ENVI RONVENTAL EFFECTS GENERATOR FOR DI G TAL AUDI O SI GNALS CROSS- REFERENCE
TO RELATED APPLI CATI ON [ 0001] This application clainms priority under 35 USC
119(e) to United States provisional Application Serial No. 60/857, 308
filed on Novenber 7, 2006, and which is incorporated herein by reference.
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processing, and in particular to generating environnmental reverberation
effects for digital audio content. -1 BACKGROUND [0003] Artificial

reverberations are cdsl EElRtNGE 15 REWhE GRS eRiSridl S| MUl ate effects

of real or Vi rtual environnments. |In many applications such as headphone

and | P! abackaop Pl LAL15h ALy Leyer BREaLL A0S g adgefeto 1 ve the

| i st eners a sense o e rea envrronnent s, such™as "a concert

hal |, an ori um etc ature, reverberatio are echoes .bqunced
back at ]gﬁj’f r el tpﬂet?ﬂstér'}rﬁ § 1 BFCVRE 190 0 LPRR THC PR oS5 (?L such as

a room The i de fqeneratl n% reverberatl ons woul d be convol ving the
audi o S| ?557 iled on November 7, 2006, and which is

incorporated herein by reference.

TECHNICAL FIELD
[0002] The disclosure relates generally to audio
signal processing, and 1in particular to generating
environmental reverberation effects for digital audio

content.




t he i mpul se response of the desired environnent. Such conventional nethods
are fornmulated by treating the environnent as a |inear tine-invariant
system whose characteristics are conpletely specified by its inpulse
response. However, such nethods are difficult to inplenent. Firstly, it
requires that the inpulse responsg-girddigp €nVvi ronnent be accurately
nmeasured, digitized, and stored In a device. Secondly, such a neasurenent

has to b uct for. each envirqnment., which nmay_be ver ostly in
practi ce. ?‘b@gﬁfo tﬁzgrif%fnlgch%faﬁed"ner eﬁ#emrfshp@r?e ¥£ESan%‘,Xd‘?‘% i gi t al

si gnal processi application, it nay take |arge conputational and storage
resourcesg¥% %%%g%lgggﬁﬂnFﬁpEPs§1WH§6gﬁs§fﬁFFﬁsaﬁﬂlﬁﬁﬁ; G ghdtual 2

[ 0004] A nunber of conventional nethods have been proposed to approxi mate
t he exactSPFEVEPHeRRES onIRe §Pds Rl iqntciang eswrlh yashbeagphone singhal s.
Sonme of the ', algorithnms use feedback | oops with delay |Iines, sonetines
conbi ned swedked | phagsatksi eastiOneidl amkbaekbelrastiohs Beedbakledsyst ens i s
that they typically create resonances that colorize the sound. Such

probl ens giwe oveheonkibyenphaseashiddridy asftipeingri ant @eleay dddles in

sonme algorithns, which may introduce certain undesired pitch
environments, such as a concert hall, an auditorium, etc.
In nature, reverberations are echoes bounced back at
different time instants from the surrounding environment,
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 whose
characteristics are completely specified by its impulse
response. 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 1long 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

signal.




shifting effects. Sone algorithnms use only delay lines and feed forward
| oops, tapping at different locations of ', the delay lines. Sone other
conventional algorithns separate the reverberation into early and |l ate
parts and generate them separately. This typically leads to a sudden

norease pfogeo defs ity  Noe DALY HUEN kndl

i g}e%nnat ur al
environnent. Attenpts based on nodeling t ni gues have 5'so been reported

inthe 1] e, - . UMVARY {(00 5% Enbodi nents of the present
di scl osurlge&g%(?%/éeﬁtﬁg 3 PoIbEF:elm‘%‘e ngé}neer% ?ﬁg ﬁ\YIngﬁﬁgﬁtlgp FEFEPNE at i on
effects conttrol | ed par gnet ers desir,i bi ng {he characteristics, of the
envi ronmeTt ' sF e t POrYr eSPGnsB2LFRBE [ BYSRBLF at i R g&fer &€d sound
natural with Ijttle coloration and give the sense _of spaciousness of the
desired emdeoHAEM . use Beadback, leapsniikbd ded ayadiings, c someslines t o
sinulate different environnents. Mreover, the present disclosure provides
a net hod esmifared atwitdh edVepeesat £adseusi.ngoreundfawbachk r udt usacho
generate reverberations controlled by a plurality of descriptive
char act erfeddissc paystreher 53 ehhbetheyt tgplied1lk0@rcatle resonances
that colorize the sound. Such problems are overcome by
phase-shifting or time-variant delay lines in some
algorithms, which may introduce certain undesired pitch
shifting effects. Some algorithms use only delay lines
and feed forward loops, tapping at different locations of
the delay 1lines. Some 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

literature.




environments or conpletely specified as wish. [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 ', and generates a plurality of
del ayed outputs fromthe pre-processed signal, each output having a
predeterm ned del ay. The reverberakhﬂgﬁﬁgntroller al so produces a
plurality of reflection outputs fromthe plurality of delayed outputs and

conbi nes ural it f reflectio out puts tq produce a second audio

si gnal hab&ﬁﬁgg des@?%ééam%%%ﬁb%%aFﬂSnPF8§6BﬁséFSPIESHFGOG?ﬁVFn t her
enbodi ment, a nethod of adding a desired reverberation response to an

audi o si geEPPlemcPidesnpratpracesyirgnsatel maverberatioy efif@cda eristics
of a first audio signal to produce a pre- processed signal and generating a
pl uralitycoitel by@ddbyoupauvisetens desqridipriopcebs edsirgralerieddirsout put
having a predeterm ned delay. The nethod further includes producing a
pluralityo®f rikkl ecdnwirentent s fresvebberpktibal i tnesforirl ayed aueputs and

conbining the plurality of reflection outputs to produce a second audio

signal hewdwberesdie®d LRWRKAREA! | 0BohLEPORS R ural with little
coloration and give the sense of spaciousness of the
desired environment. In addition, the method is easily
controlled to simulate different environments. Moreover,
the present disclosure provides a method of generating
reverberations using a uniform structure to generate
reverberations controlled by a plurality of descriptive
characteristics (parameters) either extracted from real
environments or completely specified as wish.
[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 response.




