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[0002] The disclosure relates generally to audio
signal processing, and in particular to generating
environmental reverberation effects for digital audio
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the inmpul se response of the desired environnment. Such
conventional nethods are fornulated by treating the
environnent as a linear time-invariant system whose
characteristics are conpletely specified by its

i mpul se response. However, such nmethods are difficult

to inplenment. Firstlypapkag&edres that the inpulse
response of the environnent be accurately neasured,
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such as a  room. The ideal way  of generating
reverberations would be convolving the audio signal with
the impulse response of the desired environment. Such
conventional methods are formulated by treating the
environment as a linear time-invariant system whoge
characteristics are completely specified by its impulse
regponse.  However, such methods are difficult to
implement. Firstly, it requires that the impulse response
of the environment be accurately measured, digitized, and
stored in a device. Secondly, such a measurement has to
be conducted for each environment, which may be very
costly in practice. Due to the long duration of the
impulse response, in a digital signal processing
application, it may take large computational and storage

resources to convolve an impulse response with an input

gignal.



al gorithnms, which may introduce certain undesired
pitch shifting effects. Sone al gorithnms use only
delay lines and feed forward | oops, tapping at
different locations of the delay |lines. Sone other
conventional algorithns separate the reverberation
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the delay 1lines. 8ome other conventional algorithms
separate the reverberation into early and late parts and
generate them separately. This typically 1leads to a
sudden increase of echo density at the boundary, which is
not true in a natural environment. Attempts based on

modeling techniques have also been reported in the
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characteristics (paraneters) either extracted from
real environnents or conpletely specified as w sh.

[ 0006] In one enbodi nent, a device includes a
reverberation controller. The reverberation controller
pre-processes one or nore predeterm ned
characteristics of a first audio signal to produce a

pre-processed signal aggygeperates a plurality of
del ayed outputs fromthe pre-processed signal, each
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%ﬁﬁ%lletzf// to simulate different environments. Moreover,
the present disclosure provides a method of generating
reverberations using a uniform sgtructure to generate
reverberations controlled by a plurality of degsceriptive
characteristics (parameters) either extracted from real
environments or completely specified as wich.

[0006] In one embodiment, a device includes a
reverberation controller, The reverberation controller
pre-processes one or more predetermined characteristics
of a first audio signal to produce a pre-processed signal
and generates a plurality of delayed outputs from the
pre-processed signal, each output having a predetermined
delay. The reverberation controller also produces a
plurality of reflection outputs from the plurality of
delayed outputs and combines the plurality of reflection
outputs to produce a second audio signal having a desired

reverberation resgponse.



of reflection outputs to produce a second audi o signa
having a desired reverberation response. [0008] In a
further enbodi ment, a systemincludes an audio
source, an audio output, a control unit, and a _
reverberation generator. The control unit can receive
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of reflection outputs to produce a second audio signal
having a desired reverberation response.

[0008] In a further embodiment, a system includes an
audio source, an audio output, a control unit, and a
reverberation generator. The control unit can receive
information from a user, the information relating to a
desired reverberation regponse. The reverberation
generator is coupled to the audio input, the audio
output, and the controlling unit and includes a
reverberation controller, The reverberation controller
pre-processes one or more predetermined characteristics
of a first audio gignal from the audio source to produce
a pre-processed signal and generates a plurality of
delayed outputs from the pre-processed gignal, each
output having a predetermined delay. The reverberation
controller also produces a plurality of reflection

outputs from the plurality of delayed outputs and



figures, descriptions and clains. 6 BRI EF DESCRI PTI ON
OF THE DRAW NGS [ 0010] For a nore conplete
understanding of this disclosure and its features,
reference is now made to the follow ng description,
taken in conjunction with the acconpanying draw ngs,
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present disclosure; [0017] FIGURE 7 is a schematic

di agram showing a structure of a tapped delay line O
according to one



enbodi nent of the present disclosure; [0018] FI GURE 8
is a schematic block diagram illustrating a
processi ng engi ne nodul e according to the present

di sclosure; 7 [0019] FIGURE 9 is a schematic bl ock
diagram illustrating a processing branch according to

an enbodi nEie® ipHRKIBPHESINbr de% IS fies | 0020]
FIGURE 10 is a block diagramillustrating the

structure of an all-pass filter used in FIGURE 9
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[0021] FIGURE 11 is a schematic bl ock diagram
dipriREvEn ivg dihe ErbSukaent refexenceutisngosnuads ximgthe
nmodul e according to the present disclosure; [0022]
fel bRy 2 descyinthemat i talsroclindi egrametiibhusyiah i rngea
reflection m xing nodul e according to one enbodinent
agfogprnyings dnewinge| osurdiicnd [ 0023] FIGURE 13 is a
schematic block diagram illustrating a reverb m xing
[0l e ad'@6PBENG tidlloneraerbodi meaticel theupresenbs a
di scl osure. 8 DETAILED DESCRI PTI ON [ 0024] Many nodern
dietsrlbergtiponigoal rotddsssarse
[0012] FIGURE 2 1is an exemplary application of the
reverberation generator in a digital audioc processor;
[0013] FIGURE 3 illustrates a flow of information
mapping from environment to the reverberation generator;
[0014] FIGURE 4 shows a typical amplitude response of
a real environment;
[0015] FIGURE 5 shows a high-level functional block
diagram according to one embodiment of the present
disclosure;
[001e] FIGURE 6 is a schematic diagram illustrating a
pre-processor according to one embodiment of the present
disclosure;
[0017] FIGURE 7 1is a schematic diagram showing a
structure of a tapped delay 1line ¢ according to one
embodiment of the present disclosure;
[0018] FIGURE 8 isg a  schematic block diagram

illustrating a procesgsing engine module according to the

present disclosure;



digital signal processing (DSP) with digital signal
processors, which have limted conputational and
menory resources. A typical structure of a digital
signal processor 100, especially for audio signals,
is showmmn in FIGURE 1. The audio data is input and
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illustrating a reflection mixing module according to one
embodiment of the pregsent disclosure; and

[0023] FIGURE 13 is a schematic block diagram
illustrating a reverb mixing module according to one

embodiment of the present disclosure.



code nodul ation (PCVM format. It will be understood
that - 9 the audio source 202 nay be a radio
receiver, a mcrophone, or other source of a live
audio signal; an optical, electronic or magnetic
storage nediumor other source of a stored audio
signal; or any ot Jg¢a S0k ‘b%s%ﬁupgﬁoﬁ‘u.d' o signal. The
stream 206 is passed to a reverberation generator 208
gnput . r rat| roller 208 generates
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audio data back to the I/0 interface for output.

[0025] Computation typically consists of additions,
subtractions, multiplications and other operations.
Multiplications typically needs more resources than other
operations. Typically, short filter lengths and fewer
multiplications will reduce the processing load of the
processor. A controller 106 1is typically present to
control the processor through host registers 108 which
are interfaced with the computational unit 104 through a
data bus 110,

[0026] An example of a system or device 200 having a
reverberation generator 201 is shown in PFIGURE 2. 2aAudio
content received at an audio input port 203 from an audio
source 202 is first decoded by a decoder 204 to produce
an uncompressed stream 206, in some embodiments in pulse

code modulation {(PCM) format. It will be understood that



paranmeters 306 to generate the desired reverberation
response. How to extract the descriptive paraneters
from the environnent to map into the reverberation
nodel is beyond the scope of this disclosure. 10
[0028] FIGURE 4 shows an anplitude response 400 of a
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[ oom .
via a user interface 212, producing a reverberated output

214 that is passed to an output port 216 or a further
processing unit.

