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35paraneters a rom t he I nput Al't’er nat
t he nodi ftheme¢rappting and applying a time-varying signal 1nod1ﬁcat10n (a2 gain change, for

exarnple) that is a function of the level estimate. Dynamics processors employing such a
mode of operation include auntomatic gain controls (AGCs), dynamic range controls

25  (DRCs), expanders, limiters, noise gates, etc. Various types of signal dynamics
processing are set forth in International Patent Application PCT/US 2005/038579 of Alan
Jeffrey Seefeldt, published as WO 2006/047600 on May 4, 2006. The application
designates the United States among other entities. The application is hereby incorporated
by reference in its entirety.

30 FIG. 1 depicts a high level block diagram of a generic audio dynamics processor.
The processor may be considered to have two paths, an upper “signal® path 2 and a lower
“control” path 4. On the lower path, a dynamics control process or controller (“Dynamics
Control™) 6 measures the level of the audio signal and generates one or more time-varying
modification parameters as a function of the level measure. As shown, the modification

35  parameters are derived from the input andio signal. Alternatively, the modification
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dynamics of the audio signal. Suppose that such an AGC is operating on the audio of a

30  television set with the intent of maintaining a consistent average level across

programiming and across various channels. In such a situation, the content of the audio
signal being processed by the AGC may abruptly change or have a discontinuity, when a
channel is changed for example, and the associated average level of the audio si gnal may

therefore also abruptly change or have a discontinuity. With its large time constants,
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audio signal, and resetting the dynamics conirol process in response to detecting such a
30  change. Detecting a change in the content of the audio signal may comprise one or both
of (1) detecting an occurrence in the temporal evolution of the audio signal in which the
level of the audio signal remains below a threshold, Lgience, throughout a time interval no
shorter than a first time threshold, fsyence, and (2) detecting an occurrence in the temporal

evolution of the audio signal in which the level of the audio signal decreases by an
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or process that is activated upon the oceurrence of certain abrupt changes or

25  discontinuities in the content of the audio signal being processed. FIG. 2 depicts the
present invention in a general form in which a further control path, a reset control path 10,
is added to the generic dynamics processor of FIG. 1. A reset control mechanism or
process (“Reset Control*) 12 may respond to one or both of the audio signal itself (the
input audio signal or a combination of the input and output audio signals) and an external

30  trigger signal, Thus, there are three possible configurations: (1) the audio signal itself
(which, in turn may comprise the input audio signal or a combination of the input and
output audio signals), (2) an external trigger signal, and (3) both the audio signal itself
and an external trigger signal. If a decision to reset is made by Reset Control 12, the reset

control mechanism or process sends a reset message to the Dynamics Control 6,
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reset may be triggered externally when the system finishes playing one file and switches
to another.

A reset might also be triggered when a user explicitly changes files himself or
herself, presses play, or fast forwards or rewinds to a new location in a picce of content.
30 Inthe case in which the audio being processed has been decoded from a digital data
compressed stream, Dolby Digital audio, for example, other sources of an external reset
trigger signal may exist. “Dolby” and “Dolby Digital” are trademarks of Dolby
Laboratories Licensing Corporation. For example, the Dolby Digital audio coding system

is the mandatory audio format for High Definition Television in the United States. Ona



I n,the case where the invention is used in a device in which the
audio may originate froma set of known sources, the invention may be

further enkanesshsgsryshown in FIG 3. Along the bot t om of rlt,ﬁ@mg-;ﬂgblﬁ@
are depicted N audi o sources ("Audio Source 1" 15 throu % Audi o

Source N') 14-1 through 14-N, where it is assunmed that one of the N
audi o sources is selected for playback through the dynam cs

processi ng system by way of a source sgl ection device or process
("Source Select") 16. Such audi o sourcé$s could represent, but are not
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audio source. The Reset Control 12’ then saves indicators of the dynamics control state

in the N dynamics control state storage locations associated with the current audio



20 or,mnus 5 dB around their respective average. Suppose that just
before swtching to the second station;the average |evel of the first
station i Swataoshd1fB. Suppose further that the average j@vgdrofho2bne
second station ilat -33 dB after the switch. This is a difference of
- 20 dB. If one desires the dynam cs processing systemto adapt in
hal f a second, for exanple, an adaptation rate of-40 dB per second is
required in the absence of any other 25 nformation. Such a rate is
quite fast and may introduce instability in the processed audio. On

t he og herseleatich (Byqapﬁz E€ohtralt SthleeStdragd 1 dygﬁgn Np 191 Qﬁﬁlﬁéﬁ Flg.mt;gg,& thﬁ
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appr oxi Ve GORd ry oo LR an e e enbodi ment ,
The 01 mo s M ARERAS OdraR Befipl Eafliaipk Bl S RGRAR, SRPON,
(i ndi cat iSaefificingxyamlhadaptatign tisid. ot amexapipde, opnsiderewitching botvsicanys )
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conput ed _by the dynam cs control process nmay be res
stored wePiBa 1pang fesirathesdyarmics prrcsesing systermtocrdapih thalfalseeond, for

g?([))gs C{j: RkARHY e,qr? é&éﬁta%ﬁ\f&t@ gﬁffiohdl? per sebdiid MFedhiRf m?m%tabgﬁl%g Qe Lﬁcsp&ﬁl:r

pr ocjég S O?r%gnﬂtlsonf)g\fm%gé ra?e is %uitéz 9ast ar?dvrﬁa)’f in?ro%gge i;lst(a:tbi?iltjy ilnothe gxg%g;seg audio.
On the other hand, suppose that the Jast dynamics processing state stored with the second
station corresponds to a level of —28 dB. Then, after the reset, the dynamics conirol
process may be reset with this state and a difference of only —33 dB — (-28 dB) = -5 dB
exists. Thus, an adaptation rate of only ~10 dB per second (requiring less of a shortening

30  ofthe time constant) is required to converge to the desired level within half a second.

This example illustraies the advantages in storing the last state of the dynamics control

process with the audio source that resulted in such state. -



FIG 2 is a schematic functional block di agram show ng, in accordance
W th aspects of the present invention, an exanple of an enbodi nent of

t he presenyolyaRid«@n, 25in which, in a general form apdynd08%020747
control path, a reset control path, is added to the generic dynam cs

processor of FIG 1. FIG 3 is a schematic functional block

di agram show ng, in accordance with aspects of the present invention,
an exanpl e of an enbodi nent of the pregent invention, in which an
audi o dynam cs processor is further enfianced. 30FIG 4 shows an

exenpl ary input/output funghi@eéavna 4 REER TrasaiB i ¢ gain control
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. |

a psychoacousti c | oudness neasur npl'e unwei ght ed nean- square
power neasur e FIG. kis ayivhepaticlucioml btk diageam shmovingymt abigholdselj aigéneric
nment i onegudiglag,n%jcls Ipr&gggggst rates a high degree of correlation with

FIG. 2 is a schematic functional block diagram showing, in accordance with
aspects of the present invention, an example of an embodiment of the present invention,

25  in which, in a generat form, a further control path, a reset control path, is added to the
generic dynamics processor of FIG. 1. '

FIG. 3 is a schematic functional block diagram showing, in accordance with
aspects of the present invention, an example of an embodiment of the present invention,
in which an audio dynamics processor is further enhanced.

30 FIG. 4 shows an exemplary input/output function for a typical automatic gain
control (A.GC).

FIG. 5 shows a set of bandpass frequency responses chosen to mimic the critical

band filtering observed along the basilar membrane in the human ear.