[0008] In a further enbodi ment, a systemincludes an audio source, an
audi o output, a control unit, and a reverberation generator. The control
unit can receive information froma user, the information relating to a
desired reverberation response. The reverberation generator is coupled to

the audi orpoptf, thenaudinaut Ribogandnitne &Wé&*dd ngrunigqand includes a
reverberation controller. The reverberation controller pre-protesses one

or [more Pagdeteam Rl GhanaRlel StifspoRled LIy Sla@udieqapponal; Jiam tne

audi o source to produce a pre-Lroce ed signal and g tes %1ura|ity
or edet o1 HNGH dE ay . I ARRAARIH | on OHont r OF) e HrG0 pr HIGEESR |
plurality of reflection outputs fromthe plurality of del ayed outputs and
- 5 . charprhesishics afapi fyrst pediecsionadutpuPyodycsr GdmEea second
audio signal to the audio output, the second audio signal having the
desired rkvecpesedi ¢ignedponse. Je@GOSt iGichen tEoinslddly f et Wedsiyesy be
readily apparent to one skilled in the art fromthe follow ng figures,
descri pt i omspatngl £ramnshe- pfe-processed signal, each output having

a predetermined delay. The method further includes

producing a plurality of reflection outputs from the

plurality of delayed outputs and combining the plurality

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 response. 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 signal from the audio source 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




BRI EF DESCRI PTI ON OF THE DRAW NGS [ 0010] For a nore conpl ete understandi ng
of this disclosure and its features, reference is now nade to the
foll owi ng description, taken in conjunction with the acconpanying
drawi ngs, in which: [0011] FIGURE 1 illustrates a typical structure of a
di gi tal 10: Sd : 0 : I enpl application
of the rever ‘Zér%%%p%gﬁ%%‘?% %g % %35%’%5%53?@“%?0%5 OP;QEXFO%B]
FIGURE 3 jllustrates a flow of ipfornation ing, fromenvironnent to the
rever ber ation ge%%‘%a? o??gnmj(‘)orlﬂ] Q%?(ﬂiﬁlﬂ gﬁgﬁgga tg'§}5| E&F°] Iaiugﬁﬁ’e
response of real, environpent; [0015] FIGURE 5 shows a high-1Ievel
functi ona‘flqﬂ%ckha‘ﬁ’r%rté?ﬁ AR D F TERREFARIY TRARCISTE + he pr esent
di scl osure; | 0016] FIGURE 6 is a schematic diagramillustrating a
pre- proce Slaccor@ihry t o teshindeddi nEpetutreshe presedte dirsekdddur e;
[0017] FIGURE 7 is a schematic diagram showing a structure of a tapped
del ay | i reprizeydor dongeried eskélledboth mehe odrt hérpmesehd dioddbesinge; [ 0018]
FIGURE 8 is a schematic bl ock diagram

figures, descriptions and claims.




il lustrating a processing engi ne nodul e according to the present
di scl osure; - 7 [0019] FIGURE 9 is a schematic bl ock diagram

illustrating a processing branch according to an enbodi ment of the present
di scl osure; [0020] FIGURE 10 is a block diagramillustrating the structure

of an all-pass filterghsff bRsEREPREOR ofCEREIDRAWLR ?ne enbodi nent of the
present disclosure; [0021] FIGURE 11 1s a schematic % ock diagram',

illustrating one enbodi ment of a routing and m xi ng nodul e according to the
present di@&Rl@kure;F§0022] RdBREchBpileta sohdembitanblingk difagtams
illustrating a reflection m xing nodule according to one ', enbodi nent of

the presedisdicolosumd bind fO823tes| WREeidnts dssabemahie Bboekedi agram
illustrating a reverb m xing nodul e according to one ', enbodi nent of the

present di SClQHE. dedtription, REiAAEQ PESGRIRHEN 0024k nVeRymoder n

reverberation controllers use digital signal processing (DSP) wth digital

signal  sccompanying drawings, in which:

[0011] FIGURE 1 illustrates a typical structure of a
digital audio signal processor;

[0012] FIGURE 2 1is an exemplary application of the
reverberation generator in a digital audio 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;

[0016] FIGURE 6 is a schematic diagram illustrating a
pre-processor according to one embodiment of the present
disclosure;

[0017] FIGURE 7 is a schematic diagram showing a
structure of a tapped delay line 0 according to one
embodiment of the present disclosure;

[0018] FIGURE 8 is a schematic block diagram
illustrating a processing engine module according to the

present disclosure;




processors, which have limted conputational and nenory resources. A

typical structure of a digital signal processor 100, especially for audio
signals, is shown in FIGURE 1. The audio data is input and output using a
' digital I/Ointerface 102. A conmputational unit 104 |oads input audio

data and md its, O registe oces he st.qr audi o

dat a, and%ﬁ%@ th?%?t(&)@%sszgd Wrz;usdi oadat%é%%né %% tﬁ%efcfé]b i ?tlgrgggf:ne for

out put. [0025] Computation typically consists of additions, _subtractions,
nul tiplich f%%&rigg%%nhé% oBégﬁFﬁﬁhég &ﬁﬁq i CACFORSIPYpi TP | y ¥eeds nore
resources than other operations. Typically, short filter | engths and fewer
nul ti pl i cEPRANEGRY | OF clefiR eP¥PREDF (2229 FDad of the processor. A
controller 106 is typically present to ', control the processor through
host regi §@@2&] 108 HIGERE al€ iis eaf ddodkwidingrtem colpusatrabhay ahiet 104
through a data bus 110. [0026] An exanple of a system or device 200 having
a reverbgtaicturgenefat an 2@0 li-paxzowmtiltdd CUke@. Audi GIGURRBt ent
received at an audio input port 203 froman audio source 202 is first

decoded bycdo efo 28k LS QLRSS SN HHE G £SSe Ay S4d B2 006, 1 n sone
enbodi nents in pulse code nodulation (PCM format. It will be understood
that - 9rgo21] FIGURE 11 is a schematic block diagram

illustrating one embodiment of a routing and mixing
module according to the present disclosure;

[0022] FIGURE 12 is a schematic Dblock diagram
illustrating a reflection mixing module according to one
embodiment of the present disclosure; and

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

embodiment of the present disclosure.




_. _ :, the audio source 202 may be a radio receiver, a mcrophone, or
ot her source of a live audio signal; an optical, electronic or nmagnetic
storage nedium or other source of a stored audio signal; or any other
source of an audio signal. The stream 206 is passed to a reverberation

generator 208 as input. The gever | prigtrol I er 208 generates
reverberations as specified %y a ﬁ%%ﬁ%ﬂrﬁ:[lpr?g unit 210 that may in turn

take int jnformation relating to a desired reverberatjon response via
a user inF‘Z% ce Z@nﬁbr ocﬂ‘l?é%aeﬂfél a F%V@FggFaFéﬂnout‘b‘mtr‘%i tHhat %*§ passed
to an outiﬁg, ort 216 or a further processing unit. [0027] A flow of

i nf or mat i Hﬁ%binﬁl%@ﬁlispﬁﬁﬁ?ﬁﬁéﬂg i \ADEPGURE1Sh Taigikallat §ignal
reverberations without using the exact reverberation response of the

envi r onmePocesserser bbighi dravmdéimi bpde sTmpiuig td adesli r aud r eesolyer at i on
response is established by extracting certain inportant descriptive

char act errestowcdpar alret eyps}cdD4 strtbeure oévenbeddyiand f sdgmaldesired
envi ronnment 302. Extracted parameters are passed to the reverberation

gener at orpce St I 0b b £r ebpee@BilguUrR Y tafudi¥ es1haTONt 18] hBgn Raraneters