[0027] A flow of information mapping 300 is depicted
in FIGURE 3. To simulate reverberations without using the
exact reverberation response of the environment, a
reverberation model representing a desired reverberation
response is established by extracting certain important
descriptive characteristics (parameters) 304 of the
reverberations from a desired environment 302. Extracted
parameters are passed to the reverberation generator or
controller to configure its internal controlling
parameters 306 to generate the desired reverberation
response. How to extract the descriptive parameters from
the environment to map into the reverberation model is

beyond the scope of this disclosure.
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[0029] Another factor is that the reflection surfaces
general ly absorb nore hi gh-frequency signals than | ow
frequency signals. As a result, high-frequency signals
decay faster than | owfrequency signals. How fast high
frequency signals decay with respect to | owfrequency
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However, this is not necess
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reverbéﬁg' ﬁngéﬁ%nse 5P L lohar acfBPVSed byeeRtarin

'ﬂﬂ the fol |l ow ng set of
ara eristice: the early echoes 404 are quite sparse

after the direct sound; the density of the echoes
increases over time and in the late part of the
reverberation 406, the echoes become so highly diffused
and dense that they sound like random noise. How fast the
density of the echoes is built up generally depends on
the room size. The smaller a room ig, the faster the
density of the echoes will be built up. The rate of decay
of the overall energy level of the echoes also varies
depending on the absorption of the surfaces of the room.

[0029] Another factor isg that the reflection surfaces
generally absorb more high-frequency signals than low-
frequency signals. As a result, high-frequency signals
decay faster than low-frequency signals. How fagt high
frequency signals decay with respect to low-frequency
signals depends on the surfaces of reflections. However,
this is not neceggarily the case when  wvirtual

environments are being simulated. In such applications as
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paranmeters: (1) Intensity or a power of the whole
response; (2) High Frequency (HF) Intensity Ratio or
an attenuation at a reference high frequency
(Reference HF) relative to DC, (3) Reflection
intensity or a power of early reflections; (4) Reverb
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Del ay or a delay time o first tion re atlve
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time at | ow frequencies Fo"0
abkpbhQe®f . decay tine at high frequencies relative to
decay time at low frequencies; 12 (9) Diffusion
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oS i o 0202%%‘ NGy 8 rEISGRABRY. Pov eignee depend
on the environment, but also depends on the absolute
posgitions of both listener and source.

{00311 Given the obsexvations and considerations
above, a desired reverberation responge may be
characterized by, for exawmple, the following set of
parameters: (1) Intensity or a power of the whole
responge; (2} High Frequency (HF) Intensity Ratio or an
attenuation at a reference high frequency (Reference HF)
relative to DC; (3) Reflection Intensity or a power of
early reflections; (4) Reverb Intensity or a power of
late reverbs; (5) Reflection Delay or a delay time of a
first reflection relative to a direct signal; {(6) Reverb
Delay or a delay time of an onset of late reverberation
relative to a first reflection; (7) Decay Time ocr a
reverberation decay time at low frequencies; (8) Decay

Time HF Ratio or a ratio of decay time at high

frequencies relative to decay time at low frequencies;
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to factors such as: (1) a design involving few

mul tiplications; (2) delay lines realized by circular
buffers; and (3) filters inplemented as first order
IR filters. [00331 A high-level functional block

di agram of a reverberation control Il er 500 enbodyi ng
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341 A pre-processor 502 prepares an

2€ nnen 0
|%%k%é%nce %ﬁgk gﬁegﬂﬁ“ Asses it to a tapped delay |ine
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[g processi %%§Q%;pﬁﬁﬂﬂﬂ S 505 thkeBTERRNY ofliF pFosre
f eedback dela¥ network 13 (FDN) 506 that consists of
IFF et fracK e Pﬁfagb%n%nd“§“”5§ﬁ@dofbﬁroEé§§m¢&Fr5 as

granCh%HfS%O The ;signals_read from DLO 504 are
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506 hefore entering the processing branches 510. The
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ass filter, delay and attenuate their respective
i Q&ﬁﬂggtlng an embodiment of the present disclosure

using digital signal processing may be reascnably low due
to factors such as: {L) a design involving few
multiplications; (2) delay lines realized by circular
buffers; and (3} filters implemented as first order IIR
filters,

[0033] A high-level functional block diagram of a
reverberation controller 500 embodying the present
disclogsure ig shown in FIGURE 5. Each block 1isg
separately detailed in FIGURE 6 to FIGURE 11. Typically
one or more modules are affected by each descriptive
parameter of the reverberation model, and together the
modules generate a reverberation response that matches a
desired environment.

[0034] A pre-procesgsor 502 prepares an input signal
514 and passes it to a tapped delay line (DLO) 504, which
has N unevenly spaced reading taps. A processing engine

module 505 takes the form of a feedback delay network
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and then the processed signals are multiplied with the
feedback matrix 508 to feed back to the begi nning of
the FDN 506. Refl ections and reverbs are gathered
fromwithin the processing branches 510 and routed to
respective routing and m xi ng nodul es 512. [0035] To
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ok alRYS e HHT S FRUGTAES VEFy PEPRBFELEPOPRERT otich
RS | ow or der &ilteﬁing t he_t ot al congutational .
ConpIrESFEy IS QGPPEeF onl O TRE LABABF y TR&EEY r edoVofhiph-
reaspnably | arge range of each parameter is al so
Pyur ¢ lﬁﬁﬁy ’n’é%‘,l%é(s apd PthenYRt e Hed v inespREtABRt inputs,
section. [0036] In a preferred enbodi nent of the
aB$e§éﬁP i®s gedy FigverlBeratd oM lcdmiier o tdanthse

co figgred by a set of descriptive paraneters as
Laedd Tt tHioy 08 12 fsgehbacketer bbrabpaineom raf | tdre

may have one or two input channels, and may produce
FP%nsQﬁn;ﬁﬁQ%ECFQQPéaPP? bEeerbs are gathered from within

the processing branches 510 and routed to respective
routing and mixing modules 512.

[0035] To decorrelate reflections and reverbs within a
channel as well as across channelg, reverbs may be
differentially delayed before mixing. The final output is
formed by summiné up the mixed reflections and the mixed
reverbs. Having gone through many stages of filtering,
delay and feedback, the reverberation is very natural
sounding with little coloration. Since each stage only
requires very simple operations such as low-order
filtering, the total computational complexity is quite
low. The memory required for a reasonably large range of
each parameter is also quite minimal, as will be detailed
in the next section.

