WO 2007/ 127023 PCT/ US2007/ 008313 -1 Description Audio Gain Control Using
Speci fi c- Loudness- Based Auditory Event Detection 5 Technical Field The
present iweeniirm2sel ates to audi o dynam ¢ range controlpcrrishexsossns
apparatus in which an audi o processing devi ce anal yzes an audi o signal and
changes the |evel, gain or dynam c range of the audio, and all or sone of
the paraneters of the audio 10 gain and dynam cs processi ng are generated
as a function of auditory events. The invention also relates to conputer
prograns for practicing such nethods -ok-controlling such apparatus. The
present invention also relates to p@gg '{;md apparatus using a specific-
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Background Art
Dynamics Processing of Audio _
The techniques of automatic gain control (AGC) and dynamic range control

(DRC) are well known and are a common element of many audio signal paths. In an

20  abstract sense, both techniques measure the level of an audio signal in some manner and
then gain-modify the signal by an amount that is a function of the measured level. Ina
linear, 1:1 dynamics processing system, the input audio is not processed and the output
audio signal ideally matches the input audio signal. Additionally, if one has an audio
dynamics processing system that automatically measures characteristics of the input

25  signal and uses that measurement to control the output signal, if the input signal rises in
level by 6 dB and the output signal is processed such that it only rises in level by 3 dB,
then the output signal has been compressed by a ratio of 2:1 with respect to the input
signal. International Publication Number WO 2006/047600 Al (“Calculating and
Adjusting the Perceived Loudness and/or the Perceived Spectral Balance of an Audio

30  Signal” by Alan Jeffrey Seefeldt) provides a detailed overview of the five basic types of
dynamics processing of audio: compression, limiting, automatic gain cgntrol (AGO),

expansion and gating.



expansi on and gating. W) 2007/ 127023 PCT/ US2007/ 008313 2 Auditory Events
and Auditory Event Detection The division of sounds into units or segnents
per cei vedwveoseRasat e and distinct is sonetinmes referredriu@s/oissusli t ory
event anal ysis" or "auditory scene analysis" ("ASA') and the segnents are
sonetinmes referred to as "auditory events" or "audio events." An 5
extensi ve di scussion of auditory scene analysis is set forth by Al bert S
Bregman in his book Auditory Scene Anal ysis--The Perceptual O ganization
of Sound, Massachusetts Institute o.fézTechnoI ogy, 1991, Fourth printing,
2001, Second M T Press paperback ediftion). In addition, U S. Pat. No.
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useful way | Itory evehts is”set h by Crockett and Crocket
et al Institweof deshipdegntl Oapofowtht proninga 200 hfseond MITtRygssimapethagihder t he
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audi o gclhélro\af O{rgé)dﬁnrgg{jsi %%tgﬁf Sugonﬁp%?z/é w:\@g%és, eac atgl),][ﬁ’ %ﬁilgh tén ée§t 0 be
per cei pablicasioss datimg backnid 19176 tas fiprtiqr dvtywdek mitateditp suad gesar@i@on by spect r al
cojpositi.on (anplitude as.a functi f f.requenc Lth res to tinme.
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conput ati onal | y demandi ng i npl enentation, the process_divides audio
A useful way to identify auditory events is set forth by Crockett and Crocket et al

in various patent applications and papers listed below under the heading “Incorporation
by Reference.” According to those documents, an audio signal is divided into auditory
events, each of which tends to be perceived as separate and distinct, by detecting changes

20 in specﬁal composition (amplitude as a function of frequency) with respect to time. This
may be done, for example, by calculating the spectral content of successive time blocks of
the audio signal, calculating the difference in spectral content between successive time
blocks of the audio signal, and identifying an auditory event boundary as the boundary
between successive time blocks when the difference in the spectral content between such

25  successive time blocks exceeds a threshold. Alternatively, changes in amplitude with
respect to time ma.y be calculated instead of or in addition to changes in spectral
composition with respect to time.

In its least computationally demanding implementation, the process divides audio

into time segments by analyzing the entire frequency band (full bandwidth audio) or

30 substantially the entire frequency band (in practical implementations, band limiting
filtering at the ends of the spectrum is often employed) and giving the greatest weight to
the loudest audio signal components. This approach takes advantage of a psychoacoustic

phenomenon in which at smaller time scales (20 milliseconds (ms) and less) the ear may



into tinme segnents by analyzing the entire frequency band (full bandw dth
audi 0) or 30 substantially the entire frequency band (in practical
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bl ock. The spectral content of succeSsive blocks is conpared and changes
great er t hanvuditory event detection may be implemented by dividing a time domain audio

‘waveform into time intervals or blocks and then converting the data in each block to the
20  frequency domain, using either a filter bank or a time-frequency transformation, such as
the FFT. The amplitude of the spectral content of each block may be normalized in order
to eliminate or reduce the effect of amplitude changes. Each resulting frequency domain
representation provides an indication of the spectral content of the audio in the particulér
block. The spectral content of successive blocks is compared and changes greater than a
25 threshold may be taken to indicate the temporal start or temporal end of an auditory event.
Preferably, the frequency domain data is normalized, as is described below. The
degree to which the frequency domain data needs to be normalized gives an indication of
amplitude. Hence, if a change in this degree exceeds a predetermined threshold that too
may be taken to indicate an event boundary. Event start and end points resulting from
30 spectral changes and from amplitude changes may be ORed together so that event
boundaries resulting from either type of change are identified.
Although techniques described in said Crockett and Crockett at al applications and

papers are particularly useful in connection with aspects of the present invention, other



25 threshold may be taken to indicate the tenporal start or tenporal end of
an auditory event. Preferably, the frequency domain data is nornalized, as
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consecutive auditory event boundaries. The audible 20 inpairnents caused by

a gai n PEpRaste canvfiss igfreduce pudiblriatifadts; Lendhe ehierts abthedypamies giocessing
can introduce unwanted perceptible changes in the audio.
Auditory scene analysis identifies perceptually discrete auditory events, with each
event occurring between two consecutive auditory event boundaries. The audible
20 impairments caused by a gain change can be greatly reduced by ensuring that within an
auditory event the gain is more nearly constant and by confining much of the change to
the neighborhood of an event boundary. In the context of compressors or expanders, the
response to an increase in audié level (often called the attack) may be rapid, comparable
with or shorter than the minimum duration of auditory events, but the response to a
25  decrease (the release or recovery) may be slower so that sounds that ought to appear
constant or to decay gradually may be audibly disturbed. Under such circumstances, it is
very beneficial to delay the gain recovery until the next boundary or to slow down the rate
of change of gain during an event. For automatic gain control applications, where the
medium- to long-term level or loudness of the audio is normatized and both attack and
30 release times may therefore be long compared with the minimum duration of an auditory
event, it is beneficial during events to delay changes or slow down rates of change in gain

until the next event boundary for both increasing and decreasing gains.



auditory event the gain is nore nearly constant and by confining nuch of
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(the rel ease or recovery) may be slower so that sounds that ought to appear
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parameters may be generated at least partly in response to the presence or absence and

characteristics of one or more auditory events. An auditory event boundary may be

20  identified as a change in signal characteristics with respect to time that exceeds a
threshold. Alternatively, all or some of the one or more parameters may be generated at
least partly in response to a continuing measure of the degree of change in signal
characteristics associated with said auditory event boundaries. Although, in principle,
aspects of the invention may be implemented in analog and/or digital domains, practical

25  implementations are likely to be implemented in the digital domain in which each of the
audio signals are represented by individual samples or samples within blocks of data. In
this case, the signal characteristics may be the spectral content of audio within a block,
the detection of changes in signal characteristics with respect to time may be the detection
of changes in spectral content of audio from block to block, and auditory event temporal

30 start and stop boundaries each coincide with a boundary of a block of data. It should be
noted that for the more traditional case of performing dynamic gain changes on a sample-

by-sample basis, that the auditory scene analysis described could be performed on a block



paranmeters may be generated at |east partly in response to the presence or
absence and characteristics of one or nore auditory events. An auditory
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Aspects of the present invention are described herein in an audio dynamics
processing environment that includes aspects of other inventions. Such other inventions
20  are described in various pending United States and International Patent Applications of
Dolby Laboratories Licensing Corporation, the owner of the present application, which
applications are identified herein.
Description of the Drawings
FIG. 1 is a flow chart showing an example of processing steps for performing
25  auditory scene analysis.
FIG. 2 shows an example of block processing, windowing and performing the
DFT on audio while performing the auditory scene analysis.
FIG. 3 is in the nature of a flow chart or functional block diagram, showing
parallel processing in which audio is used to identify auditory events and to identify the
30  characteristics of the auditory events such that the events and their characteristics are used
to modify dynamics processing parameters.
FIG. 4 is in the nature of a flow chart or functional block diagram, showing

processing in which audio is used only to identify auditory events and the event



15 inpl ementati ons of ASA-controlled dynam c gain nodification using
processes or devices that may or nay not be calibrated to take into
account abeabetr7ieproduction |evels. Aspects of the presastoozovsnsi on are
descri bed herein in an audi o dynam cs processing environnent that includes
aspects of other inventions. Such other inventions 20 are described in
various pending United States and International Patent Applications of
Dol by Laboratories Licensing Corporation, the owner of the present
application, which applications are-fdentified herein. Description of the
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15  characteristics of an audio dynamic range compressor.,

FIGS. 9a-f show an example of the use of auditory events to control the release
time in a digital implementation of a traditional Dynamic Range Controller (DRC) in
which the gain control is derived from the Root Mean Square (RMS) power of the signal.