306 to generate the desired reverberation response. How to extract the

descri ptipfapas aAet OfiSe f QYBio data is input and output using a
digital I/O interface 102. A computational unit 104 loads
input audio data and program data to its own registers,
processes the stored audio data, and sends the processed
audio data back to the I/O 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 1lengths 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 FIGURE 2. Audio
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




the environnment to map into the reverberation nodel is beyond the scope of

this disclosure. - 10 - [ 0028] FI GURE 4 shows an anplitude
response 400 of a typical environnment. The reverberation response nodel
400 conprises three tenporal conponents: a direct signal 402, ', early

reflectio 40 d | reverks 40 The dire L.gnal eaches the

| i stener’ ‘gﬁ%argu???st Sgﬁgcfs %fogl I gna d b@et hé e%%%%%’ 4%2(:%2%&53%(3 b%

refl ecti ons boulgced back from the surroundi ﬁgs f or _ exanpl wal | s, doors.
V&c

€,
The reverBeratF 3N genéfal T ShoR8UEEFt & 3¢ 4] 8L9nehe &1y
echoes 404 are quite sparse after the direct sound; the density of the
echoes i7RYEEREs BIEFTEPRACARY | RAPRRtiat Stpxpgeofmadiam rake &t i on 4086,
t he echoes becone so highly diffused and dense that they sound |ike random
noi se. Hovwpdege Ofea stakediaydbdd shgnedhoexr ianpudthexipsgeneealdfy depends
on the roomsize. The smaller a roomis, the faster the density of the
echoes wan beulliibl t sipmallhe retie ofstdeasmy afbét heisovesaddednetgy level of
the echoes also varies ', depending on the absorption of the surfaces of

the roomrd-R928d rfndhegehaehebri 2ddahst hegaf | eohi oresdibrcas icgeneral Iy

absorb nore high-frequency signals than | ow
controller 208 generates reverberations as specified by a
controlling wunit 210 that may in turn take in the
information relating to a desired reverberation response
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.




frequency signals. As a result, high-frequency signals decay faster than
| ow-frequency signals. How fast high frequency signals decay with respect
to | owfrequency signals depends on the surfaces of reflections. However,
this is not necessarily the case when virtual environnments are being

simul atedrgdsgpuch prpinEaki QRSAS abn é&plgﬂﬂ'ﬁ tgrefs ohEe d'hdonwghe >0

designed that |low frequencies are being absorbe ster tha

frequenci dec tine be.frequency- dependent. [0030]
Not et hat CTRE S, SR E iRt cils nEEv e RBERAE L oo 4 RBRHop A EPEREC Bb0pes s o
response at the |listener's gosiiion for a artiﬁular position of the

source, SR FY t HATSDOot FMBPE T nCPHRORERES endi FoRRERt S1PBALe 4 O%Pn

general, not_only does the reverberation response depend on the

envi ronnefRL1Burefilest §epend94on ae 4BE6| Meyerpssi4ionsToe HaEECLi st ener
and source. [0031] G ven the observations and consi derations above, a
desired relander 40200 neeshessethry bésteharast eeazed hiyst omrekanpl e, the
foll owi ng set of paranmeters: (1) Intensity or a power of the whole
response;f¢PX)owddhbyr eqaecrechoedr)d dintensédéy Bat ikefdecanoabt Bouaiciedn at a

ref erence high frequency (Reference HF) ',
back from the surroundings, for example, walls, doors.

The reverberation generally shows certain
characteristics: 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 is, 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 is 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 fast high
frequency signals decay with respect to low-frequency
signals depends on the surfaces of reflections. However,
this is not necessarily the case when  virtual

environments are being simulated. In such applications as




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 tinme of a first reflection relative to a direct signal; (6) Reverb
Delay or a delay tine of an onset of |late reverberation relative to a

first refdsgbiuody (&hmbECAY 11 Ml apd eVEL beﬁ%tsiigﬂgﬁec%éé e gy, |ow

frequencies; (8) Detay Tinme HF Ratioor a ratio 0O ecay tinme at high
frequencigs @rﬂé'v t ecay tinme at,low frequengies; .5 12 Egé Di ffusion
Fact or or aenci eéc oie ens%tr;% of %Féflg r%]\c’/%?%\%?%tiéﬁass?ce(rlm S5l ity
Factor or_a nodal, density_of Iatehre erberations; and (1l1) Reference HF or
a ref er enceE MY ¥52qRERCy FOPEEISPErnaSHRY hbd™Sr 505 &oF | hXPANSBF¥sent
di scl osure generates reverberations controlled by paranmeters as these,
whi ch of fa8PeHeHased flexibility in creating real ', or virtual
environments. A conputational cost of inplenmenting an enbodi nent of the
present di&@3Usur e Nefingtagi tEdhe singvalrberetcéon ngesponde rieasohably | ow
due to factors such as: (1) a design involving few multiplications; (2)
del ay |inesiglealinzethdyy descbiloes Rl erespamse (3 ftild elsstapkengnted as
first order IR filters.

position for a particular position of the source,

assuming that both are in the same environment. Hence, in

general, not only does the reverberation response depend

on the environment, but also depends on the absoclute

positions of both listener and source.

[0031] Given the observations and considerations

above, a desired reverberation response may be

characterized by, for example, the following set of

parameters: (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 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 or 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;

- 12 -




[ 0033] A high-level functional block diagramof a reverberation controller
500 enbodying the present disclosure is shown in FIGJRE 5. Each block is
separately detailed in FIGURE 6 to FIGURE 11. Typically one or nore

nodul es are affected by each descriptive paraneter of the reverberation

nodel , an%}oggg_@gﬁsigﬁ rp;@tlogs erg%e %cﬁ,l%vercpeq{safﬂ}pn Sespgusg that

mat ches a 'desired environment. re-processor 502 prepares an

i nput sigpal _.514 a,nd ass it t ed del ine (DLOQ 504, .which
has N ung"f/e PSR cesd eadﬁ‘zjd 5*8%63 ﬁggéé&’. n% %1 é uf“@é%éS t akes
t he form a, feedgagk del ay network - 506 t hat _consists of
a feedbac rh%&t?Yx 0 a'éﬁdrﬁveﬁgﬁl?a&floﬁﬁsoc@é%q_b“k?r a?ﬁ%ﬁ%’ée%‘i?) HEheT¥sj gnal s
read from DLO 504 are summed with the feedback signals fromthe end of
FDN 506 efegferencs itnigh Hergsrusressi ng branches 510.  The processi ng
branches 510 all-pass filter, low/high pass filter, delay and attenuate

their respE3iidve i rfhe smethodarpirdﬂmd hbnprt@réesls%ahtgndﬁs@beum‘al tiplied
with the feedback matrix 508 to feed back to the begi nning of the FDN 506.