[0036] In a preferred embodiment of the present
digclosure, a reverberation controller can be configured

by a set of descriptive parameters as described above.
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descriptive paraneter may affect one or nore nodul es
of the proposed nethod. The pre-processor nodul e

[ 00371 A pre-processor nmodule 502 is depicted in
FIGQURE 6. Wien an input 602 is stereo, a
down- m x/ bypass nodul e 604 may work in a down-m x

swedes 9@@@}5@5@&%%5&4@@@%@%%' %ngoogfgg “Bfle

single stream denoted as S. n the 1 npu

cABRARe14 he agaﬁw"rﬁégf X/ ypass npdul S)tutg‘gé & Im;yliy%gt rc]:gng}s Soende

such that S is 1derntical to 1np

d%b%iiﬂl,i&ed %%/11 e%%(}.m.rr{%}; na{f%%%’t ngriieICth:IquarXoR?e:rr%ﬁqules of

det erm ned nt ensi contro e o0

thgt§g§Fg of the reverberation. S is then
passe t%#%h%%ﬁéd'LOMFpaSS Filter (LPF) 608 to

attenuate the intensity at the reference high
frequency. The LPF is determned by HF Intensity

ti.0 Ref erenc F, and typically it my be as

Tglgn% ee%;% ie%"gf: ) &é\i—'ﬁst order IR filter. Since both
i plying by a gain and fi|tering are |inear ‘

[ggg’é'}r]at i ofs, pf%ép’é’g‘é%?s%? dé‘f’o‘%’flet héﬂ?doé§ notPHetiddkr in

s, .the output is theoretically the sane if LPF

Fg%‘?féeﬁs é-be"\“%ﬁ”e Fhe' Hain 6 085 15T H5FE8°d e Paforn nel o/ iumaep

38] The pre-processed streamSis fed into a tapped
m(gt%)le ]604 mae' wogk in a down-mix mode, combining the ptEvo

input channels to produce a gingle stream, denoted as S.
When the input 602 is wono, the down-mix/bypags module
604 may be bypassed such that S is identical to input. 8
is then multiplied with Room Gain 606, which may be
determined by Intensity, to control the overall intensity
level of the reverberation. S is then passed through a
Low-pasgs Filter (LPF) 608 to attenuate the intensity at
the reference high frequency. The LPF is determined by HF
Intensity Ratio and Reference HF, and typically it may be
as simple a filter as a 1lst order IIR filter. Since both
multiplying by a gain and filtering are linear
operations, the exact order of them does not matter. That
is, the output is theoretically the same if LPF comes

before the gain.
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delay line (DLO 504 one enbodi nent of which is
depicted in FIGURE 7. DLO 504 has N unevenly spaced
reading taps 702, where N is the nunber of processing
branches 510 of the processing engi ne nodul e 505.
Feedi ng the processing engine nodule 505 with

mﬁﬁ¥ﬁ”ﬁ¥1§?&ﬁﬁﬁa&ﬁﬂ? LgRY increase the echo density
0

I'le mini'mzing coloration. The offset of the first

0836] ! eﬂ'f‘h%igﬁ;é%o@%s%@& SILAGE Phd 02 YBLE%S Sapneq,

Ref | ecti
d ,
A ley R EEaL (DS} (EE0 S o S#d“l%er ?ﬁ'@” 5 if ﬁﬁﬁ%%%d“

change’ pr opof
; u th re, st ance.bet ween_t he | ast
’-?e'F?éE A e TR I A S Sh IRt
ef er apl |n t range of 0.002 seconds to 0.025
7§%con A e e PR S s 5 0 002 BEeRgReR S10 of

orres onds to extre short Reverh Delay and the
PpBF CCBOTHE o?n%”&?zé“%%%&n #8250 Fé’)‘?fillgﬁe H}e| BRECRRYV 1D
rocessj ng engi ne nodul e [ 0039] An
e%%%%i'ﬁ% L&lef) ot} h‘él‘gT Sy SRGFARE tABBUPRY SHRCERRPe
ge reallé by a Feedback Del ay Network (FDN) 506, as
RpPERRdIPRS FYGURE ke BN @angoRsieratben - Hee NpELset
oceSS|ng branches 510 and the feedback matrix 508.
gn npt 5ty PPBELEeTng bRrRNERYS 1A Aajebbinediebup thef

an AlliPaSS Filter (APF) 902, a Low pass or Hi gh-pass
value Reflection Delay, which may be up to 0.3

seconds, and the spacing between successive reading taps
is uneven and may change proportionally to the value of
Reverb Delay. Furthermore, the distance between the last
(latest) reading tap and the first reading tap is
preferably in the range of 0.002 geconds to 0.025
seconds, where the lower bound of 0.002 seconds
corresponds to extremely short Reverb Delay and the upper

bound of 0.025 seconds to extremely long Reverb Delay.

The processing engine module

[0039] An embodiment for the processing engine
module 505 can be realized by a Feedback Delay Network
(FDN) 506, as depicted in FIGURE 8. FDN 506 consists of
the N processing branches 510 and the feedback watrix
508. An exemplary processing branch 510a may be made up

of an All-pass Filter (APF) 202, a Low-pass or High-pass
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16 Filter (LPF or HPF) 904, a delay line 906 and a
gain 908, as depicted in FIGURE 9. In FIGURE 8, an
input to processing branch 510i, where, 1<=i<=N, is
the sumof an input read fromreading tap i of DLO
504 and the ith elenment of the vector obtained by

FMELL Db %L | 9R0DAGKATRLY | K190% o LTS BYE g0s.

signals fromthe en rocessi ng rafchad
0040] 4 rgi,ng RE t 02 has.a
a%m%%ﬁé}%c?;cg?i ngf(?unéséu%é rggpoﬁr@ﬁgﬁdga {3t 1oput  to
tr that introduces little col oratjon.
PRREORENY R B R Bon IPSTERN clbaths, TRt o
. T ffsets of ..the reading .t to the delay |
PPt 28a8 et B Ly D e SBbr EPOndtiet o oh
al ue_of Reverb Del ay, na e .unevenly ,
e%?@?% buted, “Xhd e Pe &P&saé%’ego BY¥ pFhEPHGHser Lhe
The shortest., offset of the reading taps to the delay
£ ?‘%%%qu RS SERE D Rﬁﬁfi‘- ﬂﬁﬁﬁysﬁ. é%gnﬁh Ereeciiig end of
tgel ag i S .preLerabIg in the range of 0.008 seconds to
?O‘éysceeféﬁal@, WABFRSE et 9-ower bound of 0.008 seconds

fﬁ esponds to extrenely short Reverb Delay and the
@‘% r bOTHYTBED. 02° sECHVEE t 8- exthendiBF | 8Ry Feasr I®

Del@éi Furthernore, in case of N=4, the | argest
SPPFISEYY | LeogfidBeridly sen rareongsganst al. Dlatp Ars&iusnees

t he shortest
spectrum that introduces little coloration. An embodiment

of the APF 902 is depicted in FIGURE 10. The offsets of
the reading taps to the delay lines in the APFs APF1-APFN
may be proportional to the value of Reverb Delay, may be
unevenly distributed, and may be chosen to be prime
numbers. The shortest offset of the reading taps to the
delay lines in the APFs APF1-APFN (i.e., the effective
delay} 1is preferably in the range of 0.008 seconds to
0.02 seconds, where the lower bound of 0.008 seconds
corresponds to extremely short Reverb Delay and the upper
bound o©of 0.02 seconds to extremely long Reverb Delay.
Furthermore, in case of N=4, the largest offset is
preferably in the range of 1.2 to 1.5 timeg the shortest
offset. The decay factors a of the APFs may be
proportional to Decay Time and may also be unevenly
distributed. In general, the longer the reading tap is,

the smaller the decay factor a should be. A preferred
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of fset. The decay factors a of the APFs may be
proportional to Decay Tine and may al so be unevenly

di stributed. In general, the |onger the reading tap
is, the smaller the decay factor a should be. A
preferred 17 range of a is recommended to be between