FIGS. 10a-f show an example of the use of auditory events to control the release

20  time in a digital implementation of a traditional Dynamic Range Controller (DRC) in
' which the gain control is derived from the Root Mean Square (RMS) power of the signal
for an alternate signal to that used in FIG. 9.
FIG. 11 depicts a suitable set of idealized AGC and DRC curves for the
application of AGC followed by DRC in a loudness domain dynamics processing system.
25  The goal of the combination is to make all processed audio have approximately the same
perceived loudness while still maintaining at least some of the original audio’s dynamics.
Best Mode for Carrying Out the Invention
Auditory Scene Analysis (Original, Non-Loudness Domain Method)

In accordance with an embodiment of one aspect of the present invention,

30  auditory scene analysis may be composed of four general processing steps as shown in a
portion of FIG. 1. The first step 1-1 (“Perform Spectral Analysis") takes a time-domain
audio signal, divides it into blocks and calculates a spectral profile or spectral content for

each of the blocks. Spectral analysis transforms the audio signal into the short-term
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believed to be a change in spectral content. In the third step 1-3 (“Identify location of

auditory event boundaries”), when the spectral difference between one spectral-profile
block and the next is greater than a threshold, the block boundary is taken to be an
auditory event boundary. The audio segment between consecutive boundaries constitutes

20  an auditory event. Thus, the third step sets an auditory event boundary between
successive time segments when the difference in the spectral profile content between such
successive time segments exceeds a threshold, thus defining auditory events. In this
embodiment, auditory event boundaries define auditory events having a length that is an
integral multiple of spectral profile blocks with a minimum length of one spectral profile

25  block (512 samples in this example). In principle, event boundaries need not be so
limited. As an alternative to the practical embodiments discussed herein, the input block
size may vary, for example, so as to be essentially the size of an auditory event.

Following the identification of the event boundaries, key characteristics of the

auditory event are identified, as shown in step 1-4,

30 Either overlapping or non-overlapping segments of the audio may be windowed
and used to compute spectral profiles of the input audio. Overlap results in finer
resolution as to the location of auditory events and, also, makes it less likely to miss an

event, such as a short transient. However, overlap also increases computational



time intervals. The first step, illustrated conceptually in FIG 1
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si gnal . Iwoaopragi2zcal enbodi ment, the ASA bl ock 10 si reTnmgodhmodsn®m any
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good tradeoff of tinme and frequency resolution. In the second step 1-2, the
differences in spectral content fromblock to block are determ ned
("Performspectral profile difference nmeasurenents”). Thus, the second
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concept ual represBnt at For® %fnplmoweﬂm)ppl ng N sanpl e bl ocks being
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generally to identify with sufficient accuracy the location and duration of auditory events.
However, setting the value of P to 256 samples (50% overlap) rather than zero samples
20 (no overlap) has been found to be useful in identifying some hard-to-find events. While
many different types of windows may be used to minimize spectral artifacts due to
windowing, the window used in the spectral profile calculations is an M-point Hanning,
Kaiser-Bessel or other suitable, preferably non-rectangular, window. The above-
indicated values and a Hanning window type were selected after extensive experimental
25  analysis as they have shown to provide excellent results across a wide range of audio
material. Non-rectangular windowing is preferred for the processing of audio signals
with predominantly low frequency content. Rectangular windowing produces spectral
artifacts that may cause incorrect detection of events. Unlike certain encoder/decoder
(codec) applications where an overall overlap/add process must provide a constant level,
30  such a constraint does not apply here and the window may be chosen for characteristics
such as its time/frequency resolution and stop-band rejection.
In step 1-1 (FIG. 1), the spectrum of each M-sample block may be computed by

windowing the data with an M-point Hanning, Kaiser-Bessel or other suitable window,



domain by the Discrete Fourier Transform (DFT). Each bl ock may be w ndowed
and transfornmed into the frequency domain, such as by using the DFT,
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subtracted from the corresponding coefficient for the preceding block, and the magnitude
of the difference calculated (the sign is ignored). These M differences are then summed
to one number. This difference measure may also be expressed as an average difference
per spectral coefficient by dividing the difference measure by the number of spectral
20  coefficients used in the sum (in this case M coefficients).
Step 1-3 identifies the locations of auditory event boundaries by applying a
threshold to the array of difference measures from step 1-2 with a threshold value. When
a difference measure exceeds a threshold, the change in spectrum is deemed sufficient to
signal a new event and the block number of the change is recorded as an event boundary.
25  For the values of M and P given above and for log domain values (in step 1-1) expressed
in units of dB, the threshold may be set equal to 2500 if the whole magnitude FFT
(including the mirrored part) is compared or 1250 if half the FFT is compared (as noted
above, the FFT represents negative as well as positive frequencies — for the magnitude
of the FFT, one is the mirror image of the other). This value was chosen experimentally
30 and it provides good auditory event boundary detection. This parameter value may be
changed to reduce (increase the threshold) or increase (decrease the threshold) the

detection of events.



WO 2007/ 127023 PCT/US211117 /11118 31 3 -10 converting to the frequency
domai n using an Mpoint Fast Fourier Transform and calculating the

magni t udewof2éte7@enpl ex FFT coefficients. The resul t anpcaaisani7®08313

normal i zed so that the |largest magnitude is set to unity, and the

normal i zed array of M nunbers is converted to the | og domain. The data may
al so be nornalized by sone other 5 netric such as the nean magni tude val ue
or nean power value of the data. The array need not be converted to the

| og domai n, but the conversion sinplifies the calculation of the

di fference ﬁ?sure in %i 1-2. Furthernore, the | og domain nore closely
mat ches Aroesss of Fl{el WYSW‘E‘W@%E@?WM%BY thessavivalgnt| og domai n

val ues ahaygexﬁedtaaﬂﬂc@fs 2 4HéSs. 1 T, ts)éaﬁ Budib rsi%nai i aa@p%@ﬁ{ b&@heﬁﬁ*&ﬁd' ment,
a lower lint may be i mposed on the 1 range ot values; the limt may be

fixed, ¥‘1?Pﬂékéﬁﬁlt@‘y BengsS, fupetiopeor sterydrd ribot divisien thanudie SIgn@lfmtmudnw | ower
audi bi lei;dnts, cgacﬂHf G/thl&lollé 85t %&}%lg&gas ratd S0 (fllsﬁnq&%ﬂglt@ﬁn oé{\?ﬁaq that it

woul d be possible to re ucet Sl ze of earrayto the FFT
rep? es emegtlf)hﬁbmapwsass mfst?xudlwy;ﬁ)@nts f@ndtxoaqm@tm %*2) Thempegeess of EXF.Clul at es
a neas C ks. For
cach b usisY oty b uRilre 360 hihal 15, S0BEGHY yBlus AR R hapedreiefS S

subt ra@d@dﬁbd@nsome odmrrsastﬁdaqut@ss:maj'blecenmhdwddorrhdmldnbace\wnng bl ock, and

the ma of, .t.he di.ffer. cul.at the n. s ignored These M
i 1 1 or Segon, niC et e & AP0 e Blfork et Pdp s, BEREE RS LV ey
aI SO bé’uxmtlpheﬁsmjb 33 iatheaused gemdiify eiennlkio dpm&p@eddeadm@paﬁfﬂet‘ére nt by
di i fference neasure by, the nunh ctral 20 coetf|C| ents

st} RPhehaS affht, PSR won st epirete P oty ERR S RAERARRCs ¢ ho
| oc at i dmsctioh oéthpt 0By TR @ptiohgIundaitife €hlvactRistivé NBindtiort bF ﬁéﬂfl elxhlk® the
array of dlfferen e nmeasures frogmste a thresh val ue, When a

dgto

d
di f f er STREL/SHENR LY, Exentdn r?‘ﬁ?%%hgh‘g“ldﬁﬂggcgg grgetersticsp ‘it‘t?ﬁ‘]qr§ Peenmred

suf f i ci3eNinaly@hasicariak s&n@%ﬂaﬂ\kﬁ’mﬁe Alifito P'ﬂﬁvemté)ﬁiﬂ oﬂélﬁpﬁforQEha{r&%ﬁiiﬁgge i's
recorded as an event boundar 25 For the val ues of g% ven above and

for | ogughFharacterptirsangy inclydspnidentifisatipa o the dqrﬁlr@m Stt@bam het he
t hI $s h%ﬁ@ltd@)évéﬁt a€lieRAival id Qorgégﬁoﬂ {wt'hhﬁe E“b@%@s S, tlu%e'%'ﬁlrac(éﬂ&ﬁlcéjd' ng

the mrrored part) is conpared or 1250 if he FFT is conpare
not ed MEYAMS inchslemy or epgre sedioscharagtaristies, declpding, fos epample e@nerasverqﬁncu es -

for theopRps: Mé%ﬁdu&é' Lt %Flﬁeasg&eof :ﬁn}glﬂﬁd%f' {h%rauhfm’glee\%kt LHfeRLRESY - This

val ue S chosen ex rimen
the spectral ﬂatness of the audltory event, and whether the auditory event is substantially

silent, or other characteristics that help modify dynamics parameters such that negative
20  audible artifacts of the processing are reduced or removed. The characteristics may also
include other characteristics such as whether the auditory event includes a transient.