25 human | oudness perception for nost real-world audi o signals. Due
to its conputational sinplicity, an unwei ghted nmean-square power

measur e isﬁg%@mﬁﬁl preferred enbodi ment, but should r@{&%mg&ﬁs
o ¢

limting e invention. Al though, in pr|n0|ple aspects o

i nvention may be inplemented in anal og and/or digital domains,
practical inplenmentations are likely to be inplemented in the 30
digital domain in which each of the audio signals are represented by
i ndi vi dual sanples or sanples within bPocks of data. The i nput | evel

estimate and tHg. 69§ & SRARHE RthclSSd) DR AMR Miﬁsia&\!ﬁ.rtg AlcSHANR with
nodi fication pa¥r aneters may be conputed continuously for an anal1

audi o si GRRACtsH! thp PLeseY ipyeBtipg, a§&ﬁ§nélebﬁ§ns‘\<ﬁ%mbadm@t péme@r@naq

but for tifNentieanpl e enbodinent it is instead desirable to conpute
such quantities for consecutive WO 2008/051347PCT/ US2007/020747 - 10
- overl appi ng bl ocks of Zethpfade for Geraying Oyt Taefrwgngpunal . This is

due mginly to ’EH&Qlefs:@ﬂiedtxﬂ%hdh o @tlcmm Mdé%ﬁ&dyﬂﬁdyﬁaxﬂﬁ%f-ﬂceés e
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over | applpagldalaarsfl@;eﬂ{l Hd%%v@#;l‘#h@nﬁ SNalo BRW A it RRM! @?zcﬁﬁy,lé'gé El}ri'e 1)
wn]lx[n + IN/ {Zf]éﬂoro<n<l\l-1 ere Nis the block
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Furt details of a digi tal dificst JepleBieRi#iqr r angement  enpl oy| ng

over | appi ng bIﬁoBksSc thplemeithesn f & AGT doipubesiatirkk-SaryRal @AthafR 9% 93
of Fi el der et \("Frarre baédF audio with tga| n-control words

patent i £VFaRRRYeN MdSOREPss 4 wpdified cutpphlevelthatis ﬁﬁ@toyonaﬁthegnput

descri bedekahm daﬁreahﬁgmé}om@fra@n{gldi@mvﬁfomﬂwug@inra @enlbet hat i's
of the sig %ese nodi fi ed

then nul ti W t al

bl ocks i s° ??96‘6 8#{‘]%%105@& g‘b" ‘f ﬁ”ﬂfﬁ%@d‘&ﬁfwm@eﬂmﬂéﬂBVﬁbmdrth@eesaﬁﬁa joytput

si gnab Anevel/ TRY function mapping input 3 sutgutliddésiged Fo bfarlé th]’cé[l@ve}[l bt t':[h@[rﬁodxﬁed
irst step in

-1 +
co]rrp[Jt i nguf]’ﬁe(:%%sgf 'ﬁ)ltl‘f flfs’regﬁ%rgﬁ Iﬁ’éel’\/"é%&( 1%4 |dﬁ%’sz§rﬂ“§ﬁBﬂU§P?‘éQ}’éﬂ’“t(f?n‘ttW§
signal L [Fb} am tpooaipivieabl Bsget tweuameqmnefda@vgem Sifenacdh, MK an input-

x[n, t]. ﬁ;elﬂw, t?ll lgel 31 tepgt}w %C?(E calFs for ng}l %gosﬁs The dg&ree 09 attenuation or boost

| ogi o( 3-
may be contro]led by varying the slope of the line in FIG. 4.

20 Ideally, the measure used to compute the average level of the audio should
correlate with the human perception of loudness. This may be achieved in many ways;
for example, by a weighted mean-square power measure or a psychoacoustic loudness
measure. A simple unweighted mean-square power measure is slightly less accurate than
the two methods just mentioned, but still demonstrates a high degree of correlation with

25  human loudness perception for most real-world audio signals. Due to its computational
simplicity, an unweighted mean-square power measure is used in a preferred
embodiment, but should not be seen as limiting the invention.

Although, in principle, aspects of the invention may be implemented in analog
and/or digital domains, practical implementations are likely to be implemented in the

30  digital domain in which each of the audio signals are represented by individual samples or
samples within blocks of data. The input level estimate and the corresponding desired
output level and signal modification parameters may be computed continuously for an
analog audio signal or on a sample by sample basis from a digital signal, but for this

example embodiment it is instead desirable to compute such quantities for consecutive



where O dB coryresponds to the level of a full scale digital square
wave. WD 2008/ 051347PCT/ US2007/ 020747 L[t] = a,{ft] R -1]+ (1-

a[t])L[t] < (4a) 5 where
L[t]. -L[t%ff)a%d[s'g%];{a | ac arete"se LW 17[t -11 PCTIUS(zﬁ%FI)MIﬁi%
and arcl ease> &attack(4c) The snoot hing coefficients a0ll and a "dew,
are chosen to give the desired attack 15 and release tines. One way
to specify this is the half-decay tine of the snoothing filter, i.e.,
the tine it takes the tinme snoothing Ti9ter' s i mpul se response to

decay t 0 ovaaphaigblodls cfish@plalf ¥ alpigl afdid Sigsah TERASALEHhality to BE fact that
correspogldl.pil blﬁ)oka hal { deca Hrre of 1 second and a "sr, ) ]
cor r espofitf! g G BrarsTsn& s @85 ut fordetasting reert GAvditions fiam e signad itself as is
ACC, t he desdribes labsre LvfingCthb Wigsl audT&ﬁﬁﬂaﬂbe@edég_emedw #Hjﬂﬁk'&@ﬂéﬂ:i?g
represen ni num | evel above 20 i ch the instantaneous sidgna

| evel L[itbfocﬁﬁg%thﬁéuﬁrﬁﬁ S ’r“ai”gfzc?‘l‘?é”§%ﬁit hed | evel to be updated.
This fprevents the snoot hed average |level fromfalling too | ow, and

t he correspondin g?%nrh &Lom rising too high, when the signal falls
into rel ative SHEERSFEEGN Hg 0 dB r &% esdhtg < Ne-l evel of a full
scal e digital (gquare wave, setting L,01" = -60 dB is a reasonable
choi ce, although the level is not critical. .25Fromthe snoothed
average |level Tat] and the AGC i nput/output function FAGe, as shown

in FIG 4uhetd1@ichBs biRE MR W2 iEMe hebree of &Jerfaﬁ PERMRH S ecntive blocks, ¢ is
10 the block index, and win] is a window function, such as a sine window. For signals
sampled at 44100 Hz, setting N=512 or N=1024 works well. Further details of a digital
audio processing arrangement employing overlappin g blocks of samples are set forth in
U.S. Patent 5,899,969 of Fielder et al (“Frame-based audio with gain-control words™ R
which patént is hereby incorporated by reference in its entirety. As is described below,
15 the AGC computes a time varying gain G[¢] that is then multiplied with each block of the

signal. Each of these modified blocks is then overlap-added to produce the final modified
audio signal y[n+N/2]:

Wn+iN /2] = Glldn, t]+ Gt ~1x[n+ N/2,t—1] for O<n<N/2
20 (2

As a first step in computing the gain G[¢], the time-varying instantaneous level of

the signal L{{] is computed as the mean square power of each block x[n,2]. In decibels,

the level is computed as:
25

Lif]=10log,, (—lﬁg x*[n, t])

n=0

()

where 0 dB corresponds to the level of a full scale digital square wave.
30

Next, the instantaneous level may be smoothed with a fast attack and a slow

release to generate a smoothed average level of the audio signal L{#}:



ro,ffiti= FACGr[i]) (5) WO 2008/051347PCT/ US2007/ 020747 - 12 -
Finally, the gain t] is conputed fromthe difference between the
out put | ew t] and the input level Tat]: 5Ft] sdl§ .
eurml*1)i‘g%):"%)és%k%i(34 en r0111[1]>:E[t], the gain is greater Stzﬂ(ghr?mgﬁe,
meani ng the signal is boosted, and when r","[i]<r{ti, the gain is

| ess than one, nmeaning the signal is attenuated. 10AGC with Reset

As nentioned above, the reset nechani smor function may cause one of
two or both of two actions: (1) setti"ngibne or nore tine constants to
a shorter value for a short period of time (thereby speeding up the
adaptation rate of the audi o processing), and (2) setting a snoothed
measure of therg gglé“["s]l‘ﬁ[{ml]Té‘\re‘}![f])lﬂ[fﬂ)né[t&?Irmre nodi fication 15
paraneters to a Stqred val dg-e] to an avpqage or default value, which
may be expressed as Emu (see Egn. 8a bel ow and the descri ptions
before and af t@&®) t hat equation). First, resetting of one or nore tine
constants is descri bed Because the nodification paraneter, gain t],
is a function of the snoothed average |evel EU , the rate at which
the déscr¥¥88 ACC adapts to the audio is governed 20 by the attack
and release tines used in conputing -.C.[t]. As stated above, such
snoothing tine constants are chosen to be relatively large, on the
order of severat{ sgenpgds, Ligke Liratl]t he ACC does not change the | evel
of the audio t8¥l¥ gl dly gurdpg.tipe tenporal evolution of normal

audi o content. However: if the audi o content abruptly changes or has
a di scontinui t¢b) the ACC may take too long to adapt, especially if
the new content is at a 25significantly different |evel than the
previ ous content.. To speed up the adaptation, the reset signal
descidPbedndarlier may be used to trigger a nodification of one or
nore of the tine constants asSociated with the | evel snobothing. In
this case, when a reset is triggered, the time constants quickly
switch to sigmefigcantly smaller values and then snmoothly return g
their original |arge values (or approximations thereof) over a
specified period of tinme. 300 her nethods for speeding up the

adaptation ratthedddRhiniAg b&Hhtich 4,1 | 9T L4 are. BRSS! B! fve the desired attack

release

15 andrelease times. One way to specify this is the half-decay time of the smoothing filter,
i.e., the time it takes the time smoothing filter’s impulse response to decay to one half its

original value. Although choosing «,,,.. corresponding to a half decay time of 1 second
and &, corresponding to a half decay time of 4 seconds works well for an AGC, the
values are not critical. The value L, in Equation 4a represents a minimum level above

20 which the instantaneous signal level L[z] must be in order for the smoothed level to be

updated. This prevents the smoothed average level from falling tco low, and the
corresponding gain from rising too high, when the signal falls into relative silence.
Assuming 0 dB represents the level of a full scale digital square wave, setting L . =—60

i

dB is a reasonable choice, although the level! is not critical.

25 From the smoothed average level L[¢] and the AGC input/output function F P

as shown in FIG. 4, the desired output level L_,[¢] is computed:

fmd [I] = FAGC {.]'T‘[I]}
(5}



For exanple, instead of smoothly returning to their original values
or approxi mati ons thereof the time constants may be kept at their
smal | er valegiéelyza specified period of WO PCT/US2007/020747
2008/ 05134 7PCT/ US2007/ 020747 - 13 - tine and then returned directly
to their original values or approximtions thereof. Another
possibility is to provide a step-wise return of the tinme constants
over a specified period of tine. The ipnvention is not neant to be
limted manner in which the time constdhts return to their original
val ues or an approximation thereof. 5To trigger a reset there my

exi st a binary. e C . =0 during nornal
operation and}?ﬂéaﬁfy*%eﬁengg}%gﬁpﬁ ‘513851 tpth‘ GEERF PEMREB Ak putptiavel
reset mayL ber tanh @9eeek 1BYe18Fg] .yzi ng the audio signal or by an
external source, as described earlier. Details of exanples of
triggering a reset through signal analysis are described below. In

t he cgse of an exter(nalllu hdger, there may exist a stored state with
whi ch”’t he 10 o@ﬁﬂmﬂ?: 'process may be reset, as shown in FIG 3. For
t he descri bed ?j'ef erred enbodi ment, such a stored state nay consi st
of the val ue é t he snoot hed average level E[t] at the last tine

bl ock at which a particular audi o source was processed. The initial

state, retrie t duyring an externallytrlggered reset
(or, alternat :Wféjffrﬁ/ioghs} lﬁ[lrffqg‘l’ S8R iy Fegignth %O%csmawgtthwgwé ls/\lPFaSWér

or not a red.reset is 15e

repres en'La e‘g Eh 'él!tz{'ﬁfgg%% gam 1s feds EhaﬁIDBﬁ'll???él 14 %8?@“?@% é‘tte"é’fafj’ﬁal
R(t]l10a tine constarlt control si gieat iR e gener at ed and
subsequently ysed to shorten nonentarily the tinme constants used in
conputing t he%?rﬁi?ﬂ ongd abaveaths ’F%?(/E‘F"‘La[“tsp“ of fyaptignmay eawt poe ebivicher

processi bothadfapbatiiem: (&) @m@ @ﬂerm n@&aﬁh@rﬂonamg kDb sﬁdrgp%ug kdla 8%
be conputed so thahhlt e he nmonment. a reset occurs

(Rt] =1Pode YRe fhershy eeél(ﬁdﬂ’éh? P%i!ﬁ%}l%éﬂte@f ﬂ&tﬂﬂdlf)rmp@eseloal, eod (Bd

by 1a diczz Zgﬁmgefsﬁmmheﬂ tqeésqrs of t}té[ah]imlsx%-dal Bkl or ohe 6F Abore %ﬁdfﬁcgﬁéﬂ’“ se,
<
(Z:E) 0]8 5 1§%?E&lffiéf%%9¢6 2'6171&-}01' [to an average o]r default(valu)e which may be expressed as

L (see Eqn. 8a below and the descriptions before and after that equation). First,

resetting of one or more time constants is described.

Because the modification parameter, gain G{¢], is a function of the smoothed
average level L[t], the rate at which the described AGC adapts to the audio is governed

20 by the attack and release times used in computing L[t]. As stated above, such smoothing
time constants are chosen to be relatively large, on the order of several seconds, so that
the AGC does not change the level of the audio too rapidly during the temporal evolution
of normal audio content. However, if the audio content abruptly changes or has a
discontinuity, the AGC may take too long to adapt, especially if the new content is at a

25 significantly different level than the previous content. To speed up the adaptation, the
reset signal described earlier may be used to trigger a modification of one or more of the
time constants associated with the level smoothing. In this case, when a reset is triggered,
the time constants quickly switch to significantly smaller values and then smoothly return
to their original large values (or approximations thereof) over a specified period of time.