d ;0.7 %Qﬁﬂ I4 I a finite-prec n
rrgg%rgeggntaatlisgnm ased %ﬁ qua |S% |oenn dq%&Plf'Pde 63}50
d figni | ow el _output even after put
R e 1 S e msm T et Pt L gopBet S o
y tru ti t ni tude of
bgtg%?ecgn %*a{t}letrsﬁt %\?\Lé)?d zerggﬁ[r?ﬁyg OI%I"I‘@ Lg?/ F—P’g iPv
S|n ch 510a, nmay be d to control the
18 p&%‘% b &ﬁeﬁ@?utdéﬁeﬁﬁ@ﬂt’e‘ﬁan}ﬂé‘i’m Werpero-
i &9y1 Q§ Ratl i,s | ess than , the LPF 904 may
used 1o % F%hort'ér e &e@&y}“‘t"flﬁEedalPYhFﬁlﬁmatmg
frequen nd the smaller Decay Tinme HR Ratio 1is,
tlf‘%eazbq’b%tge f’ﬁesr‘%\?%a US| £eFPRY #¥¥%ct HPF shoul d
On th other hand, when Decay Tine HF Ratio is
[gﬁggter fifign P /PRE [48E 9ou thEy Beetrssdngo hemkeht 1d 0a

time | onger at high frequencies, and the

dec

m§¥e§¥eP SBecdy TOMEPR R | Beray Thee gisatéerfydmuency-
hi gh-pass filtering effect HPF should be. Wen Decay
denqRdagt AT s W§naPecey Timhe HFPRAMRF 964 less than

effectlvely degrades to a unit gain.
1, LPF 904 may be used to make shorter the decay time

at high frequencies, and the smaller Decay Time HR Ratio
is, the greater the low-pass filtering effect HPF should
be. On the other hand, when Decay Time HF Ratio is
greater than 1, the HPF 904 may be used to make the decay
time longer at high frequencies, and the greater Decay
Time HR Ratio is, the greater the high-pags filtering
effect HPF should be. When Decay Time HF Ratio is equal
to 1 the LPF/HPF 904 effectively degrades to a unit gain.
Reference HF may be used in the design of the LPF/HPFs,
which may be as simple as ist order IIR filters.

[0042] The delay lines 906 (DL1I ~ DLN) in individual
processging branches 510 of the FDN 506 may control the
modal density of the generated reverbs and the pace of
reverbs’ building up. The longer the delay lengths are,
the higher the wodal density 1is, but the slower the

building up of reverbs. The offsets of the reading taps
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Ref erence HF may be used in the design of the

LPF/ HPFs, which may be as sinple as 1st order IIR
filters. [0042] The delay lines 906 (DL1 - DLN) in

i ndi vi dual processing branches 510 of the FDN 506 may
control the nodal density of the generated reverbs

By“ihkh%e@éfelfﬁesr@?ﬁﬁé@%lvgubeg%ﬂgléﬁﬁf sraé S

del ay lengths are t he hi gher dens

cié'ﬁterpnmﬁeél C}Wer M‘bggél ljtlgiﬂ;g '%‘%c% reve 3 eé")?rgl n%%lay

of fsets of t'he rea

a%%iaf:@9t'ms¥d%leaxameggi szi Qegsgugga g gﬁﬂéﬂened b

Denst t Factog a d BV erb [ ey
t ed, e chosen_ he.to
b%n \62;}!%%“% E‘%‘Jr{qbe%cgpé% ty f R/E?%‘F ln%*?t? dﬂ‘::'ac’gﬁ?mw
I f.f era eas
FEEEP?ggconzg gd'sﬁoth%%ﬁ%gahgﬁ f%ﬁ%ﬁ??k}%eGBnd§aSt 45

h Modal De ty Factor the | argest
mE?;éegrgB%?er%% y 8%83 HgFTeXQSI t wit@B t e 1l dngeerdst-

smal | es To further elimnpate tenpora
‘r?%%’f'{‘f?%es i%"i’hé‘“ﬂ d‘ﬁ%de evBrBELEY i FRCtPRe theadl argest
may be ra mzed wthin a certain range
%gﬁ?%r%%e% 1 ingSeh TokatFered ot Shendgnare doche
the feedback matrix, the outputs of the DL's 906
s%jﬁ g EEDREI 1 R R D) SERgRedt iSEEuUCHaters DS heo

achleve a desired Decay Tine.
late reverberation, the reading taps may be randomized

within a certain range centered at a chosen location.
Before they are fed into the feedback matrix, the outputs
of the DL's 906 (DLL ~ DLN} are multiplied by respective
gaing 908 to achieve a desired Decay Time.

[0043] These gains 908 may be affected by the
effective delay lengths of the DL’s 906 (DLl ~ DLN). The
feedback matrix (FM) 508 may be a unitary matrix and
controls the echo density of the late reverberation. In
general, the FM 508 may bhecome sparser as Diffusion
Factor becomes smaller. In one extreme, all elements of
the FM 508 are non-zero values when the highest Diffusion
Factor is desired; in the other extreme, the FM 508
becomes a diagonal matrix to cut off many feedback paths
in response to a very low Diffusion Factor. The matrixed

signals are cowbined with the signals 702 read from
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[0043] These gains 908 may be affected by the
effective delay lengths of the DL's 906 (DL1 - DLN)
The feedback matrix (FM 508 may be a unitary nmatrix
and controls the echo density of the |ate
reverberation. In general, the FM 508 may becone

c.as,. Di f fusi Factor becones snaller. ,I n,one
%)% %gr@n%?éa <.l%gelCg?srrte]jr%'trbs % tt?‘ fie E?ﬁ?SHStoar eng’ﬁgi'Qang of
£y,al 80%1 ﬂqg} rg)qfaplic%hes% i ffusion Factor is desired;
I'n Pﬁe o) % B> F1

er’ extrene, "FM 508 becones a di agonal
matrix to cut off many feedback paths in response to
a very low Diffusion Factor. The matrixed signals are

Lhed with the,signals 702 read from 19
T?lggglé% e atnlaapgllﬁnﬂ’@?%‘%ﬂhen fed into the beginning

[8544Lhe processi ng branches, 510. The routing and
m %fhg nodul e ‘PO0ARF | AVPALIMFRodidfenther Rt et i ang
and m'xé g nodul e 512 depicted in FIGURE 11, inputs
1O afR un]ceol Tt BP UGS te FEEPBE alt er Lapiet ARFEOOORre
ig thecr%\% 506, as illustrated in FIGURE 9. A
CPetTERT ST FhRg tABAUREL SN 183 ARFsa 9P@v ERbthe X 506
nodule 1104 pay produce reflections 1110 and reverbs
ailiglPsEﬁ%&ﬁ# vePy FISHBEf nald  vefpratsionl 08i:uing heodule
reverberation controller are obtained by summ ng up
11%% r3d ecti ofrverbl0 mgdndeverdsla 112100 way produce

reflections 1110 and reverbs 1112 respectively, and final
outputs 1108 of the reverberation controller are obtained
by summing up t;he reflections 1110 and reverbs 1112 on
respective channels. One embodiment of the reflection
mixing module 1102 consists of a matrix 1202 and two
gaing 1204 and 1206, as depicted in FIGURE 12. The mixing
matrix 1202 way be made of unit vectors orthogonal to
each other, avoiding power amplification or attenuation
and decorrelating outputs, and the mixed reflections may
be multiplied by Reflection Gain to achieve the desired
Reflection Intensity.

