extracting the reverberation
characteristics for the chosen environnment 52; then the reverberation
generator is configured with the cgontrol of the reverberation
characteristics (i.e., setting up tﬁEAJBgianeters of the reverberation
generator including the nunber of feed forward | oops, and the gains, delay
lines, allpass filters, and | ow pass filters for each |oop) 53; then the

si mul at eWhatly elabeedisi on i s generated 54 and output 55. In the step of
extracting reverberation characteristics, the extracted reverberation
characteristics include the final echo density 14a, the rate of the echo
density {0 beAQH{lérBeﬂdﬁoﬂ-g&erﬁtB? folesRrdiAb G Rirb@4as bf 4 dighReaadiolsaual of

t he echoes 14c, and the differential decay rates of high-Trequency signals
and | owihpegireaclgitil gudlcs sigaal, pmsessingasy stam £p GirgulatFhe realaanyirgninght, dhe t he
characteristics into controlling paraneters of the reverberation generator

has beerCUf o gLV CBEE Whil e the present invention has been

described Wi tih inphGh&MS ForlrBcdddihf tifiligital a0BQEnARRADS; 1t will be understood
that the enbodinents are illustrative and that the invention scope is not

so linited. A swnmingmeansftrgsinaring acshigitah sudip sigapk oytpuisaniabrnghe digid cone
apparent _to t.hose havi or di ( skill in the art to which the present
i nvent i GHAI%EP ?ﬂ%&agﬁgﬂm%FPg %%te embodi nents are considered to be

enconpassed W §iital duldi> S@ial tirectpath dedpaically thteped sethie input erdanoand the
Accordingly, the scope of the %éesent inventign is, dﬁyscri bed by the
appendedstetminggnesang fardrassmising &g digital medie sigagdnpy direebr 2pti on. 16 CLAIMB
VWhat is clai | Spie L ' r 5] EAkd ti
rever berati Ogg%ﬁgyéquf Cg 0\{%§fg>%i)lg gﬁ%ﬁj&i}%%? ciaél&ae 1gital ran%éllierca)1 1g‘i’ygnal
pr ocessi Rgedysition; twhestinthadwpar ¢feakh drvpi is eroveddd, totthe sumenieg neasst dandrat
generator conprising: . »

the same time to the next loop; thereby the plurality of feed forward loops generate the

reverberations simulating the real environment that are combined with the digital audio

signal input to produce the digital audio signal output.

2. The reverberation generator of claim 1, wherein each of the feed forward loops

comprises a gain stage, a delay line, an allpass filter, and a lowpass filter.

3. The reverberation generator of claim 2, wherein 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 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.




an input nmeans for receiving the digital audio signal input; a summ ng
nmeans for generating a digital audio signal output containing the digital
audi o signal input and reverberations; a digital audio signal direct path
el ectronically connected to the input neans and the summ ng neans for
transmtting the digital audio signal 1Wnput directly; and a plurality of
feed forward | oops configured in a cascade manner for generating

rever berft i onBie whetbetatioh@netatq@uif cddinedcivhérenpthesvareswifdeth toande aseinmi ng
means and at the sane tinme to the next |oop; thereby the plurality of feed
forwar d ebugss apenel-aend et Ofeyer ber ati ons simul ating the real environnent
that are conbined with the digital audio signal input to produce the
digital audio signal output. 2. The reverberation generator of claiml,
wher ei n fach Tie teherbbmtidn fgenevatod of clains 3, eheein thedergtlyaf thestelaydinesindb¢ ay
line, an_allpass _filter, and a |owpass_ filter. 3. The reverperati

gener at oﬁrsb?lPR?Is%lﬁh‘Frzl,s %ﬁ@xé‘?lﬁte{yh‘éluéﬁ"pfgg Jelay | thnag betwizen S .SP% 9 awg[ﬁle adder
for sumd.pg,dRnbhe input to the allpass filter and a feedback froma delay
line, wherein the delay line is electronically downstream of the input
adder; a feedback loop with a feedback anplifier (-a) for using the output

of the delay l|jne s the feedbac Q_the . nput. adder,: e f rd | oop
with an gnpli l?eexfevg%raglog(’gcepgﬁ % IC§?1 onr: ﬁ‘é‘&?@& e @ﬁ@sioﬁﬁllttﬁggaggﬁﬁlegnd an
out put aggedllpggrﬁlm@gembtyt}ginwﬁm&s_fromthe delay line and the feed
forward | oop. 17 4. The reverberation generator of claim3, wherein the