Alternatives to the arrangement of FIG. 3 are shown in FIGS. 4 and 5. fn FIG. 4,
the audio input signal is not applied directly to the “Identify Characteristics” function or
step 4-3, but it does receive information from the “Identify Auditory Events” function or

25  step 4-1. The arrangement of FIG. 1 is a specific example of such an arrangement. In
FIG. 5, the functions or steps 5-1, 5-2 and 5-3 are arranged in series.

The details of this practical embodiment are not critical. Other ways to calculate
the spectral content of successive time segments of the audio signal, calculate the
differences between successive time segments, and set auditory event boundaries at the

30 respective boundaries between successive time segments when the difference in the
spectral profile content between such successive time segments exceeds a threshold may

be employed.



30 and it provides good auditory event boundary detection. This paraneter
val ue may be changed to reduce (increase the threshold) or increase

(decr easewbheotfar@shol d) the detection of events. WO 2@0T/uk2000288313

PCT/ US211117 /11118 31 3 -11 The process of FIG | may be represented nore
generally by the equivalent arrangenents of FIGS. 3, 4 and 5. In FIG 3,
an audio signal is applied in parallel to an "ldentify Auditory Events"
function or step 3-1 that divides the audio signal into auditory events,
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dynanldbupwsaneters such that negative 20 audible artifacts of the
processi ng are reduced or- renoved. The characteristics may al so include
ot her characteristics such as whether the auditory event includes a

transient. n F:G 3 are shown in FIGS. 4
and 5. In FI g[égf lj‘é[xaudl]g‘(li ﬂmﬂg‘ﬂgﬁﬁ%ﬂ '%’f pplied directly to the
"ldentify Characteristics” functl on or step 4-3, but it does receive

i nflérmation from€le "Identify Auditory Events" function or 25 step 4-1.
The arrangenent of FIG 1 is a specific exanple of such an arrangenent. In

FIG 5, the functions or steps 5-1, 5-2 and 5-3 are arranged in series.
where X[k,¢] represents the STDFT of x[n] at time block ¢ and bin k. Note that in

equation 1 ¢ represents time in discrete units of transform blocks as opposed to a

continuous measure, such as seconds. T[] represents the frequency response of a filter
20  simulating the transmission of audio through the outer and middle ear, and C,[k}

represents the frequency response of the basilar membrane at a location corresponding to
critical band b. FIG. 6 depicts a suitable set of critical band filter responses in which 40
bands are spaced uniformly along the Equivalent Rectangular Bandwidth (ERB) scale, as
defined by Moore and Glasberg. Each filter shape is described by a rounded exponential
25  function and the bands are distributed using a spacing of 1 ERB. Lastly, the smoothing
time constant 4, in equation 1 may be advantageously chosen proportionate to the
integration time of human loudness perception within band b.
Using equal loudness contours, such as those depicted in FIG. 7, the excitation at
each band is transformed into an excitation level that would generate the same perceived
30  loudness'at 1kHz. Specific loudness, a measure of perceptual loudness distributed across

frequency and time, is then computed from the transformed excitation, E,,, [b,?], through



The details of this practical enbodinment are not critical. Qther ways to
calculate the spectral content of successive tine segnents of the audio
si gnal , owbeuéraken28he differences between successive tipge/Se@gnmogss; and
set auditory event boundaries at the 30 respective boundaries between
successive tine segnents when the difference in the spectral profile
content between such successive tine segnents exceeds a threshold may be
enpl oyed. WO 2007/ 127023 PCT/US211117 /11118 31 3 -12 Auditory Scene
Anal ysis (New, Loudness Domai n Met hod}3-International application under the
Pat ent Cooperation Treaty S.N  PCT/US2005/Q3 8 5 7 9, filed. October 25,
2005, BRGNS Hogi T OBt P PaaRIE SRR R SR IR PEROA
entitl eNps,Epds@il@ibytg and Adj usting the Perceived 5 Loudness and/or the
Percei ved Spectral Bal ance of an Audio Signal"™ by Al an Jeffrey Seefeldt
di scl oses, anong ot her things, an objective neasure of perceived | oudness
based on a psychoacqustic e?ﬁ Said application is hereby incorporated

by referenceyjp :l]_'t:% nbilbaly.
audi o signal, xf ] lanTexgitatio signal E[b,t] is conputed that

approxi mates the distribution of” energy along the basilar 10 nenbrane of

t hesi nner ea(rzt)at critical band b during tinme block t. This excitation may
be conputed fromthe Short-tinme Discrete Fourier Transform (STDFT) of the
audio signal as follows: E[b,t] = AbE[b,t

STOFT of AT ALt ' MISeha i buldhafny b el fiEhe, Fldg b pReF ° 17

r epr es aniteh igrd®thi of 16h&E 082 Wb cbRe@bd hbANSHETiINY Bk RGBS ABPRARY, Hifis @
cont i nyous neasurg, such as seconds. T[Kk] represents the frequency response

of a filfangforomtip EXGtptioRdo sPeaileiaidness teay bripresented BYidre fumetiout er and
m qgl e \@a}r}, sidnsP[ k]  represents the frequency response of the basilar
menbrane ‘dt a | ocation corresponding to critical band b. FIG 6 depicts a
suitable set of critical band filter responses in which 40 bands are
spaced uniforply. al t he Equi val ent Rectangul ar Bandw dth (ERB) scale, as
defi ned by ’é]ﬁﬁg&%bd erg. Each filter shape is described by a rounded
exponenti al

described in said application, froman

Finally, the total loudness, L[¢], represented in units of sone, is computed by summing

15 the specific loudness across bands:

Lit] = 3 Nib,1]
b
(3)

20 The specific loudness N[b, ] is a spectral representation meant to simulate the
manner in which a human perceives audio as a function of frequency and time. It
captures variations in sensitivity to different frequencies, variations in sensitivity to level,
and variations in frequency resolution. As such, it is a spectral representation well
matched to the detection of auditory events. Though more computationally complex,

25  comparing the difference of N[b,¢] across bands between successive time blocks may in
many cases result in more perceptually accurate detection of auditory events in
comparison to the direct use of successive FFT spectra described above.

In said patent application, several applications for modifying the audio based on
this psychoacoustic loudness model are disclosed. Among these are several dynamics

30  processing algorithms, such as AGC and DRC. These disclosed algorithms may benefit



25 function and the bands are distributed using a spacing of 1 ERB. Lastly,
the snobothing tine constant .lb in equation 1 nay be advantageously chosen
proporti onet2eote7é2Be integration tinme of human | oudnesecparse@piongsns Wit hi n
band b. Using equal |oudness contours, such as those depicted in FIG 7,
the excitation at each band is transforned into an excitation |evel that
woul d generate the sane perceived 30 |oudness at 1kHz. Specific | oudness,
a nmeasure of perceptual |oudness distributed across frequency and tinme, is
then conmputed fromthe transfornmed expitation, EJb, t] , through WO

2007/ 127023 PCT/ SZ%%ll? /11118 31 13 -13 a c.or’%()ir essive non-linearity. One
such sOPPRBISP ?\rytetyeetggﬁﬁ?‘étr? REICHR BFSPPBtC RAATREIE™- Nj9sapie i s gi ven
by: Mospdcific lotmdhess\viX alioadsl conbputddlit I reidilyavalibisle ForltRe purpdse oflgiebipgshol d

i n quiet, at 1kHi) an? t he c?nstant 3%43 an g are chosen to mtch growth of

| oudneS¥AEXFRsa Dyl A gtarred rmbodimrnt e disseispdbaloy. Abstractly, this
transformation fromexcitation to specific | oudness may be presented by the
function 10 "F { } such that: Nb,t] =T {E(b,t]} Finally, the total

| owiness, L[ 14udiocByrassics FnocassiigiRayansetes Srantral yidodpditey Byengéurmi ng 15
the specifi enb@uﬁmﬁf}%s Bf EABBARARSor th fvontibn Mdhow brosBtel Mg Birdine

speci fic | oudness b, t] Is a spectral representation neant to sinulate
the nénsseibes thesec agdionyeyepisrie spntesl the déleasadinge inmdigitahingflementgtiemcy and
tinme. i afi ' i tivity. i f.f.er,ent e nei es,

vart at Pl HAHE Raod8LRLAINEIIC R e daib BoifkoliF BB fERIGERLEP

r esol uMem, SQgre (RMS) ippwies o fithepemial. aThe sgoed embatlinoent \desdribesstieccisedbft 0 t he

d ' ' . T h ' |.l. 25
e R S SR R g e e o
bl ocks andPR@ implemyentabwithinaha kcontert oftthe ppehoemugdat londaessunailel det ecti on of

audi t OﬁXsc%i\ﬁetha%m'/eg These two embodiments are meant to serve as examples of the

invention only, and it should be understood that the use of auditory events to control

parameters of a dynamics processing algorithm is not restricted to the specifics described
15  below.