[0045] One embodiment of the reverb mixing module 1104
is depicted in FIGURE 13. Inpute 1302 are first
differently delayed by Pre-reverb DLs 1304 before
entering a mixing matrix 1306. The distribution of these
delay lengths (controlled by respective reading tapes to

Pre-reverb DLs}) may be scaled proportionally to Reverb
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respecti ve channels. One enbodi nent of the reflection
m xi ng nodul e 1102 consists of a matrix 1202 and two
gai ns 1204 and 1206, as depicted in FIGURE 12. The
mxing matrix 1202 may be nmade of unit vectors
orthogonal to each other, avoiding power

DAY { oBAL AR Yol UL 1 MM bR s
t?%‘??ﬁ’?: R e gh%ﬁboevﬁﬁ%? B ST has: dvord TAATY
ofRdd; il Pevefy ?59%235933@% % PrAvS vavp BB SogEoNe OF
?é? vEgeEre okt iofalt i, §9C¥1eﬁ’§ﬁl’ﬁg6'( PULETy e

£SPeg tlve rea |ng t aps Pre-reverb DLs)
tfslcale prop&Fﬁ gnal ¥ t%égﬁﬁﬁ?b 50 dB€P§V31%%HEihéhe

X|nun1 ngth is preferably less than 30
WP e ot 3¥ ﬁ%ﬁéyéﬁﬁgD€P§§°¥s B s quirkixi efRonFaIMeY.
The reverb m xing matri x 1306 may be made up of unit
" %t%?%eo??ﬁ%@oﬁglcPB E4Eh "GFRertevaxg iratdent relds vicke
echo denS|t in addition to decorrelating the

Votiput ”‘@& FUGRUDRT f 43P®n Fhctbhe imatydnt Vst oege
Qf have nore zeros to cut off nore reverb paths; and
bt ligdr &y Revesb ofepbit $ol30shidve ha mssriined] 3oGeabe

Intensity, and then may be further delayed by Post-reverb
DLis 1312, whose reading taps may be determined by Rewverb
Delay.

[0046] The present disclosure proposes a method to
generate and control artificial reverberations with Low
cost in terms of computation and memory. It produces a
natural sounding reverberation that provides the sense of
spaciousness of the desired environment, as specified by
the descriptive parameters of a well established
reverberation wmodel. The density of the generated
reverberation increases over time and the decay time is
frequency-dependent. Other properties {intensity levels,
delays, etc.) are well controlled as specified. The
reverberation 1s generated with a rather gimple and
uniform structure, which generates early reflections and
late reverbs in a unified manner as the real environment

does without abrupt boundary between early and late
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mul tiplied by Reverb Gain to achieve a desired Reverb
Intensity, and then may be further del ayed by
Post-reverb DLs 1312, whose readi ng taps may be
determ ned by Reverb Delay. [0046] The present

di scl osure proposes a nethod to generate and contro

Ry LEESEAL " eHer g;grﬁ%yysgals tmvgtglgg' Q neg{%%gsi %reggwélgéed

conputati on an P uces nat u

' ' i.d h f
SRS QTR 11 Dol O LIRSS Bl

Cl ousness o sifed environ
he i.ptive paraneters of a well estahlished

B842) Dor o SRb R R FRRETERREF §° oot HongEneRar b fns

everberation jincreases qver tinme and the decay tine
of %F?gaﬁ%ncv? Pendeht . POHE prSHer t itBs Eﬁﬁfen%??%ﬁt
| evel s | ays, etc. re well controlled as
GRUEPTT oo Tin e emyGiberal | BRI DR dRRAV R LR £
rataer single,and uni form structure, which generates
2BXr PYTPeY | B8t DAL ST CIMUPCEFePBs PPRYSERINTYG )F more
ganner as the real environment _does wi thout abrupt
eholifETy TREWEh @artyt ahBosat elevants eirecil obly s g
proposed nmet hod generates decorrelated outputs on two
CERbnTel Wil hO8Re- 2BPt RS- chadhel vempia . “ipgbuds” | tand
.may be advantageous to set forth definitions of
PRSP wor d8° andephr ases udedivatividss pdeusef, mean

inclusion without limitation. The term “or" is
inclusive, meaning and/or. The phrases “associated with”
and ‘“associated therewith,” as well as derivatives
thereof, may mean to include, be included within,
interconnect with, contain, be contained within, connect
to or with, couple to or with, be communicable with,
cooperate with, interleave, juxtapeose, be proximate to,
be bound to or with, have, have a property of, or the
like.

[0048] While this disclosure has described certain
embodiments and generally associated methods, alterations
and permutations of these embodiments and methods will be
apparent to those gkilled in the art. Accordingly, the
above description of example embodiments does not define
o constrain this disclosure. Other changes,

substitutions, and alterations are also possible without
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docunent. The term "couple"” and its derivatives refer
to any direct or indirect communicati on between two
or nore elenments, whether or not those elenents are
in physical contact with one another. The terns
"include" and "conprise," as well as derivatives
debereohs 7ean chackyskon WhhNQULLT Wit Akl 4, TS oLELLT
"or" is inclusive, neaning an BF. “The phr ases !
asA388¢hal &gl W £01386; n@Ss0G Al ed therew th,* as vell
as derivatives thereo%, may nean to include, be
included within, interconnect with, contain, be
contai ned within, connect to or with, couple to or

wi th, be comruni cable with, cooperate with

i nterl eave, juxtapose, be proximate to, be bound to
or wth, have, have a property of, or the |Iike.
[0048] Wile this disclosure has described certain
enbodi nents and general ly associ at ed net hods,
alterations and pernutations of these enbodi nents and
met hods will be apparent to those skilled in the art.
Accordingly, the above description of exanple

enbodi nents does not define or constrain this

di scl osure. Ot her changes, substitutions, and
alterations are al so possible wthout 22 departing
fromthe spirit and scope of this disclosure,
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as defined by the followng clains. 23 Wat is
clainmed is: |I. A device conprising a reverberation
controll er operable to: pre-process one or nore
predeterm ned characteristics of a first audi o signa
to produce a pre-processed signal; generate a
plurality of delayed outputs fromthe pre-processed
signal, each output having a predeterm ned delay; and
Whitdeitlened il ural ity of reflection outputs fromthe
plurality of delayed outputs; wherein the
reverberation controller is operable to conbine the
plurality of reflection outputs to produce a second
I. audh dedegrumtpriBaiangvabagsin@dus iy ephariatd.on response
by conbining the plurality of reflection outputs to
pr qﬂ&?@oassmﬁ‘m B fredet @MideaRha@btbRUcs o £OIRI NGk L3¢
plurality of reflection outputs to produce a conblneg

prodiR¥ BIREpREEQM sighf:put ; and sunming the combi ned
reflection output and the combined reverberation

output...t d audi o si gnal .g. Th ,
e b R R T R
0 eraQ{_ to pre-progess one or nore predeterm ned
havt ﬁﬁﬁ%egwngﬁggmgfmﬁhe first audio signal by:
contr IIinEII ,ga&n of the first audio signal; and
fi INVCRGP ”3 Y prisfleioriontpusstirarm thernlyrality 86 delayediogipats;
3., The device of claim2, wherein the gain of the
whergip ghe gYfipatiingRatrolics iscenstabls tbeambg the plurality of reflection
outputs to produce a second audio signal having a desired reverberation response by :
combining the plurality of reflection outputs to produce a combined reflection
output;
combining the plurality of reflection outputs to produce a combined reverberation
output; and

summing the combined reflection output and the combined reverberation output

to produce the second audio signal.
2. The device of claim 1, wherein the controller is further operable to pre-process
one or more predetermined characteristics of the first audio signal by:

controlling a gain of the first audio signal; and

filtering high frequencies of the first audio signal.