values of both -a and a are between about 0.6 and about 0.7. 5. The

s of | are b . o
the ot ol Thooepefisf efidbPbeon s, Fbfehl e 1t o 8 a5 HiE Bk U2 r"

the fir silRehitasexdedefor SRCRCalRaKG]E is Jdieulated by terfallownggquaionsor of
claim3, wherein the lengths of all the delay |lines and allpass filters
are preferably prime nunbBns AL %y

where AP, is the length of the delay line in the nth allpass filter; y is the environment

coefficient; and the value of y is from about 1.1 to about 1.5.

8. The reverberation generator of claim 2, wherein the delay line in the first loop is

approximately equal to the delay time between a direct signal and its first echo.

9. The reverberation generator of claim 8, wherein the 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 is 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:




7. The reverberation generator of claim3, wherein the I ength of the del ay
lines in the allpass filters except for the first allpass filter is
calculated by the follow ng equations: AP+, ~ AP * y where AP" is the

| ength of the delay line in the nth allpass filter; y is the environnent
coefficient; and the value of y is frdfhabout 1.1 to about 1.5. 8. The
reverberation generator of claim2, wherein the delay line in the first

| oop is approximtely to the delay tine between a direct signal and
its first echo. 9.G1'Hqi/+e?'vBL1berati on generator of claim8, wherein the
| engt h of the del ay | iV in any |oop except for the first loop is
calculated by the foll ow ion: DL"+, DL, * x where DL" is the length
of delay line in the nth »%SDLX is the environment coeffici ent; and the
value of x is fromHbout"Vldrl to*about 1.5. 10. The rever berati on gener at or

of claim3, wherein the delay lines _used in the feed frwar &Ql ps and
al | pass Whare &inds the gaigrier e a8 lpop and Dieds g lenetheef the dejay fae o the nly IgeR- 5

signal processing. 11. The reverberation generator of claim2, wherein the
gain is calculated by followng equations: 18 dE¥* G =dt DL, G1 = G,
~LdE * dt2.DL, Twhewerbeiatios gfeherag)aldf caim thevherdin lthopaiandhilLih the ﬁrsktelodnengt h

of the delay line in the nth |oop, 12. The reverberat] ener.at or claim
71, " Wher G RE Sarh0 946 e A5 A fie-cain Y T SUFFGENT (OR SEEGOTGRS Y o

about O. lsoa%%fll 4he gain values in subsequent |oops vary fromabout 1 to
about 2. & %e' reverberation generator of claim3, wherein the | owpass
filters are preferabl y FI R and || R filters, and nore preferably first

order IIRfilters. . |taI 05| naI rocessin stem
generat i hy anbRECHHE 8’falt1PH§e ‘Fré‘i?’éro 8 egqlﬂ@?eqt‘)wﬁéssrig%?rg@ﬁe\/?rf eﬁ%t s for
a di gi t abrRosii 1R $18RA%nd MBM prefeRIBRY fist Glgler IIR filters.

14. A digital audio signal processing system for generating and controlling
reverberations simulating real environments for a digital audio signal input, comprising:

a digital I/0 interface for inputting and outputting digital audio signals;

a controlling unit electronically connected to the digital I/O interface for receiving
the input digital audio signals; and

a reverberation generator electronically connected to the controlling unit; wherein
the controlling unit receives reverberation characteristics of a digital audio signal of the
real environment; and wherein the received reverberation characteristics will control the
configuration of the reverberation generator so as to generate the reverberations for the

digital audio signal input to simulate the real environment.

15.  The digital audio signal processing system of claim 14, 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.




a digital I/Ointerface for inputting and outputting digital audio signals;
a controlling unit electronically connected to the digital I/Ointerface
for receiving the input digital audio signals; and a reverberation
generator electronically connected to the controlling unit; wherein the
controlling unit receives reverberati d8 characteristics of a digital audio
signal of the real environnent; and wherein the received reverberation

charact erd. st i Tige diziidl 0@t siglal &%@essﬁ'@% stgiaroftclm 1af whbeinr e eofiteslfng ot
generator so as to generate the reverberatigns for the digital ,.audio

si gnal imwptivestaestrmrag therfellowing revRyperatifetharaciesistion; dingf ¢e 4Pralefde si gnal
pr ocessi fo 3%34,£ b 8 b Al o L Shae ATk AL Syclay HABE Ml AlodEGfRNT SM