30 Other methods for speeding up the adaptation rate afier a reset is triggered are possible.
For example, instead of smoothly returning to their original values or approximations

thereof the time constants may be kept at their smaller values over a specified period of



- 14-. The decay_coefficient A may be chosen to give a half
decay tine of one second, for exanple, which neans that the snoothing

ti me const hortened over a duration of approxi
ﬁrﬁtzﬁos%%ﬁ I;@ltlﬁ 2%73&@7;7

second followng a reset. Note also that the control signa

updated only if the signal level L[t]?..Linb in order to prevent fast
adaptation from 5occurring during relative silence. Rat her than
using fixed attack and rel ease coefficjents to snooth the signal

| evel, as shown in Equation 4b, the coefficients may now vary over

tinme as &mflélﬂﬁiﬂlémrdﬁimé@ﬂlrédtﬁﬂo GRS ARbal GRS 6} ap%r&ﬁﬁilau&r{i ere%pen

c[t]=1, npa %that a reset _has just occurred, the attac
rel ease c”tﬂé’ft or PPERIlOHEjo BRvidsta depitsereiuTReiIBS tigieganstania nvéna spesililedr

than 10 tdesiod af tims. cma'iﬁ&lﬁn&mixﬁﬁﬁﬁtmtytofbwm:!%a%ngﬂn%néﬁg%ﬁrﬁé en
percent of the ori g? val yes or |less, for exanple
decays t¢&° nijants f‘?‘i‘é‘El L Q1R é’ah‘ﬁ§l°‘b@ ?W%%¥‘%@Gr®£ck to their

nom nal val uesTdatigE@ Wres@ Mbraida$, ex:smbin‘aﬂaxlek%s:gngl ﬁﬂﬁ“sh{ﬂpﬁ’m I&a[lz’fﬁosrml |
coefficient values used inmediately after a reset nmay a

dependi n§UEHE Ap@aH eperation and iRE]=¢ tvdtee avedetés dfbiliecbatltsﬁesbloblf t. Mhesdesdted
initial h ve ef |C|e | ues 15be
used, ?ﬁg&aﬁék%%égy %ﬂ?q E}gctaé\ga %réag OpRy g ¢ ex ﬁsoé’F?egPﬁgeg?mIﬂ%ﬁdger
coef fi CI eatlien.aDgleds nﬁ%abﬁalesscﬁ'drlgga’nmgh&eieatﬁr&tﬁgmgﬁl laﬁalyéis %ﬂéé&ﬂ;eﬂ hat
initiali I arts t closer to the
val et o ok Tuithe cltbloP b BenaP BES s el orfiea Spisf sferervEh e e

sl ond? a@aparatcs oroctessrreay boresels postdivagn FoG] armﬂhs o&kfibed geatdsredmay be
utilized r case mh nit e.ls

e | abi rpHEE uER slfed e S8 SolS 3 0wk o Br B idher elmasdove
rift] = rlel atithe Bkt §mé bl at &hich a@éhﬁu&r@ﬁ&b sgﬁﬁéﬁ%%&%sseﬁ7ﬂw 1r%1fﬂd

LR DS N R A I
-1] rrek a%ge[ r%tnt\[efi]frcgﬁ Fttoragf]durmgan externally-triggered reset (or altematwely, an

initial state may be a default value whether or not an externally-triggered reset is

15  employed), may be represented by the value L,

iuit *

From the binary reset signal R[], a time constarit control signal may be generated
and subseguently used to shorten momentarily the time constants used in computing the
smoothed average level Z[¢], thereby speeding up the processing adaptation rate. A time
constant control signal ¢[¢] may be computed so that it equals “1” at the moment a reset

20 occurs (R[¢]=1), and then decays exponentially to “0” at a rate controlled by a decay

coefficient 1 <1:

dfl=1 if R{t]=1
(7a)
25

otherwise,

C[f] — {/10[! - I] L[t] =S Lmin
de—11 Litl< L

‘min

(7b)
30



(Sc) Tait.), [t] =crilfinuack [e] + O - (8d) rrekasettl=
enotel ease ft] + 0 - citDc= (8e) 13*s;Rt]=1 and Enu exists

130t tack][t o4t =1 and Emu does not exist, fi "il agdgrdsao07/020747
-1] ot hervviqsvg%%f) d cenR[t] =1 and End, exists Prete...N =13 rslow

. R[t] =1 and : Enmu does not exist , release[t -1]otherw se 15(80 < B
Potosi =low << a attack 3 20 and 13rfast < 13 Ww << a rel ease (Si)
25The val ues pa, and &as/ represent thg initial attack and rel ease
snoot hing coefficients i mediately aft $-a reset when no initial

state, i s proviTietHechatsetficiemr 1 85R00 e © H 4 nAlPEAYS thidBioredd,

11 and 20Q m|lliseconds, respectively,
mili Sec%ldﬁsxamp ¢, which means that the smoothm% time cons%gmts are shortened over a

duration of approximately one second following a reset. Note also that the control signal
may be updated only if the signal level L{7]> L .i» in order to prevent fast adaptation from
3 occurring during relative silence.
Rather than using fixed attack and release coefficients to smooth the signal level,
as shown in Equation 4b, the coefficients may now vary over time as a function of the

time constant control signal c[f]. When c[¢]=1, meaning that a reset has just occurred,
the attack and release coefficients may be set equal to values significantly smaller than .

10 the values a,,,, and «,,,,, from Equation 4b (about ten percent of the original values or
less, for example). As c[t] then decays to 07, the coefficients may be interpolated back
to their nominal values of a,,,, and «,,,,.. Optionally, in addition, the small coefficient
values used immediately after a reset may also vary depending on whether an initial state
value L, exists. Ifno stored initial state exists, then very small coefficient values may

15  beused, and if a stored initial state does exist, then slightly larger coefficient values may
be used. In the latter case it is assumed that initializing L{¢] with I, , starts I[¢] at a

value closer to the value to which it will eventually converge. Therefore, a sli ghtly
slower adaptation time, corresponding to larger coefficients, may be utilized in,
comparison to the case where no initial state is available. The adaptive smoothing

20  process may be expressed as:

Ll=L,, if Ritl=1and L, exists
(8a)

25 otherwise,

Tiy = {70V TE -1+ A~yEDLA L1 L,
Liz—1 I <L

‘min

(8b)

30 where



WO 2008/ 051347PCT/ US2007/ 020747 - 16 - have been found to be usable.
The particul ar values are not critical. The values asmw and sow
represent woeosspisgRs i nitial attack and rel ease snoot hif\®rys2007/020747
coefficients inmediately after a reset when initial state, Z,,,, is
provided. In this case, values corresponding to half decays timnes
equal to twice those of their faster counterparts; 100 5 mlliseconds
and 400 mlliseconds, respectively, haye been found to be usable.
Also in this case, the particular valu€es are not critical. Reset

Det ecti on Through vy anah ] ¥ Birs-1] The nost reliable nmethod for
triggering ar I n gﬂfégiggtﬁgﬁg,invention is to receive a trigger
externally from a wE®#&m s r ocess that is known to be directly
tied 10 to thggghange of audio content. Several such nmechani sns were
di scussed earlier; a channel change on a television set or an input
sel ection change on an audi o/ visual receiver, for exanple. In many
cases, however, no such external nechanisns nay be available, and .
therefore the systemnust rely on analyzing the audio signal itself
to defernine ifualdesdlPahod] tlbeltd gger ed. Suppose, for exanple,

t hat the disclg ed 15invention resides in a television set to which a
user has connéc ed an external cable set- top box. The cable set-top
box is responsible for tuning-in and changi ng channels, and the

decoded audio js el assed on the television as a continuous
audi o strean17?WEHEETQ%Vg#eiﬁﬁﬁg?é#ﬁpémweceives no explicit
information aheyt when anew channel is selected. The only information
avaihgble is that which may be inferred fromthe audio 20streamit
receives. Arelatively sinple but effective way to trigger a
reset through signal pnalysis is t tgg&&ﬁb—an_ogcurrence in the