Ref | ect i afgnart d£Verdive ber ot hies edcbheroM &8 Nbyt hBapEAEEESENTaRr anches
510 and routed to respective

these, which offer increased flexibility in creating real
or virtual environments. A computational <cost of
implementing an embodiment of the present disclosure
using digital signal processing may be reasonably low due
to factors such as: (1) 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
disclosure 1is shown in FIGURE 5. Each block 1is
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-processor 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

- 13 -




routing and m xi ng nodul es 512. [0035] To decorrelate reflections and
reverbs wwthin a channel as well as across channels, reverbs may be
differentially del ayed before m xing. The final output is formed by
sunming up the mxed reflections and the m xed reverbs. Having gone

t hr ough :?g?&q)stgggs @faef | %I?%i%]‘??ef’ge' ayf%élgb;g%dgg%§i N Sg{eggébgratlon S

very nat soundi ng vm coloratron | NCe éac age only
requires ver npleoeratlossuhaslovv- der fllterln thetotal
conput at i LEMATSASIFINY F?Bcgleﬁwsﬁgne ?igcf‘

reasonabl Iar e range of _each paraneter_is aI SO qwte m ni rral as w il be
det ai | ed %% ‘?Fé%ts‘é'é‘&?‘iioﬂlt{loéhﬂ ferdhapkefrapnedsekBomi Bt ©BF t he

pr esent dlsclosure a reverberation controller can be configured by a set
of descr|<bi|EENpé@érré@%ﬁ%r%lseubscmgedth@bmﬂeocess11’19 branches 5%Qch a
reverberation controller may have one or two input channels, and may
produce tTe optpuessiiygpilaardghesnesldesdrlipaisee f)ﬁl'a@.eterlom&yhabhect one or
nore nmodul es of the proposed nethod. The pre-processor nodul e [0037] A
pre-processsy foTkde, S@L1ay &A1 6t€8nlfte their respective inputs,

and then the processed signals are multiplied with the

feedback matrix 508 to feed back to the beginning of the

FDN 506. Reflections and reverbs 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 channels, 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 wvery natural

sounding with 1little 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

disclosure, a reverberation controller can be configured

by a set of descriptive parameters as described above.
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FIGURE 6. When an input 602 is stereo, a down-m x/ bypass nodul e 604 may
work in a down-m x node, conbining the two input channels to produce a
single stream denoted as S. Wen the input 602 is nono, the

domn-nix/bypass nodul e 604 may be bypassed such that Sis identical to

i nput . sﬁaltgeee%%éfét <5inV\Eéﬂtﬁgf%lﬁhg}r?ng?eveghogs%wge1n gier m ned

by Intensity, to

contro e overa the reverberation.

Sis then thro a_ Low Rass Filter PF enuate the
intensity a i%%§$ﬁe ré?%reﬁ@g hP§R Fngu Y2y . éﬁﬁe%_ i %ﬁ%ﬁ n&8°by HF
Inten5|ty Rati o and Reference HF, and typically it na be as sinple a

filter ?quﬂpQﬁ%%rP?FﬁP?F?FeWaY&Qﬁﬁ?anﬂnenﬁﬁnﬁﬂﬂﬁr@°@9 %Sg&ﬁn and

fllterlng are linear operations, the exact order of them does not matter.
That is,thhe@%ARgARd imethrdretical |y the same if LPF comes before the

gain. - 15

Tapped delay line O (DLO [0038] The pre-processed stream

Sis fedinto a tapped 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 i'Bhd herenpidesformasdasisd ng branches 510 of the processing engine
nodul e 505. Feedi ng the processing

[0037]

FIGURE 6.

A pre-processor module 502 is depicted in

When an input 602 is stereo, a down-mix/bypass

module 604 may work in a down-mix mode, combining the two

input channels to produce a single stream, denoted as S.

When the input 602 is mono, the down-mix/bypass module

604 may be bypassed such that S is identical to input. S

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-pass 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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engi ne nodul e 505 with unevenly spaced taps may increase the echo density
while mnimzing coloration. The offset ', of the first (earliest) tap nmay
be determ ned by the value of Reflection Delay, which may be up to 0.3
seconds, and the spaci ng between successive reading taps is uneven and may

change pr h of Reverb Delay. Furthernore, the
distance en t%éy %g?é ?Igﬁggf) reading tap and the first reading tap

S refe int ran e of 0.002 seconds econds ere the
IomeP bouﬁ§9%¥]0 00 %eBB oR*CEBPT e pBhtge oS e%?réﬁélﬁngﬁoFt REPED Del ay
and the u g bound of ? 025 seconds to extrenely | ong Reverh Delay The
processing ERGi haNRodHke) [ GPdo1ongh kiRt PEr Whkehpisc depiggedngi ne
modul e 505 can be realized by a Feedback Delay Network (FDN) 506, as

depi cted im FIGURE 3. MM 5584cbasi 3t sindvenhe sbpredesrshddnr zapises 510
and the feedback matrix 508. An exenplary processing branch 510a nmay be

made up 902 anwhetreplsdsFitiemyniddy OD2prackenipngsbrancheghspasef - 16
Filter (LPF or HPF) 904, a delay line 906 and a gain 908, as depicted in

FI GURE 9.thé br&UBEs8ngaknigipel nddully S@SSi PgeQ@iAgCRhelProceeriag 1<=i <=N,

Is the sumof an
engine module 505 with unevenly spaced taps may increase
the echo density while minimizing coloration. The offset
of the first (earliest) tap may be determined by the
value of 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 seconds 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 matrix
508. An exemplary processing branch 510a may be made up

of an All-pass Filter (APF) 902, a Low-pass or High-pass

- 16 -




Input read fromreading tap i of DLO 504 and the ith elenment of the vector
obtained by nmultiplying the feedback matrix 508 with del ayed signals from
the end of the processing branches 510. [0040] Returning to FIGURE 9, the
APF 902 has a ', snoothly decaying inpulse response and a flat frequency

spectrum gt nkﬁ@gf%%éﬁb%t b%cogoggg_%gn%fiﬁg g%‘%o%i&gﬁgt lgla’in Qfygt he APF

902 is depicted in é of thé re apsS to t'he del ay
lines in the APEs APF1-APFN, ' be_pro pgnal to the value of Reverb
Del ay, may" beceé.plctu%cgve]rﬂ ylﬁ&%ﬁgét‘ed,lgangg{;rﬁégbegcho%rén ¥%Ye pAne

nunbers. The shortest offset of the reading taps to the delay lines in the
APFs APFIRY@FRFF1nG. Prapghepidei Woergel A=ii<r ckerabe ySiR PhedPange of
0. 008 seconds to 0.02 seconds, where the | ower bound of 0.008 seconds

corr espontdPile &gmbdentrgmsierdiRevetdp DAl a9f a®d:0t he04pped tPorindtdf 0. 02
seconds to extrenely long Reverb Delay. Furthernore, in case of N=4, the

| ar gest offemgnt s ofpr etbeablvedtont heobteageedf hy2 tmoltipliyfings the short est
of fset. The decay factors a of the APFs nay be proportional to Decay Tine

and my af sedieckingyepiy sdBshiiithuiRd.aydd gergials £hém! eRgeenihesr eadi ng
tap is, the smaller the decay factor a should be. A preferred - 17

the processing branches 510.