that extracts reverberation characteristics o Igital audio signa
when t hediffe@htiall deaatiatesif Bl frappih@i signal eatelrlberfadquonsy digmais. a r eal
environnment; wherein the reverberation characteristics include one or nore
of the follow ng ones: final echo density, rate of the echo density to be
bui | t upy; decpy, gdie ﬁdi@ﬁgﬁﬂ!ﬂr &?ﬁﬁ%)ﬁyét&ﬂ%ﬁc@mﬁ@vﬁﬁﬁ@@ﬁm &t beration
differential decay rates o |g%- reguency signal s and | owfrequency

si gnal s. geh®raids.colipeiseli: gi t al audi o si gnal processing system of claim 14,
wherein the controlling_ unit . receive one of re of the follow ng

r ever ber at i or@HENRE if%rtrie‘c‘:eé‘.’mgi%f?a‘i{g 18 laéfgg’ig{)'&p?mr ate of the echo
density to be, QihhindiReard§6%enktife afdigwaa&ib SBABT SitpliRealaidig thheligahoes,
and differential decay rates of hrgh-frequency signals and | ow frequency
si gnal s. autlio sigivd inhuganditevarbdiatioss;gnal processi ng system of cl ai m 16,

wherein the reyetberation enerator._conprijses.: [ t.

recei ving the? ’igbtl'“]te %loaﬂgl?%ggf: r?&fh ?lﬁcéwp,cagy g%ﬁ%@%gk%gﬁrﬁ%%%ageﬁg%& ng a
digi tal aidhheshamadforatnbmittif®Medigitangudib sigdhldhpwldireatidiand si gnal i nput and
reverberations; a digital audio signal direct path electronically connected
to the input apbnelitimf fepd forsiardiaegs venhguedin groapeads MaMRgT (S AFGIPA)

the i nput awhnsliaf ehb forsunh 3
Cont | gur Aoty 0H R b uPlrorbalh Ml plolcd G2 SORMRECHERRMRO a1

out put ofheaagke MO e MWxOVodpe dhdrebyt the Huratityngf feedfervennd latips geherateatie ti me
to the next |oop; thereby the plurality of feed fog,vvac{d.hogg%. enerate the
reverberations simulating the real environnient that are combined with t 1g9ta audio

signal input to produce the digital audio signal output.

18.  The digital audio signal processing system of claim 17, wherein each of the feed

forward loops comprises a gain ‘stage, a delay line, an allpass filter, and a lowpass filter.

19.  The digital audio signal processing system of claim 18, wherein 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 electronidally downstream of the input adder;

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

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

and

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

forward loop.




reverberations sinulating the real environnent that are conbined with the
digital audio signal input to produce the digital audio signal output. 18.
The digital audio signal processing systemof claim1l7, wherein each of the
feed forward | oops conprises a gain stage, a delay |ine, an all pass
filter, and a | owpass filter. 19. Thez@igital audi o signal processing
systemof claim 18, wherein the allpass filter conprises: an input adder
for summithg ufhe digitdlapdio signal i@ cedsingas stefni dfictaimd®dwheieaetibaaked ofotla- del ay

line, wherejn the delay line is electronically downstream of the input
adder ; éi?EQH%E@R“W%BBﬁ%ﬁpﬁgﬁﬁﬁﬁ@gﬂﬁgck amplifier for using the output of
the delay line as the feedback to the input adder; a feed forward | oop

with an anplifier electronically connected to the input adder; and an
out put a2ider Tlordigitavdudip signalippocassipgtsgstemarnicldim b Iveherdin miee ngthtdfehé eed

10, "wher Y ey et e Bler s afPHa il O o Bt GEBRR B SRt b our

0.7. 21.echhbandim@iseédndaddh o signal processing systemof claim19, wherein
the length of the delay line in the first allpass filter is approximtely
equal to the delay tine between the first echo and the second echo. 22.