t enpor al evoI%éL;n of | t He*4udi o sﬁgﬁél_L X85t he | evel of the

audi o signal rAmelds pelw.a t HRlEkshbnd Li.sAaes neksxist hr oughout a
mnimumtine period (p8liJe-iinterval rershaeter than a tinme threshold
tsik"ce). In other words, to detect a period of 25relative silence
havi ng a duraf$®n at |east as long as a specified threshold tine
interval. Such an occurrence is likely to indicate an abrupt change
or discontinuity in the content of the audio. Many devi ces, cable

set-top boxes in particulgr, nute rRhe-apdy @ skgpal for a short period

init

of time when the ﬁr&%'ls?gﬁfe cgﬁﬁgq%hdﬁﬁedgg}mﬁF$£yting reduces the

audi o signal td™ | ower "t han i $“geferal Ty encountered in
normal audi o content . Pretlfe Bocase ofO@F@Wﬁél audi o, for exanple, it
may §gduce thgi%%%arrpl es of the signal to zero. Such conditions in the
t enporal evol on of the signal may be detected through anal ysis of
the short-termlevel L[t] discussed earlier. If L[t) remains bel ow

than a threshold

afust < astow "< am{ack 3

(8h)
20 and
Bt < Brotow <= Creppese
(81)
25 The values B, and f,,, represent the initial atiack and release smoothing

coefficients immediately after a reset when no initial state, Z,, , is provided. Values

corresponding to half decays times of 50 milliseconds and 200 milliseconds, respectively,



WO 2008/ 051347PCMIS2007/ 020747 - 17 - throughout a time interval of
at least tthen a reset may be trlggered Thi s approach may be

expressed @320@&134? .s[t] < =cat. 1 s[t] tina," 5(9a)p %ﬁzﬁg-@zmn

silence count signa aft] i s updated according to: s[t]=

Lsue"ce s[t -1]1 L[t].Lslte"ce 10(9b) ~ Assuming that 0 dB
corresponds to the level of a full scal e digital square wave, then
setting Lsilnte equal to -90 dB, for npl e, works well in practice,
al though the level is not critical. etting tsue", to atinme of 0.25
seconds, Ha@ébeeiﬁﬁmhdatobesusabree%@@&l@i’cﬁlall5ﬂb&' &snspéntizaﬂyrmﬁdeg | ons,
although the time period is not critical I n sone situati'of¥, a

gap of rendtfus fSprbmntﬁler’rmgenmﬁhdi)ettadrtahdddem swloethihd €oedelbgs cont ent
abruptly changes or has a discontinuity, and therefore the above
t echni quémmifiaidy afier areseiovhiendnitial &tatﬂgg,ﬁx,l isgrevides dh.thidoas| vauaat i ve

thor ef or SoHE PSR Mk TGRS LREB AT IP PHoRRPENo! Relr e soespens 100
20abr ipt yilliseangls and A0 asBe@ingds; @aplitivielyy hatdechay@ld t@fbetulg&l'@e)ﬁ’%s@lfﬁ' 0
o evi ous . hts’?fgse’ ce)%?tgfeéﬂatr Eﬁg@ﬁi@% W‘?B%’%t?"t’ﬂ‘bg;nl ggspﬁ gggstsg?s g\r/rgl oy an
previ ous au
attack that is significanrby: Dagbsin Thengh SgnhBARARS the case
The most reliable method for triggering a reset in the disclosed invention is to
receive a trigger externally from a mechanism or process that is known to be directly tied
10 to the change of audio content. Several such mechanisms were discussed garlier; a
channel change on a television set or an input selection change on an audio/visual
receiver, for example. In many cases, however, no such external mechanisms may be
available, and therefore the system must rely on analyzing the audio signal itself to
determine if a reset should be triggered. Suppose, for example, that the disclosed
15 invention resides in a television set to which a user has connected an external cable set-
top box. The cable set-top box is responsible for tuning-in and changing channels, and
the decoded audio is merely passed on to the television as a continuous audio stream.
The television therefore receives no explicit information about when a new channel is
selected. The only information available is that which may be inferred from the audio
20  stream it receives.
A relatively si'mp]e but effective way to trigger a reset through signal analysis is to
detect an occurrence in the temporal evolution of the audio signal in.which the level of
the audio signal remains below a threshold, Lsisnce, throughout a minimum time period (a
time interval no shorter than a time threshold fsitence)- In other words, to detect a period of
25  relative silence having a duration at least as long as a specified thresho].d time interval.
Such an occurrence is likely to indicate an abrupt change or discontinuity in the content
of the audio. Many devices, cable set-top boxes in particular, mute the audio signal for a
short period of time when the audio source changes. The act of muting reduces the audio
signal to a level far lower than is génerally encountered in normal audio content. In the
30  case of digital audio, for example, it may reduce the samples of the signal to zero. Such
conditions in the temporal evolution of the signal may be detected through analysis of the

short-term level L[¢] discussed earlier. If L[¢] remains below than a threshold 7,

'sllence



in which the I evel of the new audio, content is greater than or equal
to the old is I ess problematic than when the new audi o content is
si gni fi canfybedstidfiszt han the ol d. In the 25l atter case,pdgs8d7R%0747
rel ease time nay result in an objectionably | ong adaptation tine.
Therefore, triggering a reset when the new audi o content is
significantly |ower than the old nmay be considered particularly
desirable. To do So, one nay exploit a feature conmon to nost audio
si gnal s conposed of natural sounds. Natlral sounds may exhi bit abrupt
i NCr easeShioleh I ral | (oY .. de
Sounde  ha e R oy DB LRy B Ep i e 958
recor di ngsay Woswpvessed ast audi o WO 2008/ 051347PCT/ US2007/ 020747 - 18 -
content switches abruptly, through an input sel ection change for
exanple, and the level of the new audio input is significantly |ower
than the old, then(pbhe[mesylting audio streamexhibits a drastic,
unnat ur al , ins@%hfiﬂe%hﬁ>g?op in level. Such a drop in level may be
detected fromthe ort-teyerrl evel L[t] and used to trigger a reset.
SThuss anot herogf fective way.to trigger a reset through signal
analysis is to detect an occurrence in the tenporal evolution of the
audi o signal in which the |evel of the audio signal decreases by an
amount  greRkes sitdidb caulisfdher APCR JphiedhAfuihgdipp W thin a tinme
interval no greater than a tine thresholg tdrop. More specifically,
if the difference between L[t] and L[t -1] is nore than a specified
threshold Leap wt inca tiq&tkp erval tdrop, then 10a reset is
triggered: R tdak Oothermnéb t%m@) A suitable tinme difference drozp
-s the time of onelstiglltdl Hilsebssing bl ock For - 15 exanple, with a
bloc% overlap(%é one half, one block time corresponds to N2 sanpl es.
hhglz and t sanpling rate is 48000 Hz,-drop .8 about 5
mlliseconds. |If N=1024, tdrop is about 10 mlliseconds. A |evel

di fference Ld, of o) -10 to -20 dB ha e found sujtable,
al t hough t he |@4§%ﬁ“"tﬁ6\3?tﬁ%‘%8%”?3§°ﬁ%ﬁt°é fi’t}g}’%&??%%é%i% ak SIBMRIVRYE: | s
ef fecti vehdnsettinigdhgr | REua t6 SVEAB, WoLEkahiie, vRYR] wall il Ecdiedbifhough the

level is not critical.. Setting ¢, to atime of 0.25 seconds, for example, is a reasonable

15  choice for many applications, although the time period is not critical.