3. The device of claim 2, wherein the gain of the first audio signal is controlled
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according to a desired power of the desired
reverberation response, and high frequencies of the
first audio signal are filtered according to a desired
attenuation at a reference frequency relative to an
attenuation at DC of the desired reverberation
response. 4. The device of any preceding claim
wherein the delays of the del ayed outputs are
acgendingrip adlgsised porei plghe desired sserberdtipoweponss, aedhigp frequencies
reflections of the desired reverberation response. 5.
of thhérdewdiceigod! aanij!tpedoedidig tolaalesitedwhenatim sthaeference
controller is further operable to produce a plurality
freqfencefclagiot toih atehipiios abPC oF e bebigedaeRrbraddnt ¥spdhse.
feedback outputs and the plurality of del ayed outputs
to produce a plurality of summed outputs; and
produci ng the plurality of feedback outputs and the
~pl urid de - L.ect i : 1o ] the. ity of
R T S R i T T R S E A T
yof al.l.er: i, t.her operable to . ethe, . .
eI ERCbEink S LW o SRR TR e RRESHRE aliTRp gorgpperaton
.reflection outputs fromthe plurality of sunmmed
PSfput s by: filtering a sunmed output to produce a
reflection output; filtering the reflection output to
produce a filtered reflection output; delaying the
filtered reflection output to produce a del ayed
5. fi | therdsyice of pacripedingslaipuvhergindheemtrobirlis figthear epaiabloto
the del ayed filtered reflection output to produce one
progfcetarpdurals ofreffeationt gutfts beedback out puts. 7. The
devi ce of claim®6, wherein:
summing a plurality of feedback outputs and the plurality of delayed outputs to

rod

produce a plurality of summed outputs; and
producing the plurality of feedback outputs and the plurality of reflection outputs

from the plurality of summed outputs.

6. The device of claim 5, wherein the controller is further operable to produce the
plurality of feedback outputs and the plurality of reflection outputs from the plurality of
summed outputs by:

{iltering a summed output to produce a reflection output;

filtering the reflection output to produce a filtered reflection output;

delaying the filtered reflection output to produce a delayed filtered reflection
output; and

controtling a gain of the delayed filtered reflection output to produce one of the
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a decay characteristic of the reflection output is
determ ned according to one or nore of a desired
delay tinme of an onset of late reverberation relative
to a first reflection of the desired reverberation
response and a desired reverberation decay tinme at |ow
frequencies of the desired reverberation response; a
characteristic of the filtered reflection output is
plaatierofifesdbiackootmdi ng to a desired ratio of decay tine

at high frequencies relative to decay tinme at |ow
frequencies of the desired reverberation response; a
del ay of the delayed filtered reflection output is

7. det'Brerdenied obglgiat 6livilgrdi® a desired nodal density of
| ate reverberations of the desired reverberation

I eSPRRSEchatRebristih§f lg@idﬂengIItJllﬁjl@% RYERideli Ll &F Rk 10 ane or
reflection output is control accordlng to a desired

m()ire%\bg rd@ﬁlre@tdb@? (RS A YN bhal® oiaitate rQ\y& l];erézﬁﬂféq D cli‘% E.{)%fﬁi Etn'gﬂectlon

desired reverberation response. any
fur

of tRL c?ecsﬁgci 1%9%1%1% i n;ét %E%e zhn t esu%ﬂo ﬁev?%gf'f ?%ﬁdeiscg% fng ﬁt Iow

. i ual | y del aying one or nore of the
ﬁmﬁFﬂﬂﬁfﬁpvxE?”" Y%g?WGH“BﬁPBﬁgs to produce a del ayed
plurality reflection _outputs; conbining the del ayed
pl lfrf‘-gmaftyl Igfe ofdlrq larsdosteniiop ot is dsteoning@aggording to a
col lective reverberation output; controlling the gain
desigrd reteoldscnedme vehigle frequsariat iebtive it ety timndt lodteayimips
the gain-controlled collective reverberation out put.
of tixkglegiredTrecrbavtiimercgfoned;ai m 8, wherein: a gain of the
conmbi ned reflection output is controlled according to
a deslayedthepiolaged tificredrdiyctionfdugni isafeterdinct RecodBisd foad

reverberation r esponse,
desired modal density of late reverberations of the desired reverberation response; and

the gain of the delayed filtered reflection output is controlled according to a

desired reverberation decay time at low frequencies of the desired reverberation response.

8. The device of any preceding claim, wherein the controller is further operable to
combine the plurality of reflection outputs by:

individually delaying one or more of the plurality of reflection outputs to produce
a delayed plurality of reflection outputs;

combining the delayed plurality of reflection outputs to produce a collective
reverberation output;

controlling the gain of the collective reverberation output; and

delaying the gain-controlled collective reverberation output.
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the one or nore delays of the plurality of reflection

outputs are determned according to a desired power

of late reverberations of the desired reverberation

response; the gain of the collective reverberation

output is controlled according to the desired power of

| ate reverberations to produce a gain-controlled

coll ective reverberation output; and the

gai n-controll ed coll ective reverberation output is

del ayed according to a desired delay tine of an onset
9. of Tha &vicewérhian 8t whancinel ative to a first reflection

of the desired reverberation response to produce the

conbiaiedf the vembitdtdfetidUiunit is cbBiroledméhds @f a desired

producing a desired reverberation response to an audio

povgdr@Madrly reOdiRRb 81 RE dedc® dERLLSIDH ?&F&ﬁ@ or nore
predeterm ned characteristics of a first audi o signa

t o (HPHRIMGRNR d@fa?s @fr REEREEH, §I‘ gﬁ'@cjtao FR65 AL M Rine
g

plurality of del aye outputs rom-t re-processe

accotd %atl) a d@QFJa Flui%ite 9\)@1 n? F tﬁgtdgsrurcpd Pcievgtbﬁ,agﬁi( {'eﬁgonse'

pro C|ng a ura £'i on "Bt > I
p conblnl t he pl ur
hEktibdr 5G4 %&t%@@“&g pohtied fé%@@ﬁ%aoga@ﬁ% ofihal
esired reverberation response by conbining
dest"?fip‘a’?‘iﬁ PSP%‘% APV gelﬁ%?nSé% P&'Oéhbtcug%nu@@tftoa%% e rﬁvcrbm ation
conbi ned refl ection 27 output; conbining the _
outpiftiddl ity of reflection outputs to produce a combi ned
reverberation output; and summ ng the conbi ned
reﬁh%gmn@wﬂnﬂbé@omahdsmhebm@hhlmﬂdmnEMmeémammbmyﬁa
out put
desired delay time of an onset of late reverberation relative to a first reflection of the

desired reverberation response to produce the combined reverberation output.