Dynamic Range Control

The described digital implementation of a DRC segments an audio signal x[n]

into windowed, half-overlapping blocks, and for each block a modification gain based on
20  ameasure of the signal’s local power and a selected compression curve is computed. The
gain is smoothed across blocks and then multiplied with each block. The modified blocks
are finally overlap-added to generate the modified audio signal y[n].
It should be noted, that while the auditory scene analysis and digital
implementation of DRC as described here divides the time-domain audio signal into
25  blocks to perform analysis and processing, the DRC processing need not be performed
using block segmentation. For example the auditory scene analysis could be performed
using block segmentation and spectral analysis as described above and the resulting
auditory event locations and characteristics could be used to provide control information
to a digital implementation of a traditional DRC implementation that typically operates on
30  asample-by-sample basis. Here, however, the same blocking structure used for auditory
scene analysis is employed for the DRC to simplify the description of their combination.
Proceeding with the description of a block based DRC implementation, the

overlapping blocks of the audio signal may be represented as:



conparison to the direct use of successive FFT spectra described above. In
sai d patent application, several applications for nodifying the audi o based
on this yweyelmacnastic | oudness nodel are disclosed. Apomgstéesessas e
several dynamics 30 processing algorithnms, such as AGC and DRC. These

di scl osed al gorithnms may benefit WO 2007/127023 PCT/US211117 /11118 31 3
-14 fromthe use of auditory events to control various associ ated
paranmeters. Because specific |loudness is already conputed, it is readily
avai l abl e for the purpose of detectisgs-said events. Details of a preferred
enbodi ment are di scussed bel ow. 5 Audi o Dynam cs Processi ng Paraneter
Control with Auditory Events Two exanpl es of enbodi nents of the invention
are now presgpt@d g nfdnsy2) descri beggyt heguse<aly -auditory events to
control the reléase fime in a digital inplementation of a Dynanic Range
Controller (BRC) in which the gain control is derived fromthe Root Mean
Square (RM5) power of the signal. The second enbodi nent describes the use
of 10 auditory events to control certain aspects of a nore sophisticated
conbi naitepenADis théblochriendiRand i leopeizeddMi2 t Min] ihthe adnd@w] » 3fthe hanple
psychoacoustic | oudness npdel described above. These two enbodi nents are
neant teeXevithindhe blogkmprd? istthe Block index Anpigihgheye £ isnged in dg samg Wy

under st;QfH dhaisTiher ﬂ? sq&_ftioﬁl{? itlrOpRbs GNERES ih AieRIE bRits o PRIbARELAIS t1kin @

dynam cs processing algorithmis hot restricted to the specifics described
15 bel gogondyfanesaraleye Idvstyrbe window edel itaness i zsire at bothshdnhant mie of a
DRC se nts a di o, signal..x[ nl. i nt o w ndowed,. hal.f -over| ing bl ocks,
and T ornEacThrheBOY SRR Mt dieto bl R s M BB P Y e

si @0al 'csitdrizg &br xamgrle.and a sel ected conpression curve is conputed. The gain
i s snoot hed acr os | ocks and then nultiplied with each bl ock. The nodified
bl ocks are c?rr?éFﬁPP PP A FAmPUle r%M% RAEETHB EERFBY AR si gnal
y[n]. hheashRuUe] hedB@eeBlockhat while the auditory scene analysis and
digital - inplenentation of DRC as described here divides the tinme-domain
audi o signal into 25 blocks to perform analysis and processing, the DRC

processi ng need not be fgrmed using bl ock segnentation. For exanple the
audi tory scepg]anad®sss0 2lpﬁ,t%rformad usi ng bl ock segnentation and
spectral analysis as desd¥iseéd above and the resulting

15 ).

As mentioned earlier, one could smooth this power measure with a fast attack and slow
release prior to processing with a compression curve, but as an alternative the
instantaneous power P[t] is processed and the resulting gain is smoothed. This alternate
20  approach has the advantage that a simple compression curve with sharp knee points may
be used, but the resulting gains are still smooth as the power travels through the knee-
point. Representing a compression curve as shown in Figure 8c as a function F of signal

level that generates a gain, the block gain G{¢] is given by:

25 Gl7] = F{PIr]}
(6)

Assuming that the compression curve applies greater attenuation as signal level increases,

the gain will be decreasing when the signal is in “attack mode” and increasing when in

30 “release mode”. Therefore, a smoothed gain G[t] may be computed according to:



auditory event |ocations and characteristics could be used to provide
control information to a digital inplenentation of a traditional DRC

i npl ementwbi20ev/2h@t typically operates on 30 a sanpl e- bpcsaspdos/obssss s.

Here, however, the sanme bl ocking structure used for auditory scene
analysis is enployed for the DRC to sinplify the description of their

conbi nation. Proceeding with the description of a block based DRC

i npl enentation, the overl appi ng bl ocks of the audio signal may be
represented as: WD 2007/127023 PCT/ USpg1117 /11118 31 3 -15

x[n,t] =W n] xfn+LM /2]_for O <n <M1 (4) 5 where Mis the block Iength and
t he hopsi ze ¥§Im el I FH-ils G heltlGldbw, n is the sanple index within the
bl ock, and t,is the block index (note that here t is used in the sanme way
as with the(gzﬂ?)FT in equation 1; it represents tine in discrete units of

bl ocks rather than seconds, for exanple). ldeally, the wi ndow w{n] tapers
to zerq .,at both ends and suns to wunity when hal f-overlapped with itself;

t he comeﬁ?y used sine wi ndow neets these 10 criteria, for exanple. For
each bl ock, one t hens ]oggifgl he RVMS power to generate a power neasure
P[tP in dB pe[t]b;%:/ﬁ%“."‘ P[LLPF(:1 oﬁfe)(-L Xz (n, t] M 15 (5) . As nentioned
earlier, one coul&-s#vot tl%ﬁs[’p r measure with a fast attack and sl ow
rel ease pri 0 processing with a conpression curve, but as an alternative
the instantaneous power P[t] is processed and the resulting gain is

snoot hedd This alternate 20 approach has the advantage that a sinple
conpression curve with sharp knee points may be used, but the resulting
gains are st®lksesibBuhcras the power travels through the knee- point. ,
Repr esent i ng(l7@ conpression curve as shown in Figure Sc as a function F of
signal |eve %hat generates a gain, the block gain Gt] is given by: 25
didp = F{P[t]} (6) Assuming that the conpression curve applies greater
att enuat.i qp zﬁ sig&gl | evel- i ncreases, _the gain will_ be decreasing when

t he si ?ﬁ%? Y- $hq smocihed gpinfrldb-whish 15 indB: ds pprjisfesasiy block of the signal,

and the modified blocks are overlap-added to produce the modified audio:

sl + M /2] = (10792 Y, 1+ 107UV W 1 a1 12,0 ~1] for 0<n <M /2
15 ®)

Note that because the blocks have been multiplied with a tapered window, as shown in
equation 4, the overlap-add syntheéis shown above effectively smooths the gains across
samples of the processed signal y[n]. Thus, the gain control signal receives smoothing in
20  addition to that in shown in equation 7a. In a more traditional implementation of DRC
operating sample-by-sample rather than block-by-block, gain smoothing more
sophisticated than the simple one-pole filter shown in equation 7a might be necessary in
order to prevent audible distortion in the processed signal. Also, the use of block based

processing introduces an inherent delay of M/2 samples into the system, and as long as

25  the decay time associated with «_,,, is close to this delay, the signal x[n] does not need

to be delayed further before the application of the gains for the purposes of preventing
overshoot.
. Figures 9a through 9c depict the result of applying the described DRC processing
to an audio signal. For this particular implementation, a block length of M=512 is used at
30 asampling rate of 44.1 kHz. A compression curve similar to the one shown in Figure 8b

is used:



30 "rel ease node". Therefore, a snoothed gain t] may be conputed
according to: WO 2007/127023 PCT/US211117 /11118 31 3 -16- t] = a[t]
dt -11+(Mo-8¢ry6@Bt] (7a) where aanocn t]<dt-1] 5paTiis2@780831e
gt]>(gt-1 (7b) and a release >> aWacfi (7c) 10 Finally, the snoothed
gain t] , whichis in dB, is applied to each block of the signal, and
the nodified bl ocks are overl ap-added to produce the nodified audio:
y[n+#t M 2] =(1 QU r20x[n,t]+(1QO[rqg/ 20r n+ML2,t-1] for O<n<M 2 15 (8) Note
t hat because the bl ocks have been nmuliyplied with a tapgr ed V\Hldow, ais
shown i equation 4, the overlap-add synthesis shown above effectively
smoot hs?OKE - Eel%%‘fet}g}“n§ﬁﬂﬁIdéé)taMhetsr‘i@abF%@Eé@déﬁ"éharatﬂﬂiil,ms, t he
gain cadiéw! signal receives snoothing in 20 addition to that in shown in
equation 7a. In a nore traditional inplenentation of DRC operating

sanpl e-B)dBahesignalds haested withs kiR ofp:1o| Blmaigés smeothed miﬁhgan_rmtael; .
I std ' - s i n_equati a, m e
P onoss sttt 950, bhesolfinG 8 ATaAGal kinleSor R hd {rddB shaleide I I

Al sg, the us@rRbpSidisk idRA8H:dePAPGRE DirBO0ME! TREBFiBMAR dudiBREHENE y of
ML2 sanpl“€¥ int opth(gﬁééils?e% gnc?pglgl Igng()llgs 25 Ehef Bud B IhEM el

t he o?ecay time assocl at ed
wi t h aehdigire %lcossists@fisid cordeduive pidie Giogdg with!the fidl@bchord}loesed arouad be
del ayed further before the application of the gains for Lhe purposes of

preve nt%aﬁg’le b{¥ %@106‘@?*‘%‘% intesilencer Frgmining @ Rletnidhe gpm F&4dnFigireQPpl yi ng
e deseRRE PR GASHE B By Laf B el PR
This is because the signal energy remains, for the most part, between -30dB and -20dB,
10 the region within which the DRC curve calls for no modification. However, after the hit
of the last chord, the signal energy falls below -30dB, and the gain begins to rise,
eventually beyond 15dB, as the chord decays. Figure 9¢ depicts the resulting modified
audio signal, and one can see that the tail of the final chord is boosted significantly.
Audibly, this boosting of the chord’s natural, low-level decay sound creates an extremely
15  unnatural result. It is the aim of the present invention to prevent problems of this type
that are associated with a traditional dynamics processor.

Figures 10a through 10c depict the results of applying the exact same DRC system

to a different audio signal. In this case the first half of the signal consists of an up-tempo

music piece at a high level, and then at approximately sample 10 x 10* the signal switches
20  to a second up-tempo music piece, but at a significantly lower level. Examining the gain
in Figure 6b, one sees that the signal is attenuated by approximately 10dB during the first
half, and then the gain rises back up to 0dB during the second half when the softer piece
is playing. In this case, the gain behaves as desired. One would like the second piece to
be boosted relative to the first, and the gain should increase quickly after the transition to
25  the second piece to be audibly unobtrusive. One sees a gain behavior that is similar to
that for the first signal discussed, but here the behavior is desirable. Therefore, one would
like to fix the first case without affecting the second. The use of auditory events to
control the release time of this DRC system provides such a solution.
In the first signal that was examined in Figure 9, the boosting of the last chord’s
30  decay seems unnatural because the chord and its decay are perceived as a single auditory
event whose integrity is expected to be maintained. In the second case, however, many
auditory events occur while the gain increases, meaning that for any individual event,

little change is imparted. Therefore the overall gain change is not as objectionable. One



30 a sanpling rate of 44.1 kHz. A conpression curve simlar to the one
shown in Figure 8b is used: WD 2007/127023 PCT/US211117 /11118 31 3 -17
above - 2048 welrvizse to full scale digital the signal i ecatyseswavssds with a
ratio of 5:1, and below -30dB the signal is boosted with a ratio of 5:1.
The gain is snmoothed with an attack coefficient ao"gck corresponding to a
hal f-decay tinme of I1Ons and a rel ease coefficient 5 aY6l 6 correspondi ng
to a half-decay tinme of 500nms. The original audio signal depicted in Figure
9a consists of six consecutive piano-ghords, with the final chord, [ocated
around sa le 1.75 x_ 10 , decayin indLo silence. Examning a pI ot of the
gai n GRgY § rqf?"@.ﬁ‘%“@'@at a gRin RAUESS bt akowethenlyia ﬂ@f‘a‘i“ﬁ‘r? close to

0dB Whivi@initd&f h %udify dSeDulliaye Gne LS RIRS FHBSiphNR l ay
remai ns, ?0? t he lrlmgt?y{)a?t betﬁ%ﬁn Ize30dB gﬂglpiy-Z g f th %bggﬁl%ﬁqﬁtth

whi ch thin et atipgkeorag|gase mede,hnt demestamestisal implempatations ofe the t of
t he Ia%tmrPHB"VQS s& fsicRl gqg% taG0R6aY irf ﬁdrh@zhr% Q&Vthe?ﬂﬂﬁa ordlGe ﬁbrpsgl ns to

rise, ‘“eventually beyond 15dB, as t decays. re 90 epicts the
resl t |ewgntrm¢emt@d thajmngi @nﬁpgwalecemry dPee mam tb@efomme ¢vestsitaiconwdl t he

final - Shitifhubg PARSDRE OB GROL Y n AGLPlYac s boosting of the

chord' s natur Sound ‘Creat es. an extrenely 15 unnatural
result. It i4& suhablabnhw/ﬁoxtdfehpr@sasntcontwlemmomﬂdsmlmcbvlarquahtanbhammsoff this

type iated.w th tradiii.ona ani cs rocessar Fi gures 1
& thr gﬁaﬁ%e%ig dgge%?cgt f'ﬁ[e an} sy cf})the thﬁ € reLeas%/ ﬁme £ons S% SRC Bﬁ&d syst em
a diff elbewt 1ranma110&|73naﬂLs tilne evblves paﬂehet dl\ﬁecfted stenfadnk i6ho &hl&equgnal

apbd oxievatertr slRarE Boraitieg b eorafagh e iy ingese: 5Bt bURBHIbUBEt empo
E!JS ic [stremehecbgﬁin iﬁ“iﬁ)z&h’gﬁi Iﬁllaeél nifl alyioih@if\EVerit @é/&tecgag Qmmm&gnid&ﬁllﬁ%hmfoldg
igure 6b, one se nal, i s attenuated by r oxi pat e

during cf’ﬂﬁta‘f“i ‘F§?Se?f?a‘ﬁ’1e °f1§HH* g ﬂllé’% af’ﬂéh“g%‘ioﬁeﬁslrgl&atsoa@ r&g"p ‘Efggaﬂﬁl{q ng the

second rbighde tikie ordchfa &ﬁf&@%m&h&cﬁcod@l BilgaXl B¥ded bA thdUste@@$Bvent NE gai n
ehaveipas desi red. e would li ke the second piece to be boosted relative

to thePPPRdIIeSang the gain shoul d increase quickly after the transition to

2518 he secongs His@ﬁs%e& Qarlpi%r , VA MnHAGE! s bY Betelie8 b§qg§klﬁ ey dhalag&qw or
that is simlar to that for the first signal discuSsed % here the

behavi GHCFE§SiYE SPeCiNs) Qf therpdiasignal. Tribispautienlan implerpentaiion, tﬂI*FéDF Trofteaelse
W t houto@fihgsihs Bk NG S T be dSHipHsd tPferftrdtl U ¥TB¥EY0d Sudio signal

x[n]:

L 2mkm

20 X[k, t]= Zx[n fle M

n=0

®)

Next, the difference between the normalized log magnitude spectra of successive blocks
may be computed according to:
25

Dft] = ZIXNow[kat]‘XNom[kat—l]i
(10a)

where
30



control the release tinme of this DRC system provi des such a solution. In
the first signal that was examned in Figure 9, the boosting of the | ast
chord's 0 0exayo2seens unnatural because the chord andpictrasd®oaysas e
perceived as a single auditory event whose integrity is expected to be
mai ntai ned. In the second case, however, many auditory events occur while
the gain increases, neaning that for any individual event, little change
is inmparted. Therefore the overall gain change is not as objectionable. One
WO 2007/ 127023 PCT/US211117 /11118 313g3. -18 nay therefore argue that a
gai n change should be allowed only_in the near tenporal vicinity of an
auditory event boundary. Cﬂg{ﬁgﬂld apply this principal to the gain while
it is in ei¥Xhen lbitl ades , node, but for nost practical
i mpl ement ations of a AR Yy noves so quickly in attack node in
conpari son tg the human tenporal resolution of -5 event perception that no
control is i g@%sary. One may therefore use events to control snoothing of
t he ' : U kP o ' e [ of the
DRE 98T ARkintISE | i bPalBsd BinSRIE bRy norritdll A BB 0EN bRE

rel ease control 1s no n qua rve terns, | event is

§ s b _ S e
above e i3 dhirnopfIREiAEH Mbbl, Kl Y AN IBARIEN BT 1o
subseqygpt I%ﬁmee(ﬁ%feﬁc@rﬁtf%&?%igth&mli% eaSfed %eﬁ?&s@o%gfdefe%’} iyl : y

i ncreases so that eventua snoot hed®™gain 1s "frozen" iIn place.
anot heocavesnit. Addidenhaty, ede nidyesssighes srengthhionistevet, lyingBétaveen zera &glet t o

the original yalue and process repeats. |In order tqQ nodulate the

rel eas QgF’iq?‘?é?XBHglerﬂ? ‘Fﬁt Ei‘t] PSRBTSO Iy Fraxppug;t ]I“’lgalgeed' dbet he detected
event ' ' rli vent houndaries may be
detect€%8§§gf%%ﬁ?ﬁﬁ%§%¢§%%%§§§§§§ﬂ”Egdéégégfé%gg%gggra of the audio signal
In this particular inplenentation, the DFT of each overlapping bl ock Xx[n,
t] may be conputed to generate the STDFT of the audio signal x[n]: Al -I