In some situations, a gap of relative silence may not be introduced when the audio
content abruptly changes or has a discontinuity, and therefore the above technique may
not be effective in triggering a reset. An alternative reset triggering ocenrrence to deal
with additional cases is therefore desirable. In any situation in which the audio content

20  abruptly changes or has a discontinuity, the level of the new audio will be either greater
than, equal to, or less than the level of the previous audio content. Because most
dynamics processors employ an attack that is significantly faster than its release, the case
in which the level of the new audio content is greater than or cqual to the otd is less
problematic than when the new audio content is significantly lower than the old. In the

25  latter case, the slow release time may result in an objectionably long adaptation time.
Therefore, triggering a reset when the new audio content is significantly lower than the
old may be considered particularly desirable. To do 30, one may exploit a feature
common to most audio signals composed of natural sounds. Natural sounds may exhibit
abrupt increases in level, but they generally exhibit a more gradual decay. Sounds that

30  are cut off abruptly are not very common in most audio recordings. However, if andio



20content is significantly lower than {he old, but it may sometines
be susceptible to falsely triggering a reset during nornal audio

content. Twe M@fsiidped techni que | ooks for a drop in thectpéRbrd6M¢!
of the signal, and sonetines a dom nant portion of the audio signal,

a kick drum for exanpl e, may exhibit such behavior, while the
remai ning portion of the signal does not. The domi nant si gnal
conponent, however, contributes nost si[lg[n ficantly 25to the overall
| evel and therefore nmay cause a reset be triggered. To deal with

such uni ntoargesivitetieg gbruptlg, thidvgh dﬂﬁrﬁﬁﬁ baactﬁﬁftﬂﬁ@germy e:@nﬁlg%a\éﬁéilebéﬁ of
det ecting, a rese exhi bits "a 'significant

fover ! ur dneab idia i SEutRutly 1Bver than e g anhen e deamins mdmitary,
exanpl e, exhibits neljastiocynraansals inswintaibsustdiep teeSN8L6h & WS iRGEVPHray DRI S

b |1 th t
ot ect | orf A dEe it Rbptiraeel 2hy ppusestie ek arwstl i 1 any given
band. 5To i npl efm@Rta Mﬁﬂeﬁe&tﬁ@W&ﬁMQnFéQ% rla&ﬂtﬁ'&ﬁ#ﬂﬁ%&%ﬁ aJlaGWS% is'th bl @

plurality of frequency bands is firs
r epr esent@PCHETAse i fhe tmppral gvalvinncefitee a‘%'lhte siga#dn whdexthe levehefithp eudio

gener at edighf dsr&REd vy amm%%&%ﬁ%%& ﬁ@QJ%?d %\aﬂmp% ime

(f
conput i na the Di screte Fourier Transform (DFT) of ch 4 ock

x[, t] arBt°Rgtpe §rf‘;ﬁr“1'i&‘atﬂr?et"eﬁhfﬁﬁhp!ﬁ faro;bd\’iamgmﬁﬁebueﬁb? diffssensn betv@en
[k] for aﬁlﬁﬂg 1s ﬁloH ﬁ’mﬁ la'sﬁ:&'}f?ai @J‘esﬁ:&la \Aﬁ@lf%kﬂe%)\teﬁla?tmp, en

where X[k the , 1S corrpute
a reset is tnggered

R b
(10)
A suitable time difference 5, is the time of one digital processing block For
15 example, with a block overlap of one half, one block time corresponds to N/2 samples. If
N=512 and the sampling rate is 48000 Hz, Ldrop 18 about 5 milliseconds. IfN=1024, Lirop 1S
about 10 milliseconds. A level difference L,,,, of about -10 to -20 dB has been found

suitable, although the level difference is not critical.
The above technique is effective in triggering a reset when the level of new audio
20  content is significantly lower than the old, but it may sometimes be susceptible to falsely
triggering a reset during normal andio content. The described technique looks for a drop
in the total level of the signal, and sometimes a dominant portion of the audio signal, a
kick drum for example, may exhibit such behavior, while the remaining portion of the
signal does not. The dominant signal component, however, contributes most significantly
25  to the overall level and therefore may cause a reset to be triggered. To deal with such
unintended triggering, the detection scheme may be improved by detecting a reset when
the level of the signal exhibits a significant level drop simultaneously across a plurality of
frequency bands (for example, all frequency bands) within the threshold time period.
This way, all such frequency bands contribute equally to the reset detection process,
30  regardless of the absolute level in any given band. To implement such a technique, the
instantaneous level within a plurality of frequency bands is first computed. This level is

represented as Z[b, ], where b indicates the band index. It may be generated efficiently



X[k,t]= E x[n,t]e Nit=0 10(11b) The set of bandpass frequency
responses Cb[ k] may be advant ageously chosen to mmc the critical

band filtegj) ved al ong the basilar nenbrane int I8 ha26AY -
As sugges?@gr}gglml\/@g?e and d asberg( "A Mddel for the Prlte}”gl;l{(i:%il 0{12@?5

Threshol ds, 15 Loudness, and Partial Loudness,"™ Brian More, Brian
d asberg, and Thomas Baer, J. Audio Eng. Soc., Vol. 45, No. 4, 1997
April), such filters exhibit an approx}E tely rounded exponenti al
shape and are spaced uniformy on the” %Ei val ent Rect angul ar

Bandwi dt Iby( doiputiag ateeDisEkts Féurlte T fisford @) bb&hsRlioModl ki R SnW t h
a spacing of 1 ERR, resulting in a total of 40 bands. 20From the

i nst ant arfBvitiplyingbe QFEF withadandpass frkguenke ralpdriser@yitk fretiebmd b:
successive tinme blocks, averaged across all bands may be conputed: 1
<-,B Dt]=- BLL[b,1]- L[b,t -1] 6=1 (12) 25 For real world
audio signals, D[t] is exwrenely snmaJ]y only if the level of the

si gnal drops sFigilFileamd Cm[&]%ﬁfmﬂj rity of bands b. If the

difference is less than s6ife threshold, Ddrop, then a reset is
det ecsed: WO @098/ 051347PCT/ US2007/ 020747 - 20 -

where X[X,¢], the DFT of x[n,t], is computed as;

N-I - 12_7_*1
AX[k,]= Z x[n,tle " ¥

w=0

10 (11b)

The set of bandpass frequency responses C,[k] may be advantageously chosen to

mimic the critical band filtering observed dlong the basilar membrane in the human ear.
As suggested by Moore and Glasberg( “A Model for the Prediction of Thresholds,

15  Loudness, and Partial Loudness,” Brian Moore, Brian Glasberg, and Thomas Baer, J.
Audio Eng, Soc., Vol. 45, No. 4, 1997 April), such filters exhibit an approximately
rounded exponential shape and are spaced uniformly on the Equivalent Rectangular
Bandwidth (ERB) scale. FIG. 5 depicts a suitable set of filters with a spacing of 1 ERB,
resulting in a total of 40 bands.