10. A method of producing a desired reverberation response to an audio signal,
comprising;

pre-processing one or more predetermined characteristics of a first audio signal to
produce a pre-processed signal;

generating a plurality of delayed outputs from the pre-processed signal, each
output having a predetermined delay;

producing a plurality of reflection outputs from the plurality of delayed outputs;

combining the plurality of reflection outputs to produce a second audio signal
having a desired reverberation response by

combining the plurality of reflection outputs to produce a combined reflection

27



to produce the second audio signal. 11. The nethod of
cl aim 10, wherein pre-processing one or nore
predeterm ned characteristics of the first audio
signal further conprises: controlling a gain of the
first audio signal; and filtering high frequencies of
the first audio signal. 12. The nethod of claim 11,
wherein the gain of the first audio signal is
owpitrol l ed according to a desired power of the
desired reverberation response and hi gh frequencies
of tdmebiding 8 paudite of rdkationareptd botpesdde aceabided@véBediion
desired attenuation of the reverberation response at
outautt @fder ence frequency relative to an attenuation at DC
of the desired reverberation response. 13. The nethod
of ammial el BhBRed Gefelidtoupianein cbﬁgjigglra%?oeﬁlf’oﬁ B&pu
del ayed outputs are determ ned according to a ge5|rgé
fo. Lyqsreflections of the desired
H”?@%Egggfggﬁgﬁy?ggfS%ée. 14. The met hod of' any of
clains 10 to 13, wherein producing a plurality of
reflection outputs fromthe plurality of del ayed

out.puts further I ses: 28 summing a plurality of
H-fee k?di&?%{’%?{ﬁf]&fw@%ﬁ%g?ﬁ@ PBS-BIOSFSS I OBF OHBPERSECHINGY s
to produce a pluyrality of summed outputs; and
d“b?@&ﬁ&?ﬁg“FH%“ﬁP@PéMW@§m8$mF@€WB&§k outputs and the
plurality of reflection outputs fromthe plurality of
surfvatoling petis of 8 firThedigsidieldant cl ai m 14, wherein
producing the plurality of feedback outputs and the
pl Urleking Yigbfirenedices bf di fosttapdib sighalom t he plurality of
sumed out puts further conprises: filtering a sunmed
out put to produce a reflection output;
I2. The method of claim 11, wherein the gain of the first audio signal is controfled
according to a desired power of the desired reverberation response and high frequencies
of the first audio signal are filtered according to a desired attenuation of the reverberation

response at a reference frequency relative to an attenuation at DC of the desired

reverberation response.
I3. The method of any of claims 10 to 12, wherein the delays of the delayed outputs
are determined according to a desired power of early reflections of the desired

reverberation response,

14. The method of any of claims 10 to 13, wherein producing a plurality of reflection

outputs from the plurality of delayed outputs further comprises:
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filtering the reflection output to produce a filtered
reflection output; delaying the filtered reflection
out put to produce a delayed filtered reflection
out put; and controlling a gain of the delayed filtered
reflection output to produce one of the plurality of
feedback outputs. 16. The nethod of claim 15, wherein:
a decay characteristic of the reflection output is
det edfnHegla aieditdphigedhaclongpar andiibe eluodlitpotidsdyee dutputs to
delay tinme of an onset of late reverberation relative
protiecear fflinaBty afefilneet icomputspdndt he desired reverberation
response and a desired reverberation decay tine at |ow
f r egrudntigage plurdl e otiRsdvaeiodipMe BREthabiuedlity 8SRABSR ofitputs
characteristic of the filtered reflection output is

frolefiepimangthfagmiicdiongulso @ desired ratio of decay tine
at high frequencies relative to decay tine at | ow

frequencies of the desired reverberation response; a
del ay of the delayed filtered reflection output is

1. GC RIS AR DAt Qi rod iR B P TP e ing

| ate reverberations o
e del ayed filtered

response; .and the in.,of th
the piup4! @%f’f‘%ﬂe%ﬁ’wﬁ{p“fﬁ‘gf?%% HiePSirpILY oheper prypyte ugthareeonnsiges:
rever berati on decay tinme at |ow frequencies of the
ded'[*8H8 f SVBMGE PRIPHOIR DrapomEdlectionpuiptite net hod of any
of claims 10 to 16, wherein: conbining the plurality
of fHefipgHEireecsar pulpst terqsivoiu tikerad oblebiamemitput;
reverberation output further conprises: individually
deldglpying tom@ltaed refleaionfoutfue toprodiak iatdylagfd filefritdetli@ion
outputs to produce a delayed plurality of reflection
outpiurtandt s ;

controlling a gain of the delayed filtered reflection output to produce one of the

plurality of feedback outputs.

16, The method of claim 15, wherein:

a decay characteristic of the reflection output is determined according to one or
more of a desired delay time of an onset of late reverberation relative to a first reflection
of the desired reverberation response and a desired reverberation decay time at low
frequencies of the desired reverberation response;

a characteristic of the filtered reflection output is determined according to a
desired ratio of decay time at high frequencies relative to decay time at low frequencies
of the desired reverberation response;

a delay of the delayed filtered reflection output is determined according to a
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conmbi ning the delayed plurality of reflection outputs
to produce a collective reverberation output;
controlling the gain of the collective reverberation
out put; and delaying the gain-controlled collective
reverberation output. 18. The nethod of claim 17,
wherein: a gain of the conbined reflection output is
controlled according to a desired power of early

dosised wedal darsity f thia lseerberetions ofthealcdeddayserbdratidneesponse; and
plurality of reflection outputs are determ ned
accoegdhingftie dlagesfited piwaionafutjuatsecnevitrdbecatiingrsa of
the desired reverberation response; the gain of the

destredl kevetberadion gatay ekat lodnfrQuetiés dFShE@RIEDlh&Beration response.
according to the desired power of |ate reverberations
to produce a gain-controlled collective reverberation
out put; and 30 the gain-controlled collective
reverberation output is delayed according to a
desired delay tine of an onset of |ate reverberation

17." el ﬂli M@th{;cpoiaanplo?gl%ilﬁselfd tSCI%I Qb rgifn: the des! red
reverberati on response to pfod%ce t he conbi ned

o 4T TR0 BB i DS BB er o

erable to receive information froma user, the

m”ﬁ%ﬁ@Fﬁﬁ??%n relating to a desired reverberation
response; and a reverberation generator coupled to the
audPévslahedelaingeongipdimeroel therpluraindof teBectioo ntitpolsite prpduce
unit, the reverberation generator conprising a

a delewed phealdy pbreflegivhrootpues;

combining the delayed plurality of reflection outputs to produce a collective
reverberation output;
controlling the gain of the collective reverberation output; and

delaying the gain-controlled collective reverberation output.

18, The method of claim 17, wherein:

a gain of the combined reflection output is controlled according to a desired
power of early reflections; and

the one or more delays of the plurality of reflection outputs are determined
according to a desired power of late reverberations of the desired reverberation response;

the gain of the collective reverberation output is controlled according to the
desired power of late reverberations to produce a gain-controlled collective reverberation

output; and
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operable to: pre-process one or nore sel ected
characteristics of a first audio signal fromthe
audi o source to produce a pre-processed signal;
generate a plurality of delayed outputs fromthe
pre-processed signal, each output having a
predeterm ned del ay; produce a plurality of reflection
outputs fromthe plurality of delayed outputs;
contihzein-pentislled edlieciivofeverbraéat duemit dutghyed atcordimpiiac e
a second audi o signal having a desired reverberation
desireds gdmystendyf ancorti afilaig ravhbeplion slldtivy tod firsefdflecttdnait the
out puts to produce a conbined reflection output;
despehivabagtidrhesne &l jrbducothe @hbael reRriRtHiBHbSpLO
produce a conbi ned reverberation output; and summ ng
t he conbined reflection output and the conbi ned
reverberation output 31 to produce the second audio
ggsig@g%ﬁmggomgngngysten1of claim19, wherein the
controller i urther operable to: pre-process one or
nogﬁzﬁﬁ%%g&gg.characteristics of a first audio signa
fromthe "audi o source to produce a pre-processed
signal .by: controlling a gain of the first audio
si%ﬂfﬁ?ogﬁwunfiltering hi gh frequencies of the first
audi o signal; produce a plurality of reflection
outigehLo g nererbInioureniya ipfosnatips] fape  uestit heitndongiption
summing a plurality of feedback outputs and the
mmemFﬁﬂ£¥Wﬂgﬁvﬁb@EV@Umaum§mmsdto produce a plurality
of summed out puts; and
a reverberation generator coupled to the audio source, the audio output, and the

