| DESCRIPTION Method, Apparatus and Computer Program for Calculating and Adjusting the
Perceived Loudness of an Audio Signal. Technical Field The present invention is related to loudness
measurements of audio signals and to apparatuses, methods, and computer programs for controlling
the loudness of audio signals in response to such measurements. Background Art Loudness is a
subjectively perceived attribute of auditory sensation by which sound can be ordered on a scale
extending from quiet to loud. Because loudness is a sensation perceived by a listener, it is not suited
to direct physical measurement, therefore making it difficult to quantify. In addition, due to the
perceptual component of loudness, different listengSayithfagymal” hearing may have different

perceptions of the same 10/% d. Tf}gﬁ)%gg/ way to reduce the variations introduced by individual
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approach for standard, day-to-day, loudness measurements. There have béen many attempts to

develop a satisfactory objective method of measuring loudness. Fletcher and Munson determined in
1933 that human hearing is less sensitive at lowangd; highfteguencies than at middle (or voice)
frequencies. They alz%found that the relative change in sensitivity decreased as the level of the
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Background Art
Loudness is a subjectively perceived attribute of guditory sensation by which
sound can be ordered on a scale extending from quiet to loud, Becanse loudnessis a
sensation perceived by a listener, it is riot snited to direct physical measoremant,

_ therefore making it difficult to quantify. In addition, due to the parceptual
component of loudness, different listeners with “normal” hearing may have different
perceptions of the same sound. The only way to reduce the variations introduced by
individual perception and to arive at a general measure of the loudness of andio
matertal 15 to assemble 2 gronp of listeners and derive a loudness figure, or ranking,
statisticalty. This is clear]y an impractical approach for standard, day-to-day,
londness measnrements.

There have been many attempts to develop a satisfactory objective method of
measuring londness. Fletcher and Munson determined in 1933 that human hearing is

- less sensitive at low and high frequencies than at middle {or voice) fréqusncies.
They also found that the relative changs in sénsitivity decreased as the level of the
sound increased. Anp early londness meter consisted of a microphone, amplifier,
meter and a combination of filters designed to roughly mimic the frequency response
of bearing at low, medium and high sound levels.

Even though such devices provided a measurement of the loudness of 4 single,

constant level, isolated tone, measurements of more complex sounds did not match



the subjective impressions of loudness very well. Sound level meters of this type have been
standardized but are only used for specific tasks, such as the monitoring and control of industrial
noise. In the early 1950s, Zwicker and Stevens, among others, extended the work of Fletcher and
Munson in developing a more realistic model of the loudness perception process. Stevens published a
method for the "Calculation of the Loudness of Complex Noise" in the Journal of the Acoustical
Society of America in 1956, and Zwicker published his ‘P cl%% ic?l and Methodical Basis of
Loudness" titiERVIACTCHISMEE TR PR O 1850 ST R E §§Vg JrEPFRSF SRR Sre for loudness

calculation ;agwelbasseneral-simlaractisies shartyaitesifibeSigvans anthZwickizormethods were
standardized as ISO 532, parts A and B (respectively). Both methods incorporate standard

psychoaco@@ﬁbﬁ?ﬁé‘ﬁbﬁféﬁﬁ‘%%ﬂB%lé?itical banding, frequency masking and specific loudness. The
methods are based g theydivision afoompleyd SAAE Inke GamRaenisthdfathintooeridical bands” of

frequencies, allowing the possibility of some signal compaonents to mask others, and the addition of

the specific Flstahse g8 \burtre il SAVBLRING RFAvAS JPAbS IS RGRIdNdie reRrSoprig Rtent
research, ﬁn videnced hy the Australian Broadeasting Axhositgs o ARA) ollivestigation into Loudness

of Advertisements” (JuTy 2002), has shown that many advertisements (and some programs) are
perceived tdloabexdlal e raldiorownt @ the AnOaT A SOstEt efctonerife ey EnABing to the
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masking and specific londness. The methods are based on the division of complex
sounds into components that fall into “critical bands” of frequencies, allowing the
possibility of some signal components to mask others, and the addition of the specific
loudness in each critical band fo arrive at the total loudness of the sound.
Recent research, as svidenced by the Australian Broadcaéting Authority’s
(ABA) “Investigation into Loudness of Advertisements” (July 2002), has shown that
many advertisements (and some programs) are perceived 1o be too loud in relation to
the other programs, and thersfore are very annoying to the listeners. The ABA’s
investigation is only the most recent attempt to address a problem that has existed for
years across virtually all broadoast material and countries. These results show that
audience annoyance due to inconsistent loudness across program material could be
educed, or sliminated, if reliable, consistent measurements of program loudness
could be made and used 1o rednce the annoving loudness variations.
The Bark scale is a unit of measuwrement used in the concept of critical bands.
The critical-band scale is based on the fact that human hearing anafyses a broad
spectrum inte parts that correspond to smaller critical sub-bands. Adding one critical
band to the next in such a way that the upper limit of the lower crifical band is the

lower limit of the next higher critical band, leads to the scale of crifical~band rate. If



lower limit of the next higher critical band, leads to the scale of critical-band rate. If 3 the critical bands
are added up this way, then a certain frequency corresponds to each crossing point. The first critical
band spans the range from 0 to 100 Hz, the second from 100 Hz to 200 Hz, the third from 200 Hz to
300 Hz and so on up to 500 Hz where the frequengy range of each critical band increases. The
audible frequency range of 0 to 16 kHz can be subdivided into 24 abutting critical bands, which

increase in ban widtlgw#tnlgfin reasingdfrggllue C .Th{e ritical bands are numbered from O to 24 and
have the unit "Bk HE A thE BARSEATR. He TRlal bR G tRrian TRrshd AT rsRongtitreritency is