20 From the instantaneous level per band, L[b,:], the difference between successive

time blocks, averaged across all bands may be computed:;

D[t} = —;—ZB: Lib,t}— L[b,t —1]
(12)
25

For real world audio signals, D[f] is exiremely small only if the level of the signal
drops significantly in the majority of bands &. If the difference is less than some

threshold, D, , then a reset is detected:



Dit] < Dd"ft otherwse |In practice, setting Dam between -10 and -20
dB works wel |, although the setting 5is not critical. The resulting

rnul ti bandwb%&msﬁ‘:!f is less susceptible to falsely tri B 030747
e

reset than the sinpler technique that |ooks only at the difference in
total signal |evel. FIG 6 shows a bl ock diagram of an AGC
enbodyi ng aspects of the present invention. A digital audio input
signal 412,11 (see Eqn. 1) is applied to two paths of an AGC devi ce
or process. In the control path, a " ute Level " device or process
20 10 conputes_a asm[e]h@bdthe audi o, which may be a tine-varying

i nst ant aneous ﬂélfewioof {he St’gnal L[1], conputed as the nean square
power of each bl oc of @ ﬁ'émlg%put signal x[n,t] (see Egn. 3). Next,
the instantangpsss level L[t] is tine snmoothed in a "Snooth Level"
device or process 22 to generate a snoothed average | evel of the
audio signal r[t] (see Egn. 4a). In the absence of a reset, the tine

snoot hi ng nay 1havRtide fs@ﬁihﬁ%t a;ﬁ:érvg%q ﬁg?/ §rLcP-ﬂ0 &8%@2%‘]3‘]b€lltléoug]f.it%setﬁng

characteristic. The SnootR L& e contro
Co ns{ anfl_ri]m;f[d'iﬁbfggng‘t&absﬁﬁd T'fm]itilﬂm teﬁﬂﬁ?éﬁ its ]@é'k_s 'élhsi&%ﬁt.itﬁé [ Rlsely trighQing a
i nput. The Time,.Constan ntr i gnal_c input naey causé one of
more of fHa {hﬁ%hec%wgﬁeé%?0%18%%958% fnly %t@r%%‘?rﬁnq_eé detaboignad leygl.
i Tiog i et A e e T g P
assume a%lg‘feg rlétclj ér(ﬁ)%%?] ﬁﬁ%(if) ! %éiﬁf‘%e‘[?'g\/@?%%ﬂh 1scmpliehtodwepathsod gat |
as descr iASed daviov er prohessSimtislzohtesqlatty d “Coipuite Ldvel” devicRRRbidsd ) an
ET T T e e e
t he funcsigon! Lids copetdd bsithe anae siina puivéthoffaéh bibck OF Pl 8igRaldgs iy ed
oai h ' t PR ESR PR NG e i fecl Bl LG i G0 pobodat Py Smontbhepey
and the deyidt of greetss22lo geRfatEdBmobthed WG hgd Tebdi o tld dudid 8T ['?]<&s§<t: h
< the

greater than one, neaning the signal is boosted, and when~ro
gain i s Feast@hihthsmbseneg ahs rryet fhe timgsmdothinzandydrmyandakt affidk dnidmeslow

var yifg gdédie GharheteAst dite! il PN a3 Q@!ﬁ?&t}ﬁ;e ohgﬂfl%ﬁﬁ ?gﬁnjleeém;s?wt

"Mul tiply" device or process 28 where it’is ki ed"w'th each
bl ock of Cenwolsbignallc[4f] inpt andéorpn Fthitaliza Hpt nped Biediime@Raht hitrot

i N 21 (sgfa Eﬁrti‘] irzq)y't 30 Al though as dgﬁ{:eri bed, the gain nodification
par anet el Tt - EPY TRBUENES CT Y SR @& Hie ime cqpgfants employed in the Smooth
2008/ 051B4VHPCT /ttJB2 Bdekkd BPdrithe o2durrence of a reset, as described above. The Initialize

Lit] input may cause the output of the Smooth Level 22 to assume a stored or default

20 value L, upon occurrence of a reset, as described above. The Smooth Level 22 output
L[¢] is applied to an “Apply Input/Output Function F .” device or function 24 and to a
“Compute Gain” device or function 26, Device or finction 24 applies the function
described in connection with FIG. 4 to provide a desired output level L_,[f] (see Eqn. 5).
The Compute Gain 26 computes the gain G[¢] from the difference between the output

25  level L[] and the input level I[z] (see Eqn. 6). When L, [¢]> L[¢], the gain is greater
than one, meaning the signal is boosted, and when fm, [11<ZL[¢], the gain is less than one,

meaning the signal is attenuated. The titne varying gain G[¢], a modification parameter,
is then applied to “Multiply” device or process 28 where it is then multiplied with each
block of the signal x[1,{] to produce a modified audio signal y[» + tN/21 (see Eqn. 2).

30  Although as described, the gain modification parameter G[1] is frequency independent, a



frequency- dependent gain nodification paraneter, b,|] my be
conputed in which b is a band index. In this case Conpute Level 20
may conputworobgiReE4ency-dependent instantaneous signal pEvg200T6747]
Snmoot h Level 22 nmay provide a frequency-dependent output -1,[b,t]
(its control inputs Tinme Constant Control Signal c[t] and Initialize
TE[t] 5 may al so be frequency dependent), Apply Function F Aac may
apply a frequency- dependent function,,and Conpute Gain 26 provides a
frequency-dependent tine-varying gain‘@b,t]. Inplenmentation The

| nvent | offrgandpaldpRIcANEAh esbdificalish BHARRIRTGIBON SR coffpufld in which bis
conbi nation of 10both (e.g., programmable |ogiC arrays).” Unless

ot her wi s&@ bépe&ideiedn thineasa Cgomvteiyel 2@ mad sdmastepairequeficyt-dependanent i on

: _ . -
ppar ot ud REREL SREIEE Zuf e Mo Lo 22 BV e tapppnsont

used W t Buipuo@BIE (inoEnﬁr@ﬂin%:Gts aGHR CIARGH Mbritfd] Slfal &g%h&giﬁaﬁ% f&’?hs

or it may be nore convenient to construct nore speciallzed appar
(e.g.? i maygisetedfregueney dependant)) dpbyrfurclien R GUINgpRly dRédresicyst eps.
Thus, the invention, ma i npl enented in one or nore conputer

pr ogr ans%ggfé’gﬁ?ti 1!f‘ll::'fp‘t?r'?’ %’FFESB‘?’%@%%BMFFFF&BI@%WC@%‘P“@Etlmaaeioa
conpri si gginad[d,gast one processor, at |east one data storage system

(including volatile and non-vol atile nmenory and/ or storage el enents),
at | east one input device or port implaenintibeast one out put device or

port. Progr am@%ehﬁoﬁﬁﬂkib%%%:%rﬂeﬂféﬁtin flata aieoops%hwép %éggﬂ%ié@g&&%?

descr | beg 20 herein and_géenerate output Information. p
i nf of Yat PEH (& -appsrmmabls logls agryHo Lnles oferwide spasified, the atgooithms

fashi on. included 2536 of HenPigh 3R r{H@Yn}Q?enitlan%l?gEﬂ Q% ?%Fzgrﬁg]ﬂéﬂ/ cgci? 1:i>urteerdor

conput er | anguage (i ncluding machine, ass I
pr ocedur SMeT FRRGTAAY Ingrartyiascyarions eertesal-pyrinse amachings mam deagakyith o

COMUNI Cptcgrithd Writtes BIRRbRIanSY S B Be tbdk ’ 20&:08Y
be a co @i(I%;d or l.]li ﬁt er pr etg?i Iangug te&mxh&aeéggﬁhgﬁah ec%‘?r%&%g?emg&

pr ogr am FECPEPLRYP preialized coppreps intearrsed eirruitsktoqesigen thediequioed
devi T® ( nethod stepsi Thes, ALInVBIIRINYMSY béBtH1ameREd TBORSinfor® E%lﬁg&tiepa'

medi a) readabl e by a general or special gurpose progr amma
conput er PPEHMESIFFTRE PhePH A os St Rpablecorpr seftemmeashichmpsisiogay e

nedi a or leendne®rocesioRad 1dkt SRRILDINYLE Ly BHS Eiﬁ&héﬂg%m%?{ dRr rE?nL\rb?atiIe
proceduresm?)gfgr@ bed herein. The jnventive systemmay al so be