controlling unit, the reverberation generator comprising a reverberation controller
operable to:

pre-process one or more selected characteristics of a first audio signal from the
audio source to produce a pre-processed signal;

generate a plurality of delayed outputs from the pre-processed signal, each output
having a predetermined delay;
produce a plurality of reflection outputs from the plurality of delayed outputs;

combine the plurality of reflection outputs to produce a second audio signal
having a desired reverberation response by:

combining the plurality of reflection outputs to produce a combined reflection
output;

combining the plurality of reflection outputs to produce a combined reverberation
output; and

summing the combined reflection output and the combined reverberation output
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producing the plurality of feedback outputs and the
plurality of reflection outputs fromthe plurality of
sumed outputs by: filtering a summed out put to
produce a reflection output; filtering the reflection
output to produce a filtered reflection output;
delaying the filtered reflection output to produce a
del ayed filtered reflection output; and controlling a
togapicothetserondendigeigndli | tered reflection output to
produce one of the plurality of feedback outputs. 21.
The system of claim 20, wherein: the gain of the first
audi o signal is control led according to a desired
20.powvilic hiemhe clatRsb [ elitbréievierdeandld aufB&RPeSSle t@nd hi gh
frequencies of the first audio signal are filtered
ac JIFAFNESSIBe Q' B seesgted chantiaistionola firgt gudfeyigni &om the

did QAHRNE YrobleA p¥Srdclss sidhdippuati on at  DC of the
audesired ?Everbé?é?fon%reggonsg; the del ays of the

del eoypellivge guinof thedirgewdionignedaatcor ding to a desired
POVRL rﬁ% hj J%q{elq}{enrc?efs lo?ﬁ"ltelfﬂﬁs u&fo sF rl?lgl' desired
Perat spon a

rever on 'r esponse, ecay aracteristic of the
r efpredice apluwalttpuof reflsctib@todrpis e aeqoudindidslaudiuts by:

.desjred del ti f an onset of late
suriFgE PRUELY BhicrBiiak pyatis 6t phstity of St ontpbto pragce o

pludasi Jredmiey endaikadidjon response and a desired
reverberation decay tine at Iow frequencies of the

dedirp@gingdhepipiatinn ¢ (deedbackyaities and2haplohditact refléctipi outpfits
o o ) PP Bty "time at i gh frequenci e
r elfdteriuga sonded aytpi trpreaiucd owflbstegueanait,es of the
de%i{eﬁgg fg V& etc):ﬁ(r)r? E&tgtﬁ tcr) gﬁo%ggesaeﬁitered reflection output;
delaying the filtered reflection output to produce a delayed filtered reflection
output; and
controtling a gain of the delayed filtered reflection output to produce one of the

plurality of feedback outputs.

21, The system of claim 20, wherein:

the gain of the first audio signal is controlled according to a desired power of the
desired reverberation response, and high frequencies of the first audio signal are filtered
according to a desired attenuation at a reference frequency relative to an attenuation at
DC ofthe desired reverberation response;

the delays of the delayed outputs are determined according to a desired power of
early reflections of the desired reverberation response;

a decay characteristic of the reflection output is determined according to one or
more of a desired delay time of an onset of late reverberation relative to a first reflection
of the desired reverberation response and a desired reverberation decay time at low

frequencies of the desired reverberation response;
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a delay of the delayed filtered reflection output is
determ ned according to a desired nodal density of
| ate reverberations of the desired reverberation
response; the gain of the delayed filtered reflection
output is controlled according to a desired
reverberation decay tinme at |ow frequencies of the
desired reverberation response; a gain of the conbined
r ef lagheragiarisigtodthe filerebefledion @dtpatks dﬁtdrrmged acardiiestb red
desﬂtgcwglp gf%et%?% %e a? ugﬁ(f" eq&’tr%leg rclattnf% to ﬁ%@‘\é?:&l&aggyg %?qufctﬁ",ées
m%pimmahimymbﬂanafkﬁmnman outputs are det er m ned

acco ng to e wer of | ate reverberations of
t hé (ﬁegasv e 4o Z’%ﬁ? ol %3 %%CP@%%%@ ‘?et‘%“ﬁ'é‘eﬁé‘P?P"‘é‘f‘gf%
desB@] 6@l d¥Bsity 8Y REDRLALEARIRW R debite dGOM B Qb esponse;
according to the desired power of |ate reverberations

the gyn of hgdelayed @léﬁt@ﬂ wastion quemn seohtegtcd vecarding thedetredn
: | I I v
le\’ér?g%/l gﬁ{gledreg{wtghg gtultgafﬁ]cqﬁg s% h%gieglgeéi 19\35 tg(')l ﬁ{on response;
desi gagdofdied aynitmam cliéctimn ootpmets cofitrd!iatl @cdoezﬂﬁg her &kiran
relgtLWe éo,a f%; t ref%ectlon of the desired
poviegy B Peloctfhy R s ed BVpPIALCL et HESonbi ned
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GENERATOR FOR DI Gl TAL AUDI O SI GNALS ABSTRACT
accdipp dea dendredppwerpidate @fé/ﬁéleﬁ’tflphngfém/@qsémﬁﬁéblaﬂon response;
e @ﬁth@@ol%fc{l%nte%ifo&r ilg &lt{nﬁlls &lﬁqb@ dselcg&%\n‘?; b Fhe
presented. The device includes a reverberati
desipwimtomst bElate rfrebaraticas epatliicen gontaabller coﬁ)lbemren oReiRse RN
outrpe,,gr nore predeterm ned characteristics of a first
p Gdi'o S|gnal to produce a pre-processed signal and

the gain-controlled collective reverberation output is delayed according to a
desired delay time of an onset of late reverberation relative to a first reflection of the

desired reverberation response to produce the combined reverberation output.
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generates a plurality of delayed outputs fromthe
pre-processed signal, each output having a
predeterm ned delay. The reverberation controller
al so produces a plurality of reflection outputs from
the plurality of delayed outputs and conbi nes the
plurality of reflection outputs to produce a second
ERVERGNMENTA BFYRECHY GENERATORI FOReDECEEALt AUDIO eSIHNISES.
PIG 5 34.

ABSTRACT

An device and method of generating environmental
reverberation effects for digital audio signals is
presented. - The device includes a reverberation
controller, The reverberation controller pre-processes
one or more predetermined characteristics of a first
audio signal to produce a pre-processed signal and
generates a plurality of delayed outputs from the-
pre-processed signal, each output having a predetermined
delay. The reverberation controller alse produces a
plurality of reflection outputs from the plurality of
delayed outputs and combines the plurality of reflection
outputs to produce a second audic gignal having a desired

reverberation response.
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