The di git.al di i.gnal progessi ng system af . ¢l aj 9. .wherein, th engt hs
of a1 ° The dbfedelimlio Ra T RidEnd STEr T gelm AL rPea Y Frelet Hlbers.
23. The @k gelplinesdidullphgTaterPire pesFeiably pFinsd RhRds.cl ai m 19, wherein the

|l ength of the delay lines in the allpass filters except for the first

all pass filter is calculated by the follow ng equations: APn+1~AP *y where
AP" is t I N ' t h-al 1 : ' he
envi ronrent - ReRefe 4 SERBerblAak hbOR Jfichufh | SR helepe L
1.5. 24.delhelidegin dle allstise fHicgnakcdpt doedt figt aYipasniildr 6l clouldéd byithe ei n
t he delgy line in |

ollowing equations:

AP

ntl = Af)n * y
where AP, is the length of the delay line in the nth allpass filter; y is the environment

.coefﬁcient; and the value of y is from about 1.1 to about 1.5.

24.  The digital audio signal processing system of claim 18, wherein the delay line in
the first loop is approximately equal to the delay time between a direct signal and its first

echo.

25.  The digital audio signal processing system of claim 18, wherein the 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 is from about 1.1 to about 1.5.

26.  The digital audio signal processing system of claim 18, wherein the delay lines used
in the feed forward loops and allpass filters are preferably realized by circular buffers in

digital signal processing.




the first loop is approximately equal to the delay time between a direct
signal and its first echo. 25. The digital audio signal processing system
of claim 18, wherein the length of the delay line in any | oop except for
the first loop is calculated by the follow ng equation: DLn+l1 DL,, * X
where DL" is the length of delay lineZln the nth loop; x is the environnment
coefficient; and the value of x is fromabout 1.1 to about 1.5. 26. The

di gi tal xudi oTisd gipadal pudeesighalgmoyesstip efstehadfelaBn Bhevieireint the ghih ay | i nes
used in the feed forward | gops and allpass filters are preferably realized
by ci r cuiakaulasest byefodloping ¢fugionst si gnal processing. 21 27. The digital audio
si gnal processing syst-@—m—el aim 18, wherein the gain is calculated by
fol |l ow ng equation§1:=d Gr=dt DL, G1 = G1 dEdE * DL" + dt where G
is the gain for the nchdtIoop and DL,, is the length of the delay line in
the nth | oop. 28. The digi i o signal processing system of claim 18,
wherein the gain v§l ugéni@,hé first loop varies fromabout 0.2 to about
0.5; and the gain Vval ues\ig s és‘équent | oops vary fromabout 1 to about 2.
29. The digital audio signal processing systemof claim18, wherein the

| owpass Wwhdrt €, 4s thargeingbethe matblopp Bh&DARds thieRerfgith ofthe delay tineror the pthelbep.abl y
first order IIR filters. 30. The digital audio signal processing system of
claim 18, wherein the reverberation characteristics control the
reverbergtio tQid OW n i ' vaRensi ty
determ n%ts' tﬂre&ﬁ(tﬁ}%%%rﬁg%d ?ggﬂeﬁr{’a‘gﬁg%ﬂs?%%‘g?&ﬁ% 1r821f%veﬂe§‘m£1}:eﬁ%ﬁgensi ty to be
bui | t upthe diestdoop Masest fvem dbbaty0.2 émgbins 0of; addithe ghinrvebres ithsubsequent tappe of

t he overall .ener f echpes determ nes the gains in each |oop; and the

di f f er enfdHfro %’%t Pl dovhg gh- f requency

29.  The digital audio signal processing system of claim 18, wherein the lowpass filters

are preferably FIR and IIR filters, and more preferably first order IIR filters.

30.  The digital audio signal processing system of claim 18, wherein the reverberation
characteristics control the reverberation generator in the following manner: the final echo
density determines the number of feed forward loops; the rate of echo density to be built up
determines the delay lengths of delay lines; the decay rate of the overall energy of echoes
determines the gains in each loop; and the differential decay rates of high-frequency
signals and low-frequency signals determines the cutoff frequencies and roll off rate of

lowpass filters.

31.  An article of manufacture having the capacity of generating reverberations for
digital audio signals to simulate real environments, comprising:

a computer-readable medium with a memory domain for storing files and programs,
and a computer-executable domain for enabling the article to perform the computer
programs; and

a digital audio signal processing system for generating and controlling
reverberations simulating real environments for a digital audio signal input, wherein the
digital audio signal processing system is embedded in the computer-readable medium;

wherein the digital audio signal processing system comprises:




signals and | owfrequency signals determ nes the cutoff frequencies and
roll off rate of |owpass filters. 31. An article of manufacture having the
capacity of generating reverberations for digital audio signals to