2rz6 20 X[k, t]=Y,|ox[n,t]e M n:OL)éggDhbxt, the difference between the
norfral i zed | og nggni tude spectra 8 “suBtessi ve bl ocks
D[t]1-D. .
10 Aft] = ————2L .
[ ] 1 Dmax _Dmin Dmm < ’D[t] < Dmax
1 D[t1zD,_,
1n

By assigning a strength to the auditory event proportional to the amount of spectral

change associated with that event, greater control over the dynamics processing is

achieved in comparison to a binary event decision. The inventors have found that larger
15  gain changes are acceptable during stronger events, and the signal in equation 11 allows

such variable control.
The signal A[¢] is an impulsive signal with an impulse occurring at the location of
an event boundary. For the purposes of controlling the release time, one may further

smooth the signal A4[r] so that it decays smoothly to zero after the detection of an event

20  boundary. The smoothed event control signal A[¢] may be computed from 4[¢]

according to:

Z[t] = A[t] _ A[t] > aevemA[t _1]
X e AL ~1] otherwise
(12)
25



may be conputed according to: 25 Dit]=jjXv,,,[k, t]-X®u[k,t-1]1 k (10a)
where 30 WO 2007/ 127023 PCT/US211117 /11118 31 3 -19- X NORAf [kf t] -log
ma' xX[ k Xvpkodry12td2s C (I Ob) Here the maxi mum of ' X[k, ®{'r/uaescossssns ns k i s
used for normalization, although one mght enploy other normalization
factors; for exanple, the average of' X[k, t]' across 5 bins. If the
difference D[t] exceeds a threshold Dmn , then an event is considered to
have occurred. Additionally, one may assign a strength to this event,

| yi ng between zero and one, based onzghe size of Dt] in conparison to a
maxi mum threshold Dmax . The resulting auditory event strength signal Alt]
may be He&fi.egoniols thajeday &g of the expnt|coptre] sippaln FigesPfl and bRd depibhax
-Dmin I _D[t] ? Drax, (11) By assigning a strength to the auditory event

pr opor ttheRygnt conirplesigaal (Hi1 &r tilﬁé\d? ICSFGSR%QW@@“QS%%Sﬂﬁﬁséﬂltwttq"haﬂfy‘léﬁcaé(vent ,
gr eat er; l...0V t ] L.hg | Iev Myl arison to
o B nartAEBE R syfbther soFto AR, 18 RE BESREEpd Secq Ul af Flpt IuERR: T
changedletrotedafor epelabf thedix piago shordsgexd thatehe syemrdntrblesignad dakayisn equat i on

11 all h I abl trol . T ' I ] 0 ' | Si ' I
o8 o angY S8 R SR8 BB Pt it Y s et e
pur pose&rptloserd &auhl dthe ihhignd, @hé diseefordithe 38t doyrol sighllateves danlyb fiithe

si gnal A[Ztl so that it decays snoothly to zero after the detection of an
event to'zero.

One may now use the event control signal A[¢] to vary the release time constant
used for smoothing the gain. When the control signal is equal to one, the smoothing

10 coefficient «[¢] from Equation 7a equals ¢, , as before, and when the conirol signal is

releas
equal to zero, the coefficient equals one so that the smoothed gain is prevented from
changing. The smoothing coefficient is interpolated between these two extremes using

the control signal according to:

15 a[t] = & pack G[t] < a[t — 1]
Z[t]arelease + (1 - Z[t]) G[[] = a[t — 1]

(13)

By interpolating the smoothing coefficient continuously as a function of the event control
signal, the release time is reset to a value proportionate to the event strength at the onset
20  ofan event and then increases smoothly to infinity after the occurrence of an event. The

rate of this increase is dictated by the coefficient « used to generate the smoothed

event

event cbntrol signal. .
Figures 9¢ and 10e show the effect of smoothing the gain with the event-

conirolled coefficient from Equation 13 as opposed to non-event-controlled coefficient

25  from Equation 7b. In the first case, the event control signal falls to zero after the last
piano chord, thereby preventing the gain from moving upwards. As a resulit, thé
corresponding modified audio in Figure 9f does not suffer from an unnatural boost of the
chord’s decay. In the second case, the event control signal never approaches zero, and
therefore the smoothed gain signal is inhibited very little through the application of the

30  event control. The trajectory of the smoothed gain is nearly identical to the non-event-

controlled gain in Figure 10b. This is exactly the desired effect.



20 boundary. The snoothed event control signal A[t] may be conputed from
A[t] according to: A[t] JA[t] Aft] >a6, Alt-1] I1Cre.n,Alt-1] otherw se
(12) 25 WQ020072123023 PCT/ US211117 /11118 31 3 -20 HereTass2007/0083ms r ol s
the decay time of the event control signal. Figures 9d and 1 Od depict the
event control signal Alt] for the two corresponding audio signals, with the
hal f-decay tinme of the snoother set to 250nms. In the first case, one sees
that an event boundary is detected for each of the six piano chords, and
that the event control signal decays- 3l snoothly towards zero after each

event. For the second signal, ny _events are detected very close to each
other in tine, and theref o?)eo% e@%ﬁ?g“’c%g{’f'gp@gnal never decays fully
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coeff| (\:x}igggand gain, for example, to modify the audio. Lastly, the psychoacoustic model is
inherently multi-band, and therefore the system is easily configured to perform multi-
band dynamics processing in order to alleviate the well-known cross-spectral pumping

15  problems associated with a wideband dynamics processor.

Although performing dynamics processing in this loudness domain already holds
several advantages over more traditional dynamics processing, the technique may be
further improved through the use of auditory events to control various parameters.
Consider the audio segment containing piano chords as depicted in 27a and the associated

20 DRC shown in Figures 10b and c. One could perform a similar DRC in the loudness
domain, and in this case, when the loudness of the final piano chord’s decay is boosted,
the boost would be less apparent because the spectral balance of the decaying note would
be maintained as the boost is applied. However, a better solution is to not boost the decay
at all, and therefore one may advantageously apply the same principle of controlling

25  attack and release times with auditory events in the loudness domain as was previously
described for the traditional DRC.

The loudness domain dynamics processing system that is now described consists
of AGC followed by DRC. The goal of this combination is to make all processed audio
have approximately the same perceived loudness while still maintaining at least some of

30 the original audio’s dynamics. Figure 11 depicts a suitable set of AGC and DRC curves
for this application. Note that the input and output of both curves is represented in units
of sone since processing is performed in the loudness domain. The AGC curve strives to

bring the output audio closer to some target level, and, as mentioned earlier, does so with



25 from Equation 7b. In the first case, the event control signal falls to
zero after the last piano chord, thereby preventing the gain from noving
upwar ds. we 2a0mesit, the correspondi ng nodified audi opicmust@uanes3®s does
not suffer froman unnatural boost of the chord' s decay. In the second
case, the event control signal never approaches zero, and therefore the
snoot hed gain signal is inhibited very little through the application of
the 30 event control. The trajectory of the snobothed gain is nearly
identical to the non-event- controlleg2gain in Figure 10b. This is exactly
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to the temporal resolution of event perception, and therefore event control may be
advantageously employed in both cases. With the DRC, the attack is relatively short, and
20  therefore event control may be needed only for the release as with the traditional DRC

described above.