[0040] Returning to FIGURE 9, the APF 902 has a
smoothly decaying impulse response and a flat frequency
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) is 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 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 times 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

- 17 -




__range of a is recormmended to be between 0.35 and 0.75. Wen inplenented
in a finite-precision representation based on quantization, an APF may
produce an infinite low |evel output even after input is renoved, known as
zero- input limt cycles. This may be elimnated by truncating the

magni t ud t val u 0041 The PF t he
prgce35| ﬁ%%éangﬁ %1 £ %ECE \e\gagg to cont 8 VERE ic-’/ay ﬂn%eél hga
frequency- depend nt mann .. \When Eeca Time HF Ratio is less than 1, the
LPF 904 e horft e Wﬂéedé’df&flﬁlﬁél XEPRE§RTFRESRENC es,

and the smaller Decay Time HR Ratio is, the greater the |ow pass f||ter|ng
effect HPMASSRH PR TRRNEEFAEHN ot #erARBNEaY WAEAIREE AN TEAE IRIEERALPY | s
greater than 1, the HPF 904 may be used to nake the decay tinme |onger at
hi gh fredgievel esutput evengréaeer ibpudy isTi rendiRedRat kmows, agheegpeat er t he
hi gh-pass filtering effect HPF should be. Wien Decay Tine HF Ratio is
equal tarputhel iF HRFc284 . eTheet imast \oalegl fftnat €d abytnickuganlingRef er ence
HF may be used in the design of the LPF/ HPFs, which nay be as sinple as

| st ordertHd Riddditaice 40MMArethe Helay ddwias WEJDLI ~ DLN) in indi vi dual
processi ng branches 510 of the FDN 506 may control the nodal density of

the generpd@pl]r ever.ﬁﬁe aﬂgF}’ﬁﬁFp@bﬁ Oan the processing branch 510a

may be used to control the Decay Time in a frequency-
dependent manner. When Decay Time HF Ratio is less than
1, the 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-pass 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 1lst order IIR filters.

[0042] The delay lines 906 (DLl ~ DLN) in individual
processing 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 modal density is, but the slower the

building up of reverbs. The offsets of the reading taps
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reverbs' building up. The longer the delay |l engths are, the higher the
nodal density is, but the slower the building up of reverbs. The offsets
of the reading taps - 18 _ _to the delay lines (effective delay |engths)
hence nmay be determ ned by Mbdal Density Factor and Reverb Delay jointly,

may be u | [ , e e L nbers. At

quI cap2§¥$€$%fgig%%l?gé%§iégggﬁg§¥gg,d§2g§sE§P$gg%?ogFgg§ ﬁgypﬁgferably
at least 45 mlliseconds, a nQt nore than 100 ml]iseconds. urt hernore,
for any NBHT* €=s‘?t *ajvf#aqt hgjqnasrldré’st T ¥et aﬁﬁdef SFYBE dB@gaﬁot exceed
twice the length of the smallest. To further elimnate tenporal structures
in the [P rerBaYabicotnevrneadifgribpsedny ap8 Mmaone zEHOSERt hin a
certain range centered at a chosen |location. Before they are fed into the
f eedback kmt Epx puime oowpless. oAttt hEull' sape6itPllof~ Wbdhl aPensukyi pl i ed by
respective gains 908 to achieve a desired Decay Tine. [0043] These gains

908 muy lEaaidrect eéthebyshdklesf f edfificetr dbka\prtefugidslyof atheldasts 966 (DL1 ~
DLN) . The feedback matrix (FM 508 nay be a unitary matrix and controls

the echo niermsi decsidd he ahat e Kever byl | 0Bhahn  Oeer akili1tbBecbiua08 may
beconme sparser as Diffusion

Furthermore, for any Modal Density Factor the largest
offset preferably does not exceed twice the length of the
smallest. To further eliminate temporal structures in the
late reverberation, the reading taps may be randomized
within a certain range centered at a chosen 1location.
Before they are fed into the feedback matrix, the outputs
of the DL’'s 906 (DLl ~ DLN) are multiplied by respective
gains 908 to achieve a desired Decay Time.

[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 matrix and
controls the echo density of the late reverberation. In
general, the FM 508 may become gparser 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 combined with the signals 702 read from
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Factor becones smaller. In one extrene, all elenents of the FM 508 are
non-zero val ues when the highest Diffusion Factor is desired; in the other
extrene, the FM 508 becones a diagonal matrix to cut off nany feedback
paths in response to a very |low Diffusion Factor. The matrixed signals

are conbip L.th the signal 02 read fram. - 19 espective taps of DLO
and t hen ?% %%ﬁ%??r%? %g?ﬁnﬁhé 3pd ?ﬁsanSQeégﬁﬁgth?aﬁ@ﬁégn%fg.%%he
routing and m Xxin npdmégé(gﬁgg In the enbodi nent of the routing and

i xi ng nodtf PBAFIHERE t¥FT AQ¥E 11, inputs 1106 are collected from
the taps after the APFs 902 in the FDN 506 as illustrated in FIGURE 9. A
reflection mxing nodule ', 1102 and a reverb m xi ng nodul e 1104 nmay
produce reflections 1110 and reverbs 1112 respectively, and final outputs
1108 of tTke reveting andmicvittg skddrlare obtained by summing up the
reflections 1110 and reverbs 1112 on respective channels. One enbodi nent

of the refd®®4 on m xi Mgh noche e dABEd Evast st 6f Of tRe MBEBLX1Ag402aa8d t WO
gains 1204 and 1206, as depicted in FIGURE 12. The mxing ~~ matrix 1202

may be mage: g UibduVect 98 saaptibeganah twr@aah Of helnpavei dipg Rower

anplification or attenuation “and decorrel ati ng outputs, and the m xed

reflecti Qg1 MB% ed from the taps after the APFs 902 in the FDN 506
as illustrated in FIGURE 9. A reflection mixing module
1102 and a reverb mixing module 1104 may produce
reflections 1110 and reverbs 1112 respectively, and final
outputs 1108 of the reverberation controller are obtained
by summing up the reflections 1110 and reverbs 1112 on
respective channels. One embodiment of the reflection
mixing module 1102 consists of a matrix 1202 and two
gains 1204 and 1206, as depicted in FIGURE 12. The mixing
matrix 1202 may 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. 1Inputs 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 taps to

Pre-reverb DLs) may be scaled proportionally to Reverb
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be nultiplied by Reflection Gain to achieve the desired Reflection
Intensity. [0045] One enbodi nent of the reverb m xing nodule 1104

S

depicted in FIGURE 13. Inputs 1302 are first differently delayed by

Pre-reverb DLs 1304 before entering a mxing matrix 1306. The dist

ri bution

of these I S tive read n s.to
Pre-rever éjﬁ % 5389%21%5((:&%2%&%%%”'0% ﬁg)?/t o ReRTD elgak?%p lf)%lsay and
t he WBX|q¥EV9e§ Fqu th |s preferabl | ess _than 30 m|lliseconds when

Reverb De

ISy atRfen ﬁ‘ﬁé(ei‘-” v@’a&éﬁi xtRg afat? | P2X3BE nay be

made up "' unit vectors orthogonal to each other, and it controls the
echo demﬂ%%PelrF%%dFFVGHbt&Wﬁ&ﬁﬁr@ﬁﬁ?%ﬁglﬁﬁé Al phes madsr W@ gALD f f usi on

Factor, its unit vectors may have nore zeros to cut off nore rever
and vi ce unidr suectpbred carhagonal30go ofeache other x 2866 #Hr econbikdlpl

b pat hs;
i ed by

Reverb Gain to achieve a desired Reverb Intensity, and then may be further

del ayed byhePostcheveidnsiilys, 13i2, abdseioradiog Hapsrpeyabendet enai

Reverb Delay. [0046] The present disclosure proposes a nmethod to

and cont rltprdd f imdal hignepherakh8As Palckldd, OWts unit vectors may
have more zeros to cut off more reverb paths; and vice
versa. Mixed outputs 1308 of the matrix 1306 are
multiplied by Reverb Gain to achieve a desired Reverb
Intensity, and then may be further delayed by Post-reverb
DLs 1312, whose reading taps may be determined by Reverb
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 model. 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 is generated with a rather simple 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