sinmul ate real environnents, conprising: a conputer-readable nediumw th a
menory domain for storing files and p28grans, and a conputer-executable
domain for enabling the article to performthe conputer prograns; and a

digital audi o §E803/0 RGERS ForEpSIiag efd af)quuﬂﬁ@argm ml@mgnm ntrolling
reverberations sinmulating real environnents for a 8ytal audi o si gnal

i nput, wher eiacantrolling it electeandsadly sogpestedsiosbe Sigitabl/ gieefasg for é?PSéVd’é%d in

t he conpy ter erein the digital audio signal processing
system § ﬂalﬁﬁg)n%g& H"T'/ Ointerface for inputting and outputting

digital aud| Qa ﬁdv@ﬂb@f@mnégeﬁaatdrtéldctrﬁmcwlm borﬁiee«etlrt@meccainltmllmgnnmcmﬂrdlm t he
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digital audio 'sig real environment wherein the received
rever berainlf@uranbaroﬁahe rdvetheation gdnecaor scohs tohgenemmmthegmwafomnomf farrhe
reverberatjan enera SO as to generate the reverberations for the
digital @ ﬁﬂﬁémgW§HﬁP'FWHUPSPHm§W ¢ HRLCHVHOPEEY environnment. 32. The
article of manufacture of claim 31, further conprises a controlling
mechani sm that extracts reverberation characteristics of the digital audio
si gnal wsEn tﬁm:ﬂﬁgkkﬁhnamﬁkﬂue@fghﬁh3doﬁnﬁkngnnmv§5b@paﬁﬂbngnﬁﬁ 1801 ea
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33.  The article of manufacture of claim 31, wherein the controlling unit receives one or
more of the following reverberation characteristics: 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.

34.  The article of manufacture of claim 33, wherein 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 means and at

the same time to the next loop; thereby the plurality of feed forward loops generate the




decay rates of high-frequency signals and | owfrequency signals. 34. The
article of manufacture of claim 33, wherein the reverberation generator
conprises: an input means for receiving the digital audio signal input; a
summi ng neans for generating a digital audio signal output containing the
digital audio signal input and reverBarations; a digital audio signal
direct path electronically connected to the input neans and the summ ng

nmeans f aevdrbaiatiohd dimthtingahe irgl lealirendén thitgRalcombiet wiith et digitaladtdioa
plurality of feed forward | oops configured in a cascade manner for

gener at i ignal inpyetomseduce thesdigii apdiorsignabownitout of each loop is provided to
the summ ng neans and at the sane tinme to the next | oop; thereby the
plurality of feed forward | oops generate the 23 reverberations sinulating

t he real3%nviTienirck dthaindaaueonbilaed 3W wherfeheeathgifttht feeddfoowari lpnpd i nput
to produce the digital audio signal output. 35. The article of manufacture
of cl ai rROBYrisGiegdn slaga ey lingean elRpss gk%ﬁ@%’@&ﬁ@“ f5:1E531‘rpri ses a gain
stage, a delay line, an allpass filter, and a | owass filter. 36. The
article of manufacture of claim 35, wherein the allpass filter conprises:
an i nput3eaddeFhefanticls ofimangfaciore dfeclaimpift, wherefrvése allpgsa $idtef ¢dmprisesind a

f eedback f del ine, wh i.n the del | i ' | ect i cal |
douns T eam of B 90tk o8 AUBIINEG of BEBBEIE RS ITAFS HSoR GBI SO 11 er
for usi %l%&g?%@ﬂﬁn @b rd]Ella? life !isfé%dtfoﬂ?cafl? do&ﬂﬁreﬁﬁle(qhﬁ&iﬁphﬂadd@g i nput adder ;

a feed for l'oop with an anplifier electronically connected to the input
adder; and am fradipek lemawith fn feedbacki angpliffer forensing theostpiit ointhe Helapdinggs | i ne

and the feed . forward | gop.. 37. The article of manufacture of claim 36,
wher ei n 'E’ﬁg‘?e\%‘l‘q?fé\é\%befm ‘Htaﬁdgra and a are between about 0.6 and about 0.7.
38. The artic} geQfforpRd i@t Witk af fanfplifiertRBronmbiglaiotnthied temgtitpnfadidre del ay

line in the first allpass filter is approximately equal to the delay tine
bet ween arde first echo and the

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

forward loop.

37. The article of manufacture of claim 36, wherein the values of both -a and a are

between about 0.6 and about 0.7.