As discussed earlier, one may use the specific loudness spectrum associated with
the employed loudness model for the purposes of event detection. A difference

signal D[¢], similar to the one in Equations 10a and b may be computed from the specific

25  loudness N[b,t], defined in Equation 2, as follows:

D[t]= ;INNORM (5,1 = N yopy [, 2 — l]l

(14a)

30 where



be mai ntained as the boost is applied. However, a better solution is to not
boost the decay at all, and therefore one nay advantageously apply the
sanme pri nsopbe&/fosontrolling >-5 attack and rel ease ti wes/usedcn/onssas t ory
events in the | oudness donmain as was previously described for the
traditional DRC. The | oudness domain dynam cs processing systemthat is now
descri bed consists of AGC followed by DRC. The goal of this conbination is
to make all processed audio have approximately the sane perceived | oudness
while still maintaining at | east sonepy®»f 30 the original audio s dynam cs.
Figure 11 depicts a suitable set of AGC and DRC curves for this
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inunits of 48%e i nceapfNidedsing is performed in the |oudness domain. The
AGC curve strives to bfing the output audio closer to some target |evel,
and, as nent(ldbed earlier, does so with WO 2007/127023 PCT/US211117 /11118
31 3 -22relatively slowtine constants. One nmay think of the AGC as
maki ng the long-term | oudness of the audio equal to the target, but on a
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application, Figure 11 shows such a DRC curve where the AGC target falls

5
wi t hi n [V 1) sarass Besarengyband s el fiiedifferenqeoPi ] srcesdstatthresbeldeDyhathenan| s f or
no nodi fication., Vvéh %his conbi nation _of curves, the AGC pl aces the
| ong- t EVFRYS Garidereg fo bave oeHmsd Wil b AHTGTRRCS ignal paayther be processd IR ik e so

t hat mgpi - Aty : § § ' ] hort -
torm 1 sonecy SN RiERrLIRA 12 REBLAPRC ARG BB b hl g e nt
t 0 novaeseh® dhtiod itttk ahd réleaseutithes. t owards this nul |l -band. As a final
general note,,0 apply the _slow acting AGC such that all bands of the
Io{l] ness nodgpelr’kee%gﬁcéévef‘%@%g%ﬂ’é‘ l?:sl‘ﬁﬁ{f\rq\ftl ey bfq‘éﬁmﬁ%eé’ée cﬂﬁﬁ“ﬁté‘?‘? that ta%ﬁ%reby
mai nt aiagingnplia peisties YEIGudRes hhd kehtahRp 6 Rlesiddilo@pet [BInesaPp! y the fast
acting DRC in a manner that allows the | oudness nodification to vary
across bands in order alleviate cross-spectral punping that m ght otherw se
result from g5_fast iggti ng band-i ndependent | oudness nodification. Auditory
events may be” utif%2€d to control the attack and rel ease of both the AGC
and DRC. In (ibs8) case of AGC, both the attack and release tines are large in
cogparison to the tenporal resolution of event perception, and therefore
event control nay be

The DRC curve may be similarly represented:

L, = Fppe {L,-}
(15b) |
20
For the AGC, the input loudness is a measure of the audio’s long-term loudness. One
may compute such a measure by smoothing the instantaneous loudness L[¢], defined in
Equation 3, using relatively long time constants (on the order of several seconds). It has
been shown that in judging an audio segment’s long term loudness, humans weight the
25 louder portions more heavily than the softer, and one may use a faster attack than release
in the smoothing to simulate this effect. With the incorporation of event control for both
the attack and release, the long-term loudness used for determining the AGC modification

may therefore be computed according to:

30 L yclt] = & y6c[HI 1oc [t =1+ (1 — & 46 [tD L] 2]
(16a)



advant ageously enployed in both cases. Wth the DRC, the attack is
relatively short, and 20 therefore event control may be needed only for the
rel ease asowndtizvdze traditi onal DRC described above. Agcdivsesssestiearlier
one may use the specific | oudness spectrum associated with the enployed

| oudness nodel for the purposes of event detection. A difference signal
Dit], simlar to the one in Equations | Oa and b may be conputed fromthe
specific 25 loudness N b,t], defined in Equation 2, as follows:
D[t]-EINNCeu[b,t]-NNOxu [b,t-1]1 (14ax-30 where WO 2007/ 127023
PCT/US211117 /11118 31 3 -23- N b, t] NNGau [b, t] = nbax{Nb, t]} (14b)
Here the maxi mumof IN b,t]l across frequency bands b is used for

nor mal iwRéreon, 5 al t hough one m ght enploy ot her normalization factors; for
exanpl e, the average of I N b, t]1_agross frequency bands. If the

di fference qﬁﬁc et{glog,qt.hp.estel A LUj>ﬂh@ﬂtam] event is considered to

have occurre hgrence s{angf, hen ocessed in the sanme way
shown in Equations 11[§ndcﬁﬁ”10(gen 1E?e L s th vent control signal Alt]

used to cont¢i@b)t he attack and rel ease tinmes. " 10 The AGC curve depicted
in Eigure 11 may be represented as a function that takes as its input a
nmeasure of | oudness and generates a desired output |oudness: to = FAOC{L;}

(15a) 1is ablagidAR6né u{agpezdmpht@ 8n 8dsBLAafdd Mng%ﬁ%ﬁ‘éatfﬁdloudﬁess spdditen tHlat } (15D)

20 For the AGC, the in | oudness is a neasure of the audio' s long-term
| oudne s‘é’l ]@tﬁg be used for the multl-band DRC:

N 46c[b58] = & 45 [EIN 450 [B,t =11+ (1 — @ 6 [tDNIB, 1]
10 (16¢)

In practice one may choose the smoothing coefficients such that the attack time is
approximately half that of the release. Given the long-term loudness measure, one may
then compute the loudness modification scaling associated with the AGC as the ratio of

15  the output loudness to input loudness:

S oelt] = Fyoc {LAGC[t]}
L 46clt]
17
20 The DRC modification may now be computed from the loudness after the

application of the AGC scaling. Rather than smooth a measure of the loudness prior to
the application of the DRC curve, one may alternatively apply the DRC curve to the
instantaneous loudness and then subsequently smooth the resulting modification. This is
similar to the technique described earlier for smoothing the gain of the traditional DRC.
25  In addition, the DRC may be applied in a multi-band fashion, meaning that the DRC
modification is a function of the specific loudness N[b,t] in each band b, rather than the
overall loudness L[¢]. However, in order to maintain the average spectral balance of the
original audio, one may apply DRC to each band such that the resulting modifications
have the sarhe average effect as would result from applying DRC to the overall loudness.
30  This may be achieved by scaling each band by the ratio of the long-term overall loudness
(after the application of the AGC scaling) to the long-term specific loudness, and using



may conpute such a nmeasure by snoothing the instantaneous |oudness L[t],
defined in Equation 3, using relatively long tinme constants (on the order
of severakWozeecmndr. It has been shown that in judgi ngpramseeizeosegnent ' s

| ong term | oudness, hunmans wei ght the 25 | ouder portions nore heavily than
the softer, and one may use a faster attack than release in the snoothing
to sinulate this effect. Wth the incorporation of event control for both
the attack and rel ease, the |ong-term | oudness used for determ ning the AGC
nodi fication may therefore be conput2si-according to: 30
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aACCI[t ] NAGC[ b, t -1]+(1-aACGC[t])N b, t] 10 (16c¢c) In practice one may choose

t he snoot hing coefficients such that the attack tine is approximtely half

that of the rel ease. GNgplktle igpn -Sﬁgnggﬂmgﬁgﬂt asure, one may then
RRAS [ d

conput e the | oudness godt/ff ca, cal yn SO ge with the AGC as the
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| LAGC[t]J LAGCt] (17) 20 The Bytldi fi cati on may now be conputed from

the | oudness after the application of the AGC scaling. Rather than snooth

a measure of the |oudness prior to the application of the DRC curve, one
may al t eG4 DREpmpdificatipranay thea teccompidined to form a total loudness scaling

per band:

10 Sror[8:11= 8 16c1t18 prc (B, 1] (19)

This total scaling may then be smoothed across time independently for each band with a
fast attack and slow release and event control applied to the release only. Ideally
smoothing is performed on the logarithm of the scaling analogous to the gains of the

15  traditional DRC being smoothed in their decibel representation, though this is not
essential. To ensure that the smoothed total scaling moves in sync with the specific
loudness in each band, attack and release modes may by determined through the

simultaneous smoothing of specific loudness itself:
20 Sror[B, 1] = exp(aror [b, 1108(S0r [5, £ = 11)+ (1 = @y [6, 1) log(Syor [B, £1)) (20a)

NIb,t]= Qyor[b, tIN[b,t =11+ (1 — @1pr [B, ) NIb, £]
(20b)

25  where

%ror(b,t] = @ 107auack _ Nib,1] > y [b,r—1]
A1 rorsetease + (1 - A[t]) NIb,t1< Nib,t 1]

(20¢)



i nst ant aneous | oudness and then subsequently snmooth the resulting

nodi fication. This is simlar to the technique described earlier for
snoot hi ngwoheomairnsof the traditional DRC. 25 In additi eor/ush@7oRGE13ay be
applied in a nmulti-band fashion, meaning that the DRC nodification is a
function of the specific |oudness NN b,t] in each band b, rather than the
overall |oudnessL[t]. However, in order to nmaintain the average spectral
bal ance of the original audio, one nmay apply DRC to each band such that
the resulting nodifications have theygane average effect as would result
from appl yi to the overal|l |oudness, 30 This may be achjeved by
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usi ng WO 2007/ 127023 PCT/ US211117 /11118 31 3 -25 this value as the
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| oudness scaling per band: 10 STOI[b,t]=SAGCt] SDRC[ b,t] (19) This total
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fast att and s and event® con e release only.
| deal | ppedfiotdddness éqapey therarget: on t he | ogarithm of the scaling anal ogous
to the gains of the 15 traditional DRC being snoothed in their decibel
representation, though this is not essential. To ensure that the snoot hed

toygl scalin e Kt h the specific |oudness in each band,
at?gck and r‘gl[ggjée@n%ggx%% determ ned through the sinultaneous

snoot hi ng of(28peci fic | oudness itself: 20
Sror[b,t]=exp~aror[b,t,]log~SroT[b,t-1]}+(1l-aror[b,1])l og~Sror [b,ti))
(20a) Nb, t] = aToOrl [b, t]N[b, t -1] + (1- aTO [b, t])Nb, t] (20b) = 25
wher e The gains may be applied to each band of the filterbank used to compute the excitation,

and the modified audio may then be generated by inverting the filterbank to produce a

15  modified time domain audio signal.