- 21 -
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cost in ternms of conputation and nmenory. It produces a natural sounding
reverberation that provides the sense of spaciousness of the desired
environnment, as specified by the descriptive paraneters of a well
established reverberation nodel. The density of the generated
rever beragj ' se ve i nd the decay 1ti IS
frequenc%%gg%#c]%éﬁs' Q%Ifl:u%r %F%%(g%?e%e(tlhr?tdgn T ?/r?g‘e\iﬁl sd,ecoé'gle S?é: e det c.) are
wel |l controll ed as specified. The , reverberation is generated with a rather
sinpl e antUTRIAFT 0P SY9 ucherRel SnYEHR gt Rt fhAnngt tiWns and late
reverbs in a unified manner as the real environment does w thout abrupt
boundary b®e4Ekn eatt ymavidbeapdvantageousf fecsesndorthe dafdpdsdenset hod
generates decorrelated outputs on two channels with one- or two-channel

i nput. [@D47¢ertaimy berddvammahe@lsrdsesetudedt hidef ithibi opsitent certain
wor ds and phrases used in this patent docunent. The term "couple” and its
derivat i véscuméretr . t oThanyedinr eebupl e ndhdedt sc demriniatdtieen rbgewees t wo or
nore elenents, whether or not those elenents are in physical contact with
one anot hgiy digeterBE "indGlAde" Adhun P drS Shet@Seelloagrdapat i ves
thereof, nmean inclusion without limtation. The term"or" is inclusive,

meani ng agtddne INeRBEASES 0, 2S380C! Bh8HeWdikments are in physical

contact with one another. The terms “include” and
“comprise,” as well as derivatives thereof, 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, juxtapose, 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 skilled in the art. Accordingly, the
above description of example embodiments does not define
or constrain this disclosure. Other changes,

substitutions, and alterations are also possible without
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and "associated therewith," as well as derivatives thereof, may nean to

i nclude, be included within, interconnect with, contain, be contained

wi thin, connect to or with, couple to or with, be comruni cable with,
cpoperate with, interleave, juxtapose be proximate to, be bound to or

wi th, REE PEORCERL Ofpi e (B ke (9048 NHgch s di ocl osure
has descr certal e nts an Eneral I associ at e

alteratlons ! rnut tio of thes enbodlnents and methods will be
appar ent 1 ‘%%s%eocilﬁ}fl iﬂsltlhoe VR4 dingly, the above description
of exanpl e enbodi nents does not define or constrain this disclosure. O her

changes, substitutions, and alterations are al so possible without - 22
departing fromthe spirit and scope of this disclosure, as defined by
the following claims. - 23 - _ WHAT IS CLAIMED IS: 1. A device conprising

a reverberation controller operable to: pre-process one or nore
pr edet er m ned

- 23 -




characteristics of a first audio signal to produce a pre- processed signal
generate a plurality of delayed outputs fromthe pre-processed signal,
each out put having a predeterm ned delay; produce a plurality of
reflection outputs fromthe plurality of delayed outputs; and conbine the
plurality of reflection outputs to produce a second audi o signal having a
desired reverberation response. 2. The device of Caim1l, wherein the

controll i ﬁ%ﬁﬁ? able to pre-process one or nore predeterm ned
char act erilsms%# i:rsé t# "?Pfét audio signal by: controlling a gain of the
first audio signal; and filtering high frequencies of the first audio
signal. - 24 - . 3. The device of Ctaim 2, wherein the gain of the first
audio signal is controlled according to a desired power of the desired
rever beration ¥espohstevigrl donprisingwenchesrhdrathierd iqmttmidiexr signal are
filtered according to a desired attenuation at a reference
operable to:
pre-process one or more predetermined
characteristics of a first audio signal 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; and
combine the plurality of reflection outputs to

produce a second audio signal having a desired

reverberation response.

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.
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frequency relative to an attenuation at DC of the desired reverberation
response. 4. The device of Claiml, wherein the delays of the del ayed

outputs are determ ned according to a desired power of early reflections
of the desired reverberation response. 5. The device of Claim1l, wherein

the controllers. is fuy t&@&i@@%@%fafred%ég@%@eﬂl PEnE iy & s e | ecti on

out puts by: summ ng a pl urallty of fee outputs a urality of

d t put d d
Che b ur of TH3E S8 PR B b RN QL 2R A Hadiiad o ont pot s
f h | | t 25 6 The d f d 5,
\/\/I](Ca);neit netig%u%%ngf lf‘%rdgﬁujrsrrr%e%rﬁ% "Hrb‘%é?taiﬂ’% ?%gﬁﬁrb%fc:avrltqigl%mr a?: '[ny of

feedback _outputs and the plurality of reflection outputs fromthe

pl ur al i t yEIIIURRFAERE of pthe BHlrst audig tekgnml arsirfiedenadut to produce a
reflection output; filtering the reflection output to produce a filtered
refl ecti @FreRKding to a desired attenuation at a reference

frequency relative to an attenuation at DC of the desired

reverberation response.

4., The device of Claim 1, wherein the delays of
the delayed outputs are determined according to a desired
power of early reflections of the desired reverberation

response.

5. The device of Claim 1, wherein the controller
is further operable to produce a plurality of reflection
outputs by:

summing a plurality of feedback outputs and the
plurality of delayed outputs to 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.
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delaying the filtered reflection output to produce a delayed filtered
reflection output; and controlling a gain of the delayed filtered
reflection output to produce one of the plurality of '. feedback outputs.
7. The device of Claim6, wherein: a decay characteristic of the reflection

output Is deter m nade aeead gk LR Of WAl dhddidad gy (ine of

an onset of |ate reverberation relative to a Irst reflection of the

desired r o) desi red reverheration dec tinme at

| ow fr equ%é/ngjlg&e)%gﬁ% (g%éele es‘?ftg%l é&gc\g%l?%eeretzkt‘? &gllf’re%%otr?{seo?ft atoec %aé:?{eri stic of

the filtered reflec(#iﬁgl 0 ut. . i s determ ned according to a desired ratio
g r

of decay THHRMEHt3N 5 ol BR T IRCH PSP S 1AM |

frequenci es of_ the desired reverberation response; - 26 a delay of the
del ayed RYW LY T ety RUERIES LY det ermi ned according to a desired
nodal density of late reverberations of the desired reverberation
response; and fhktging f summatk|aytnlt ite qrestued lectdreduitqgut i s
controlled according to a desired reverberation decay tine at |ow

frequenciestmit t he desired reverberation !, response. ',
filtering the reflection output to produce a
filtered reflection output;
delaying the filtered reflection output to produce a
delayed filtered reflection output; and
controlling a gain of the delayed filtered
reflection output to produce one of the plurality of

feedback outputs.