38.  The article of manufacture of claim 36, wherein the length of the delay line in the
first allpass filter is approximately equal to the delay time between the first echo and the

second echo.

39.  The article of manufacture of claim 36, wherein the lengths of all the delay lines

and allpass filters are preferably prime numbers.

40.  The article of manufacture of claim 36, wherein the length of the delay lines in the
allpass filters except for the first allpass filter is calculated by the following equations:
AP, = AR *y

where AP, is the length of the delay line in the nth allpass filter; y is the environment

coefficient; and the value of y is from about 1.1 to about 1.5.




second echo. 39. The article of manufacture of claim 36, wherein the
| engths of all the delay lines and allpass filters are preferably prine
nunbers. 40. The article of manufacture of claim 36, wherein the | ength of
the delay lines in the allpass filters except for the first allpass filter
is calculated by the follow ng equati @4s: AP 1= AP,, *y where AP" is the
|l ength of the delay line in the nth allpass filter; y is the environnent
coef fi cignt; PROartibR ofahatfiftury dfldimors, afiedin thel délay dhe M the. fBrst Rbp4d. The
article of manufacture of claim 35, wherein the delay line in the first
| oop i s apapyimstclysrapltodhridglay bme hetvween ayinestfigngbendoiéniingt ofhpect si gnal and
its first echo. 42. The article of manufacture of claim 35, wherein the
|l ength of the delay line in any |oop except for the first loop is
cal cul at4x] byThdatitleldf eninngrcaseaf clath 3B iwhdreldl the léngth viide deldl linesn tine
| ength of delay line in the nth |oop, x is the environnment coefficient; and
t he val Jeongxeept r thedirstigap s cpl la’ct%ﬁé)b@ﬁtfdl(?‘@.‘lgﬁ@‘?a“?ﬁé article of
manuf act ur e of clapﬁ}3§sﬂmh££ein the delay lines used in the feed forward
| oops and al |l pass fil'ttersare preferably realized by circular buffers in
digital sj : ' . (oA . of A, e 5,
wher ei n \?h%%ﬁginr%plg@clgg%ﬁé &?g?lgéilgghfggl%%mwﬁ ’Qfésqﬂgig? iH{(IJIns: _nglggéfﬁ%e-ﬁt gltl §DL, dE
G, +, = the yvaldt oDkfisHromtabowt 1Q ta abouhkSgain for the nth | oop and DL" is the
| ength of the delay line in the nth | oop. 45. The article of manufacture of
claim 35, wherein the gain value in the first loop varies fromabout 0.2
t 0 afogué?- 5, TRNG R SR RMALHEST £18inS YBSRULRNT tHeQRRS NddsYustd @inuabRel 1 to
abou :

forward loops and allpass filters are preferably realized by circular buffers in digital signal

processing.

44,  The article of manufacture of claim 35, wherein the gain is calculated by following

equations:
G, = @—* DL,
dt
Gn+l = Gn fgg* DLn+1
dt

where G, is the gain for the nth loop and DLy, is the length of the delay line in the nth loop.

45.  The article of manufacture of claim 35, wherein the gain value in the first loop
varies from about 0.2 to about 0.5; and the gain values in subsequent loops vary from about

1 to about 2.

46.  The article of manufacture of claim 35, wherein the lowpass filters are preferably

FIR and IIR filters, and more preferably first order IIR filters.

47, The article of manufacture of claim 35, wherein the reverberation characteristics
control the reverberation generator in the following manner: the final echo density
determines the number of feed forward loops; the rate of echo density to be built up

determines the delay lengths of delay lines; the decay rate of the overall energy of echoes




46. The article of manufacture of claim 35, wherein the |owass filters are
preferably FIRand IIR filters, and nore preferably first order IIR
filters. 47. The article of manufacture of claim 35, wherein the
reverberation characteristics control the reverberation generator in the
following manner: the final echo densby determines the nunber of feed
forward | oops; the rate of echo density to be built up determ nes the

del ay | eR@drhSnddf thd@ladys Inl &rd; lobpeasidaydiftential debwy oitey of highrlesquynaf
echoes 25 determnes the gains 1n each |oop; and the differeptial decay
rates ofsignagand leguEaeyency signalssdeigrminesvihe caiphbHeguaaicls snd rﬂlétoég Hhes the
cutof f le é%%'f’ﬁtie s and roll off rate of Ilowpass filters. 48. The article
of manufactlre of claim 31, wherein the article includes MP3 pl ayers,
handphones, portable players, TVs, DVD players, and the |ike. 49. A nethod