Additional Parameter Control
~ While the discussion above has focused on the control of AGC and DRC attack
and release parameters via auditory scene analysis of the audio being processed, other
20  important parzimeters may also benefit from being controlled via the ASA results. For
example, the event control signal A[#] from Equation 12 may be used to vary the value of
the DRC ratio parameter that is used to dynamically adjust the gain of the audio. The
Ratio parameter, similarly to the attack and release time parameters, may contribute
significantly to the perceptual artifacts introduced by dynamic gain adjustments.
25 ‘
Implementation ’

The invention may be implemented in hardware or software, or a combination of
both (e.g., programmable logic arrays). Unless otherwise specified, the algorithms
included as part of the invention are not inherently related to any particular computer or

30  other apparatus. In particular, various general-purpose machines may be used with
programs written in accordance with the teachings herein, or it may be more convenient

to construct more specialized apparatus (e.g., integrated circuits) to perform the required
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Convenlaaghage may be a compiled or mterpreted 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
15  operating the computer when the storage media or device is read by the computer system
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 the storage medium so configured causes a computer system to operate in
a specific and predefined manner to perform the functions described herein.
20 A number of embodiments of the invention have been described. Nevertheless, it
will be understood that various modifications may be made without departing from the
spirit and scope of the invention. For example, some of the steps described herein may be
order independent, and thus may be performed in an order different from that described.
It should be understood that implementation of other variations and modifications
25  ofthe invention and its various aspects will be apparent to those skilled in the art, and that
the invention is not limited by these specific embodiments described. It is therefore
contemplated to cover by the present invention any and all modifications, variations, or
equivalents that fall within the true spirit and scope of the basic underlying principles
disclosed and claimed herein.
30
Incorporation by Reference
The following patents, patent applications and publications are hereby

incorporated by reference, each in their entirety.



to construct nore specialized apparatus (e.g., integrated circuits) to
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International application under the Patent Cooperation Treaty S.N.
PCT/US2005/038579, filed October 25, 2005, entitled “Calculating and Adjusting the
Perceived Loudness and/or the Perceived Spectral Balance of an Audio Signal” by Alan
30  Jeffrey Seefeldt and published as International Publication Number WO 2006/047600.
“A Method for Characterizing and Identifying Audio Based on Auditory Scene
Analysis,” by Brett Crockett and Michael Smithers, Audio Engineering Society
Convention Paper 6416, 118® Convention, Barcelona, May 28-31, 2005.
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of Alan Jeffrey Seefeldt et al, published Decenber 23, 2004 as WO

2004/ 111994 A2. International applicabion under the Patent Cooperation
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Spectral Bal ance of an Audio Signal" by Alan 30 Jeffrey Seefeldt and
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met hod f orjdeRshyingi 23 duditdip eRéhe belindafiestihanpéd igfeatly BAfIaGhreslid)g @BspRétral conpri si ng
detecting changes in spectral characteristics with respect to tine in an

ad@i ocqugﬁ%nﬂstws wmbrﬁspw tome dn spirtipudin sisnalovherein an audio é%smha@@e@r eater than
a thr @é&}@éuﬁvéBomﬁﬁ&g@mtlﬁ%?gggﬂgx“eﬁ{| cs with respect to tine in said

audi o signal, whereln an au nt between consecutive boundari es
const i t ut egengrating @iparametesvmedifying control signal based on said identified event

boundaries, and
-modifying the parameter of the audio'dynamics processor as a function of the

15  control signal.

2. A method according to claim 1 wherein the parameter is one of attack time,

release time, and ratio.

20 3. A method according to claim 1 wherein the parameter modified is a gain-

smoothing time constant.

4. A method according to claim 3 wherein the gain-smoothing time constant is a
gain-smoothing attack time constant.
25
S. A method according to claim 3 wherein the gain-smoothing time constant is a

gain-smoothing release time constant.

6. A method according to any one of claims 1-5 wherein said parameter-modifying
30  control signal is based on the location of said identified auditory event boundaries and the
degree of change in spectral characteristics associated with each of said auditory event

boundaries.



generating a paraneter-nodi fying control signal based on said identified
event boundaries, and nodifying the paraneter of the audi o' dynam cs
processor as a function of the 15 cortlrol signal. 2. A nethod according to
claiml wherein the paraneter is one of attack, tinme, release tinme, and
ratio. 20 3. A nethod according to claim1 wherein the parameter nodified is
a gain- snoothing tine constant. 4. A nethod according to claim3 wherein
the gain-snobothing tine constant is a gain-snoothing attack tine constant.
25 5. A nethod according to claim3 wherein the gain-snoothing tinme constant
is a gain-snoothing release tine constant. 6. A method according to any one
of-clainms 1-5 wherein said paraneter-nodifying 30 control signal is based
on the Ioc'étAmethﬁd asqordingdorelaimibovhesein gensraging wparamesenmedifying and the degree
of ch a§9&ﬁ&rl% characteristics associated with each of said auditory
event Heflr res T 7. A nethod accordi ng to claim®6 wherein generating a
par arreter proddifnglangmpnbahrmchsfgnﬁtbrycemmrhoaadhrqes ceachlsuch impulsepul se at each
of _audi t or nt bound each su ul se 5 havi an _anplitude
ot bpofavierANsmAids propR R i 6 Boefes i BRers By Snet Pl HmRRRES | st s, and
time goot hi ng each such i mpul se so that |ts anplitude decays snoothly
toward zero. 10 S. A nethod according to any one of clains 1-7 wherein
changes i fimeupeqthing easinsuch impylsq ?stt“ﬁm}lﬁ@ﬁé‘é?aﬁ smopthly tomardiet ect ed by
compagdng differences in specific |oudness. 9. A nethod according to claim
8 wherein said audio signal is represented by a 15 discrete tine sequence
x[n] that has been sanpled froman audi o source at a sanpling frequency f,
22‘?1(;”]; gg&f“& fretldd RB6deAb af BhASH Blitns 1 7 Whefhih RnbdfpR fif {pebfart | TE T
characteristics with respect to time are detected by comparing differences in specific

loudness.

9. A method according to claim 8 wherein said audio signal is represented by a
15  discrete time sequence x[#] that has been sampled from an audio source at a sampling

frequency f, and the changes in spectral characteristics with respect to time are calculated

by comparing the difference in specific loudness N[b,] across frequency bands b between

successive time blocks .

20 10. A method according to claim 9 wherein the difference in spectral content

between successive time blocks of the audio signal is calculated according to

D[f]= ; |N vorw [0, 11— N yome [, — 1]]

where

= Nb.1]
25 NNom[b,l]—m.

11. A method according to claim 9 wherein the difference in spectral content

between successive time blocks of the audio signal is calculated according to

30 D[t]=;lNNORM[b’t]—NNW[b’t—-I]I'



by conparing the difference in specific |oudness N b,t] across frequency

bands b between successive tinme blocks t. 20. 10. A nethod according to

claim9 wherein the difference in spedral content between successive tine

bl ocks of the audio signal is calculated according to D[t] = EIl NNowK [b, t]

- NNOxsr [b, t -1]1 b where 25 N,,,a,[b,t]= Nb,t] nmx{Nb,t] 11. A

nmet hod according to claim9 wherein the difference in spectral content

bet ween successive tinme blocks of the audio signal is calcul ated according

to 30 D[t]=T, INmowir[b,t]-N, [b,t-1]1 b 32 where NoR ,(b,t) Nb,tl avg:

N[ b, t Jwhefe 12. Apparatus conprising neans adapted to performthe nethod of

any one of 5 claims 1-11. 13. A conputer program stored on a

conput er-rea bﬂrIT,g,]U:Edl f1for causi ng a computer to performthe nmethod of
c'f"é{‘i’

any one of 1 cwgmlgt]} 11.

12, Apparatus comprising means adapted to perform the method of any one of

5 claims 1-11.

13. A computer program, stored on a computer-readable medium, for causing a

computer to perform the method of any one of claims 1 through 11.