7. The device of Claim 6, 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;
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8. The device of Caim1l, wherein the controller is further operable to
conbine the plurality of reflection outputs by: conmbining the plurality of
reflection outputs to produce a conbined reflection output; conbining the
plurality of reflection outputs to '' produce a conbined reverberation

} | d
output; and suimgdpsy her cordi }ﬁ&ﬁ ££1d autil"to Slgﬂr:g?ﬁ hﬁétplﬁ%'le del ne

rever beration output to produce t secon vi ce of

Claim 8, furth r able to co e the

plural i tya@féﬁhﬂf% %%#%%%ertro des hif VI ucgﬁ VIET Y 112 a@: or nore of
the pluralit reflect out put s ce a del ayed IuraI| y of
reflecti of %%Y %’{33 l‘311927‘”é trhe é£s1r% Yf? %3t ]’a%//%RP i A1y of
reflection outputs to produce a collective reverberatlon out put ;

control ling tHAYFHBIOF Hehe ole krred of  Bveredrrzaf kact inn mutpund del ayi ng

the gain-controlled collective reverberation output.
is controlled according to a desired reverberation decay

time at low frequencies of the desired reverberation

response.

8. The device of Claim 1, wherein the controller
is further operable to combine the plurality of
reflection outputs 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.

9. The device of Claim 8, 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;
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10. The device of Cdaim?9, wherein:

a gain of the conbined reflection

output is controlled according to a desired power of early reflections of
red reverberation response; the one or nore delays of the plurality
of reflection outputs are determ ned according to a desired power of late

t he desi

rever ber ati onsc&ibihehgloshd ede 1 Y&l BST@LA Pk 1S5

&, gain of the

Cc .
col l ective reverberation output 1s ‘controll’ed accorglng to the desired

i i.n- trolled || ective
gt MERRALONS (O PLOCHE et P AR ber at | on

power of
rever ber
out put

rever ber
response
nmet hod o
conpri si
first au

is delqy d ordi to a i red time of an onset

of

| at e

d d
ation (Fer(ﬁ:’ff? 19 é.}g? i 3R r‘g‘fl%}&‘? i%ﬁ](?‘:t]t‘f?e TRGTRAF 3RS ber at i on

tqaggoduce t he conbi ned reverberation output. - 28
f O RN

11. A

g 3P Yesired reverberation response to an audio signal

ng; pre-processing one or nore predeterm ned characteristics of a

di o si Ying prieel gl nr conter gk ek sseldl esitging

reverberation output.

10. The device of Claim 9, wherein:

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

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

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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generating a plurality of delayed outputs fromthe pre-processed signal,
each out put having a predeterm ned delay; producing a plurality of
reflection outputs fromthe plurality of delayed outputs; and combi ni ng
the plurality of reflection outputs to produce a second audi o signal

having a desired, revwREtiesdtd O d@SRONS dedired Nl 0f o0 @i M 11,

wherei n pre-processing one or nore predeterm ned characteristics of the

first audio siangl, furthes: conprises: gﬁg; {ng a gain of the first

audi o signal’; and ?i teérlﬁlb&hél@giﬂ%s’eq%e m%%rgf’ the first audio signal. -
29 __ _ , 13._The nethod of Claim 12 _wherein the gain of the first audio
signal is cont?oT IFPERTOIH P o S r%]aeéerp}o 1%?ét he desired
rever ber at.i on res]%ssns_e and_high, frequencies of_ the first audio signal are

filtered CBREASTENE S Hed retrah (AR | ottt Re’WIFerati on response

at a reference frequency relative to an attenuation at DC of the desired
rever ber RFYSTPFRAIRD signalthe method of Caim 11, wherein the del ays of

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; and

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

reverberation response.

12. The method of Claim 11, wherein pre-processing
one or more predetermined characteristics of the first
audio signal further comprises:

controlling a gain of the first audio signal; and

filtering high frequencies of the first audio

signal.
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t he del ayed outputs are determ ned according to a desired power of early
reflections of the desired reverberation response. 15. The nethod of C aim
11, wherein producing a plurality of reflection outputs fromthe plurality
of ' del ayed outputs further conprises: sumring a plurality of feedback

d | i@l | - ity of
outputs and thes plgalhdynod gﬁe@%‘?ﬁ‘?%{)&%}?ﬁr&%c £ argld ty of

sumed out puts; and producing t outputs and the ',
plurality:o eflection outputs fromtithe.plurality of su d. out puts. - 30
PLUTAIT U Ve iad SR b P oo iR e S e ko v TR oy of
f eedback outputs_and the plurality of reflection outputs fromthe

plurali t)P%‘fg’éLﬁﬁre %Lﬁ?ﬁjf eéf{ﬁ‘f CEAMT SEISPPRFE e&?‘ﬁwgh’agl'éum"red out put
to produce a reflection output; filtering the reflection output to produce

a filterBeqeneies ovf cthpuiireel aydie siendl |aee cbilegtedti on output to

produce a delayed filtered reflection output; and ',
according to a desired attenuation of the reverberation

response at a reference frequency relative to an

attenuation at DC of the desired reverberation response.

14. The method of Claim 11, wherein the delays of
the delayed outputs are determined according to a desired
power of early reflections of the desired reverberation

response.

15. The method of Claim 11, wherein producing a
plurality of reflection outputs from the plurality of
delayed outputs further comprises:

summing a plurality of feedback outputs and the
plurality of delayed outputs to 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.
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controlling a gain of the delayed filtered reflection output to produce one
of the plurality of feedback outputs. 17. The nethod of O aim 16, wherein:
a decay characteristic of the reflection output is determ ned according to
one or nore of a desired delay tine of an onset of |ate reverberation

relative to a 16irsthéehberbionsob1408 ﬁ!@?%ﬁ&éfﬁ%?@&@éi@@ ggsponse and a
desired reverberation decay tine at |low frequencies ', of The desired

reverberﬁ#ig@aigggogfefegdggg%agagé%§%;%ngB%Qggibkgﬁiﬁg Leflection output

is determ ned according to a desir cay at high

f requenci elative to decay ti at_low _frequencies of the desired
reverberaf?%%e?gé%%ngg,pg?%1¥r3mgg?ﬁyp%?r?ﬁééﬁe?gyﬁﬁmw?gt%HERP?%fIection
output is_ determ ned according to a desired nodal density of late

r ever ber af o8 H CPHRY 488FF ed reverberati on response; and the gain of the
del ayed filtered reflection output is controlled according to a desired
rever berati on Hete§ring aj pemmed| ourprequencieduoé a heeflbsdtich
reverberation response. 18. The nethod of Caim 11, wherein conbining the
pl uralityowfputefl| ecti on outputs to produce a second audio

filtering the reflection output to produce a
filtered reflection output;

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

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

feedback outputs.