for generating reverberatigns for, a.digital audio signal to.Si ate real
envi ?onrf’é;ﬂjt S,'H*@qugglpgf@aw?@tqraqu%nﬁ o] Z’F’&E‘? .s%m?l_gd’é‘?l\yﬁqsrd\itlﬂglayers’
fevefbef&ka&%&%%&g&&e%@%ﬁ?‘i\/@}wbepl%'&é,faﬁét}ﬁqﬂdep signal for a real

envi ronnent; at| e extracted reverberation characteristics into
controlling paraneters for a reverberation generator with a plurality of

feed forward | oop nfigured in cascade nner; ..and er.ating the
rever ber&tio I’E@ﬁ?fgﬁ{r gﬁr&ﬂflg SFYeF 5{95‘153%? g?ggpafsu%lzmﬁngqu ﬁgluiatgreap

rever be_réltvireﬁm&?@,%roﬁ{p?fsingﬁge follovinEsesions: claim 49, further optionally
conprising the follow ng operation: =~ extracting the reverberation

char act eri st i reseiwingt the rdvegberatiomeliamacterigties ofwhendigitel adie stamahintidred gnal
contains reverberations froma real environnent; wherein the reverberation
char act eFYPPREY nel ude one or nore of the fol lowing: final echo density,

rate of the paRRHASAN dx¥rabted R&elierdtionBarabiRfigticsifb @oftroling pahmerrefogy
| evel of the echoes, and differential decay rates of high-frequency

si gnal s amyethevationegpnertsr withyaaluralityiof feaé forsvard draps copHEwed &0 2\GAEF n t he
reverberation characteristics include one or nore of the follow ng: final
echo den®ft8">%Ste of the echo density to be built up, decay rate

generating the reverberations using the controlling parameters to control the

reverberation generator.

50.  The method of claim 49, further optionally comprising the following operation:
extracting the 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: 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.

51.  The method of claim 49, wherein the reverberation characteristics include one or
more of the following: 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.

52.  The method of claim 49, wherein each of the feed forward loops comprises a gain

stage, a delay line, an allpass filter, and a lowpass filter.




of overall energy level of the echoes, and differential decay rates of

hi gh-frequency signals and | ow frequency signals. 52. The nethod of claim
49, wherein each of the feed forward | oops conprises a gain stage, a del ay
line, an allpass filter, and a | owpass filter. 26 53. The nethod of claim
52, wherein wherein the allpass filteRbBconprises: an input adder for
summ ng up the input to the allpass filter and a feedback froma del ay

line, whwarei MmHchgetHed afclhin$2, iviheedif Gihiefsih fh%|all¥5a§§(ﬁl\ﬂaﬁbdrﬁpﬁ9eaf t he i nput
adder; a feedback |oogp wth an feedback amplifier for usin he ?utput of
‘the delay |irf@ inBut adder foe seBmENe Wb theBPytip e 2ltpgesy filtey and e?% 91 $op
with an SR |, & | adgdre:. and an
out put a(%(ﬁ?g rﬁnfeb%{l%rglr%ﬁlﬁ%lg&%ﬁﬁ %ukesy%%c?%gfc ghfg?)%ﬁsttﬁgﬁddgﬁ {%&Pl ne glﬁd the feed
forward | oop.a feddbathéooperiiodn tdedbhaki amHifier férarsaigtht betpdedfhe delag lina ag he

first loop _is, approximatel equal to the delay time between a direct
si gnal éh‘%ifqeﬁﬂéa&it?&e IBB‘H@.dg@S. The met hod of claimb51, wherein the

cont rol 11 ng_RAfAIRLAL5 Rlophiy 5@\}4@{@@)&}% foni G oRhBlied AFUdpU RS of

feed forward | oops, lengths Ines, "gain used int
forward dndops, and cutoff frequencies and roll off rates of the |owpass

filters. 56. The neth of claimb55, erei he reverberatio engr at or

gener at es re"\f‘e?‘HBP'af‘ﬁ?‘g*ﬁsgof AUTHENS WI%&%@PQ%%’E‘)&F}F% Clg sy an cglﬁtﬁ%%‘?l ing

t he finq%ﬁ@%aq) ensity by the nunber of feed forward | oops; controlling the
t

rate of e echo density to be built up by the lengths of the delay I|ines
used in the feed forward | oops and all pass filters; controlling the decay

rate of e er al ner level, of. the.echpes. by t in . he
feed foriard }Efo‘ﬁ‘g%hogﬁ’g C%‘?}t OIWI’!eﬁenEdheedeg@fzgg}e St %%“ﬂ%%%ﬁ?@g" 1g%a5%r1]%| s