. ys
consi der B /or3iprage plemgnis) ableag ope i doveren rors eod algeastoné omtput

conf i gur eéelvivd dripodt. FREPUirLEdR I L ARE tMMBLEIRDR SR AT fe RRGEMD &Scribed
com;%(?ur d cauaes a CS’SEF}H er. systemto operate in a specific and

pr ed®l i nBFCIEASEEI BRI infPIRion, be oyt infemnatioads srplist ko oneam more
2008/ 05134phTevides QR khoRA Tékhion. 22 - A nunber of enbodi ments of

t he i nvention h&\\%e Feen described. . Nevertheless, it wll be
under st ood t hataVEeR BTRETS Fa kedimplientsd inaay dasited sopmutsr langpese i ng
from t he(isguding resctinecapemblly, 6rtdgh RVEIErb&durd,AbeRXAIPIFect DRERET t he

e L e R T SR
25  language may be a compiled or interpreted language.

Each such computer program is preferably stored on or downloaded to a storage
media or device (e.g., solid state memory or media, or magnetic or optical media)
readable by a general or special purpose programmable computer, for configuring and
operating the computer when the storage media or device is read by the computer system

30  to perform the procedures described herein. The inventive system may also be considered
to be implemented as a computer-readable storage medium, configured with a computer
program, where th; storage medium so configured causes a computer system to operate in

a specific and predefined manner to perform the functions described herein.



PCT/ US . 2007/ 020 747 - 19-11-2008 PCT/ US2007/020747- 23 - A8/26622 WD
EP G ains as further amended under Article 34 PCT 5 -1. A nethod for
processi NGy {f7signal, conprising al tering ther %0657 of
t he audi o signa |n accordance with a dynam cs control process,
detecting an occurrence in the tenmporal evolution of the audio signal
in which the I evel of the audio signal decreases by an anount greater
than a difference threshold, Leap, 10 yithin ate interval no greater
than a second tinme threshold, tdm,, wierein said detecting detects

the decrease iAnugivel ofedmbiddementslbPths igation Bavd Habd adckib¥a OfeddrRBIEN G
bands, and rESEttIEﬁEdE§8?§nan]C control rocess in response to said

det ecti ng’ WillpE upders PR mgdifisatians maybermadenuithons dppardng fom the

15det ect ispiitand @amﬂdfﬁi‘ﬁhﬁvbdt: onh &ok emmma,l soféAfd BEpsesértiRadeliPmay be
signal in i.0 sigpal renalns bel ow a

t hr eshol FTF4T rap‘f’mj‘m.t a“fi lﬁfﬁﬂ%ﬁtpe °‘E“? injap opgeg Jitierentdrsn that d?sﬁahefh
firstStine threshold, t,,;, and resetting the dynam cs control
process in response to said detecting. 203. A nmethod according to
claiml or claim2 wherein resetting the dynam cs control process
speeds up the rate at which the dynam cs processing adapts to changes
in the input signal. 4. A nethod according to any one of clains 1-3
wherein resetting the dynam cs 25 control process sets the val ue of
one or nore process-controlling paranmeters or a signal of which such
one or nore process-controlling parameters are a function to a stored
or default value. 5. A nethod according to any one of claim1-4
wherein resetting the dynami cs control 30 process shortens the val ue
of one or nore tinme constants enployed in determ ning one or nore
process-control ling paranmeters or a signal of which such one or nore
process-controlling paraneters are a function. NAA18. 01AA826622. 1212C
- 19. August 2008 / 14:35 ceived at the EPO on Nov 19, 2008 10:51: 37.
Pr - AVENDED SHEET



1,1" rs, PCT/US 2007/020 747 - 19-11-2008 PCT/ US2007/020747- 24-

‘A8/ 26622 WO EP 6. A nethod according to any one
. further conprising recei ving an externally- ?ﬁmg&%@%‘?‘?ﬂ 19-11-2008

trigger signal indicating a change in the audi o signal, and resetting
the dynanics control process in response to the reset trigger S|gnal

7. A net hqstggggg@;,mm@ claim®6 wherebf.the reset triggeg, %6?451 %Eﬁ,
t he

i ndi cates one or more of the act of a user changing a chann

act of a user changing input Ssources, the act of a user selecting a
play, rewind or forward _functiaqn, the s tchln of, one file to

anot her, a change in prgd?%astfwg Sl eﬂd‘“&?’ c'ﬁggpt‘;—%odl ng

f or mat to another, and | Sa change in codi ng paraneters. _
Appar at us conpri sing neans adapted to carry out the steps of the

met hod of any one of clainms 1 through 7. 209. A conputer program
stored on a conputer-readabl e medium causi ng a conputer to carry out

the steps. of the ANhRiHe @orfﬂro&@.é:in%&?aﬂflo ﬁgﬁdl rE’émpn%m hrough 7,
WANRONAAB26622 DOC 19. August ei ved t he EPO on Nov
19, 2008 10: 51 2Heringshe dyna:mcs of the audio signal in accordance with a dynamics control
process, ' _
detecting an occurrence in the temporal evolution of the audio signal in which the
level of the audio signal decreases by an amount greater than a differcnce threshold, Lirop,
10  within a time interval no greater than a second time threshold, £, wherein said detecting
detects the decreasc in level of the audio signal in a plurality of frequency bands, and

resetting the dynamics control process in response to said detecting,

2. A method according to claim 1 further comprising:’_

15 : : ‘detecting an occurrence in the temporal evolution of the audio signal in

. which the level of the audip sigﬁal remains below a threshold, Liznce,-

throughout a time iilt_erval no shorter than a first time threshold,' Lsilences @0

resctting the dynamics control process in ieSpOr;Se to said detecting.

20 3. A method according to ¢laim 1 or claim 2 wherein resetting the dynamics coaﬁo]

. process speéds up the rate at which the dynamics prdcessing’ adapts t6 changes in the input
signal. “

4. A method accordmg to any one of claims 1-3 wherein resetting the dynamics
25" control process sets the value of one or more process-controlling parameters or a signal of
' which such one or more procgss-controllmg parameters are a function to a stored or defanlt .

value.

5. A rnethod according to any one of claim 1-4 wherein resetting the dynamics control
30° proceés shortens the value of one ar more time copstants employed in determining one or
more process-controlling pa:an’ieters or a signal of which such one or more process-

controlling parameters are a function.

NAAROVWAAS26622.D0C - 19, August 2008 / 14:35

cei\(ed at .the EPO on Nov 19, 2008 10:51:37. Pr AMAEF:JISED SHEET
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6. A method according to any one of ¢laims 1-5, further comprising
receiving an externally-supplied reset trigger signal indicating a change in the audio
signal, and ' .

5 * resetting the dynamics control process in response to the reset trigger signal.

7. A method according to claim 6 wherein the reset trigger si gnal indicat;:s one or
more of '
7 the act of a user changing a channel,
10 - the act of a user changing input sources,
| thé act of a user selecting a play, rewind or forward funetion,

T thev switching of one file to another,
a changé in program,
the switching of 6ne audio coding format to_andther, and

15 : . achange in coding parameters.

8. Apparatus comprising means adapted to carry out the steps of the method of any
ope of claims 1 through 7. | |

-

P

20 9. A computer program, stored on a computer-readable medium causing a computer

to carry out the steps of the method of any one of claims 1 through 7.
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