17. The method of Claim 16, 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;
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signal further conprises: conbining the plurality of reflection outputs to
produce a conbined reflection output; conbining the plurality of reflection
outputs to produce a conbined reverberation output; and sumrng the
conbi ned refl ection output and the conbined reverberation output to

produce the segodehaydbp tivd Wl aydd- £ e FES hAds Afcd A B uiihes ei n:

conbining the plurality of reflection outputs to prodch a conbi ned

rever ber agd t ri .k ndi vidual | v. de isng _one or nore
of the pﬁégﬁfﬁ%gﬁfaégﬁiﬁq oﬁgér%t%%$§r?%qg¢%é@£cee% e a%}aé/ecﬁ p Ur a:c ity of
reflection outputs:.- 32 - conbi ni ng the del ayed plura

refl ection’ GUTPLT 5 T0° pPodue 2Lt ?%c]f?‘g%r}?%%ﬁ' s rtﬁﬁ"pt%}‘f .
controlling the gain, of the collective reverberation output; and del ayi ng

the gai n-cont r'of¥ 3P Plecths detaxrs ek bEs %A girfaction output

is controlled according to a desired reverberation decay

time at low frequencies of the desired reverberation

response.

18. The method of Claim 11, wherein combining the
plurality of reflection outputs to produce a second audio
signal further comprises:

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.

19. The method of Claim 18, wherein:

combining the plurality of reflection outputs to
produce a combined reverberation output further
comprises:

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

reflection outputs;
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20. The method of Claim 19, wherein: a gain of the conbined reflection
output is controlled according to a desired power of early reflections;
and the one or nore delays of the plurality of reflection outputs are
determ ned according to a desired power of l|late reverberations of the

desired rever besidiihg Nasd ASEiydd e Dakdn Py the Lotlaating reverberation
output is controlled according to the desired power of |ate

rever ber abiaiieed O §rioKbisted HUITLON oL| £ SO SO oy berat | on

out put; and the gain-control collective rever jJut i s del ayed

according to desi . del tine of ons of. | ate reverberation
relative to aa?l rs%éﬁlfr%cﬁeo B ?%}q'b%s?ﬁ]ue?@v‘@er HSFERG T dePonse to
produce the conpine? reverberation output. - 33 . 21. A system

conpri si MF-PEn o source; an audio output; a control unit, operable to

receive information from a user, the information relating to a desired
delaying the gain-controlled collective

reverberation output.

20. The method of Claim 19, 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

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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reverberation response; and a reverberation generator coupled to the audio
source, the audio output, and the controlling unit, the reverberation

generator conprising a reverberation controller operable to:
pre-process one or nore selected characteristics of a first audi o signal
fromthe audiozlsonggyégm@yqggﬁgrgspﬁg;processed signal; generate a
plurality of delayed outputs from the pre-processed signal, each output

havi ng a pre?§§$%€&§$qﬁgﬁhﬁ¥; produce a plurality of reflection outputs

from the plu ayed outputs; and conbine the plurality of
reflection outputs to rodqfe a second audio signal to the audi o output,
the second addio S|d%alnﬂﬂ@'hg the desired reverberation response. - 34
22. The systemof Cdaim 21, wherein the controller is further_ operable to:
pre- process orfe %?nmg]%%ct%eﬁ%%c’%%ﬁ%%%‘ée omiernatian fixhw si gnal
fromthe audio source to produce a pre-processed signal by: controlling a
gain of theise¥stthpidinfeinpiaion relating to a desired

reverberation response; 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; and

combine the plurality of reflection outputs to
produce a second audio signal to the audio output, the
second audio signal having the desired reverberation

response.
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and filtering high frequencies of the first audio signal; produce a
plurality of reflection outputs fromthe plurality of delayed outputs by:
sutmming a plurality of feedback outputs and the plurality of del ayed
outputs to produce a plurality of sumred outputs; and producing the

plurality of fepdbaske sl Sncc1dlip Pl urahdidsof cheflagtion gutputs from

the plurality of summed outputs by: filtering a sumed output to produce a

reflectiong g the reflection output to produce a
filtered re?ﬁ%ﬁ%ﬁ%ﬁ %Rﬁ%éﬁ%gd aying the flltered reflection output to

produce a delayed filtered reflection o controllin gai n of
t he del ayed fl%f%r%]ﬁo?%ﬁ eTEF o cf['ﬁlb%tsut 'f%% a’fﬁl‘ét%’flﬁ’ﬁec%l Wrality of
f eedback o %puts and - 35 conblne the plurality of reflection
outputs td LIFVdRMAIC setemril D Shgmitdie sPRreRdie RIAGHIS B

pre-processed signal by:
controlling a gain of the first audio signal;
and
filtering high frequencies of the first audio
signal;
produce a plurality of reflection outputs from the
plurality of delayed outputs by:
summing a plurality of feedback outputs and the
plurality of delayed outputs to 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 by:
filtering 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
controlling a gain of the delayed filtered
reflection output to produce one of the plurality of

feedback outputs; and
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conbining the plurality of reflection outputs to produce a conbi ned
reflection output; conbining the plurality of reflection outputs to
produce a conbi ned reverberation output; and sumr ng the conbi ned
reflection output and the conbined reverberation output to produce the

second audio e the JMESYSEBOI GRidRich MhRided he gain of the

first audio signal is controlled "according to a desired power of the

desired r [ Se, hi equenci es..of .the first audio
SR H ol MRS AT 0 S HENE R

si gnal gto esire enuat1 o a 3”referenc¢
frequency relative to.an attenuation at, DC %; tge desired reverberation
rd"ﬂ]t Lhare

response; the del ayBHHRE ddis R Frifithé tRitCording to a
desired power of early reflections of the desired reverberation response;
a decay CHRARKABGSHE CHPIMed maflaqtinn QufRiti s  determined according to
one or nore of a desired delay tine of an onset of late reverberation
relative to a firsomamniag itde oflutel desicfed aerthieratduputesponse  and
a desired reverberation decay tine at | ow frequencies of the desired
rever ber éto @ra@sEorsejombilfed reverberation output; and
summing the combined reflection output and the
combined reverberation output to produce the second audio

signal.

23. The system of Claim 22, 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 of
the 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 characteristic of the filtered reflection output !, 1is
determ ned according to a desired ratio of decay tine at high frequencies
relative to decay tine at low frequencies of the desired reverberation
response; a delay of the delayed filtered reflection output is determ ned

according to aadenaradtepiatigdessi tie0fil BbBeql BULTIDEE 8LH 008 Gh t he desired
reverberation response; the gain of the delayed filtered reflection output

is ContrOiéede@éf@iﬂéagaéeoﬁdgﬁéiEgdar8¥§£P§&a££990dgfaaecg%ng'ﬂé | ow
a garn of 1

frequencies of the desired reverberation response; e conbi ned

reflectio tel I cording to a desirged power of early
refIectio%gO%%Q#h%fggggﬁg%ége%gg%ggg?io &%%%%ngé?etﬂ% %ﬁ% or nore del ays
of the plurality of rgflection,ou puts are determ ned according to a
desired Bﬁg?e%?l?%t% r eV r PR AT PANEC B PREA HEQR r EBSPRREE ber at i on
response; the gain of the collective reverberation output is controlled
accordi ng to thel@kRY retl Potedebryeat £ilteyed bee il ¢ohbon coprmetuces a

gain-control l ed collective reverberation output; and
determined according to a desired modal density of late

reverberations of the desired reverberation response;

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;

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

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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- 37 - __ __ the gain-controlled collective reverberation output 1is
del ayed according to a desired delay tine of an onset of |ate
reverberation relative to a first reflection of the desired reverberation

response to produce the conbi ned reverberation output. - 38
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.