Wi th reseeetioltBe AN fif6 BEOREH a diicB Rl Whd s fiRedhdt of f frequenci es and rol |
off rates of the |owpass filters. 57. The nethod of claim56, wherein the

val ues of both -a and a are between about 0.6
55.  The method of claim 51, wherein the controlling parameters of the reverberation

generator include number of feed forward loops, lengths of the delay lines, gain used in the

feed forward loops, and cutoff frequencies and roll off rates of the lowpass filters.

56. The method of claim 55, wherein the reverberation generator generates
reverberations in the following controlled manner:

controlling the final echo density by the number of feed forward loops;

controlling the rate of the echo density to be built up by the lengths of the delay
lines used in the feed forward loops and allpass filters;

controlling the decay rate of the overall energy level of the echoes by the gain used
in the feed forward loops; and

controlling the decay of high frequency signals with respect to low frequency

signals with the cutoff frequencies and roll off rates of the lowpass filters.

57. The method of claim 56, wherein the values of both -a and a are between about 0.6

and about 0.7.

58.  The method of claim 56, wherein the length of the delay line in the first allpass

filter is approximately equal to the delay time between the first echo and the second echo.




and about 0.7. 58. The nethod of claim 56, wherein the | ength of the del ay
line in the first allpass filter is approximately equal to the delay tine
between the first echo and the second echo. 27 59. The nethod of clai m 56,
wherein the lengths of all the delay |lines and allpass filters are
preferably prinme nunbers. 60. The netRdd of claimb56, wherein the |ength of
the delay lines in the allpass filters except for the first allpass filter
is calculated by the follow ng equations: AP" AP" * y where AP" is the
| ength of the delay line in the nth all pass £il is the envionnent

coef fi ci®ht; Eromethed phelgian 56, \thr@nfthwnatb&ef allLthf dﬁ@Ya\wsmndlalbaS%fi teryhe
nmet hod of Cle?ér%lgg)rﬁgﬂr?r}]e?s the delay line in the first loop is

appr oxi rrat 8 delay tinme between a direct signal and its

first echo. 62. The nethod of claim56, wherein the Iength of the del ay

line in any | oop except for the first Ioog i.s calculated b IIOW|n
©

equat i orf0. DL"The mpjhod-of glajgeioe wherein Fh:? lengih o gt delays lings | e E?lf'PéS% ﬁl The nt h

| oop; fd f x is from about
l1.1to aéDX%uétq? @Q\ﬂé% etﬁrlr%?ﬁ %10% %Qg%l&vﬂﬁ%g@agg?ﬁe delay |ines used
in the feed forward | oopsP arddPalyl pass filters are preferably realized by
circular buffers in digital signal processing. 64. The nmethod of claim 56,
wher ei n Whaegwnrﬁsithe dalgthubftledddyy ﬂinblim\hhengthedlmfssi tilter; yUE the envirgimedt, dE
G+ ~ = &n or the nth loop and DL " is
the | engt®sf le’fth@d&gLé{?}u? Pﬁglsiﬁorflﬁgoﬁtlhm {116% The nethod of claim 56,
wherein the gain value in the first | oop varles fromabout 0.2 to about

0.5; and the gain values in subsequent |oops vary fromabout 1 to about 2.
61.  The method of claim 56, wherein the delay line in the first loop is approximately

equal to the delay time between a direct signal and its first echo.

62.  The method of claim 56, wherein the 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 is from about 1.1 to about 1.5.

63.  The method of claim 56, wherein the delay lines used in the feed forward loops and

allpass filters are preferably realized by circular buffers in digital signal processing.

64.  The method of claim 56, wherein the gain is calculated by following equations:

G, = |“Expr,
dt
G, =G, |Z+DL

where G, is the gain for the nth loop and DL, is the length of the delay line in the nth loop.

65.  The method of claim 56, wherein the gain value in the first loop varies from about

0.2 to about 0.5; and the gain values in subsequent loops vary from about 1 to about 2.