impo;;[ant for umiesstag@iﬁgam?ﬁhy ﬁffﬁrﬁﬁlﬁeﬁsﬂﬁﬁdliﬁﬁhﬁdhm&ﬁgelﬁeﬁﬂﬁi Q@@)Eiiﬂ‘ B{Q’seicond )
Psychoacoustics - F nd | S ._{Wwicke H. Fastl, Springer-Verlag, Berlin, 1990. The
Equivalent Recéﬂﬁh@?&%ﬂ@\%&ﬁﬁﬁ%@ﬁ@%ﬂé é\@iﬁﬁ R E88urih g a8 G8AEY Ror MuFan hearing
that is similar tovherBaik Seaienbeveloped byMaone 1 Glagbarg-and Bagk ihiswidefinpment of
Zwicker's loudness wo E} See Moore, Glasberg gnd _Ba{g;éB. C. 1. Moore, B. Glasberg, T. Baer, "A

Model for the PrEERoN & ThIeRGAISPE shatyadsd iy t%‘:l_t%%ﬁ}é%?ij@ﬂﬁﬁa}‘@‘% e .Audio
Engineering Sogiei¥a3ah BadNaah Al ih8R%shR. 83¢ndQ). The measurementefqrtical bands

below 500 Hz is difficult because at such low frequencies, the efficiency and sensitivity of the human

auditory systemithifi&hes FapiaRye thigtBle P& asdrénianhe find: soalitory Ftsiatanhvathenave lead
to the ERB-rate ;5gale.13HEhmeas e athpgichedpoize.maskels i meaguie ine.auditory

filter bandwidth. In general, for the ERB scale the auditory-filter bandwidth (expressed in " units of

ERB) is smaller $h&i SHHHE Baricsealbr THE MR BRE PRABHIES lardgeriormibierdtiequdncies. The
frequency selecgwiggr%@_@g&ihgggggéyg&@gaﬁM@g%ximated by subdividing the intensity of

sound into parts that fall into critical bands. Such ai’ approximation leads to the notion of critical band

intensities. If instead ofaEqwividen Steeipngplre BrthiwidthoiRetioakeliticat baaychfilterssittiagactual slope
frequency for human hsén'ng that is sirniiar to the Bark scale. Developed by Moore,
Glasberg and Baer, it is a refinement of Zwicker's loudness work, See Moore,
Glasberg and Baer (B. C. I. Moore, B. Glasberg, T. Baer, “A Model for the |
Prediction of Thresholds, Loudness, and Partial Londness,” Jowrnal of the Audio
Engineering Society, Vol. 45, No. 4, April 1997, pp. 224-240). The measurement of
critical bands below 500 Hz is difficult because at such low frequenciss, the
etficiency and sensitivity of the human auditory systein diminishes rapidly.
Improved measurements of the auditory-filier bandwidth have lead to the ER B-rate
scale. Such measurements used notched-noise maskers to measure the auditory filter
bandwidth. In general, for the ERB scale the anditory-filter bandwidth (expressed in
units of ERB) is smaller than on the Bark scale. The difference becomes larger for
lower frequencies.,

The frequency selectivity of the nman hearing system can be approximated
by subdividing the intensity of sound into parts that fall into critical bands, Such an
approximation leads fo the notion of critical band intensities. If instead of an
infinitely steep slope of the hypothetical critical band filters, the actual slope
produced in the human he,ai'ing system is considered; then such a procedure leads to
an intermediate value of intensity called excitation. Mostly, such values are not nsed

as linear vaiues but as logarithmic values similar to sound pressure level. The



produced in the human hexing system is considered; then such a procedure leads to an intermediate
value of intensity called excitation. Mostly, such values are not used as linear values but as
logarithmic values similar to sound pressure level. The 4 critical-band and excitation levels are the
corresponding values that play an important rolg in many models as intermediate values. (See
Psychoacoustics - Facts and Models, supra). Loudness level may be measured in units of "phon".
One phon is defined as the perceived loudness of a 1 kHz pﬁre sine wayve played at 1 dB sound

pressure lev@itieaPeandmeheEsHa IS b Be B eSS AN, FAb PEY B 8RRRSEANS . N Phon
is the perceiyad joudness giad dHzdonaplayediab N T(d8: SRbAbsing.shis defipiiiopnin comparing the

loudness of tones at frequencies other than 1 kHz with a tone at 1 kHz, a contour of equal loudness
can be detef1idet) feadiven level of phon. FIG. 7 shows equal loudness level contours for

frequencies between, A0 Elziand 1o s aneiomnhon, '@y@gqngﬁtwm RoRhoRdERBsidered to be
the threshold of hearing) and 120 phon (1SO226: 1987 (E), "Acoustics - Normal Equal. Loudness

Level Contothstereaurihtassinsse|thay BErATRRS YaHGPIaRe 8F t<HR sorRd @ i1 HeYd-one
mapping betgg?;%%% &%I‘?&Qﬁ&%@% KRS, A8 HReElGe GrORersangis definadas the

loudness of B (SPL) 1 kHz pure sine wave and is equivalent to 40 phon. The units of sone are

such that a tisdfelgarizasdindssnecorbibiniesaeleyedutiNglbr Porediang duid feda o example, 4
sone is perceived as twice 25 104dL ¢ Sogt%%?a{@ %@éﬁ%%%& lpagness) %@o%%rh% {s more

informative. Becausa sone s a measure of loudness of an audio signal, specific loudness is simply
loudness peikiinit frespiency’ T Whdnassioan thedrckiregddocy state, Ispdeifiphoudiéss has units of

L A e o
include essegtiafwashoform:o teewesivel anshonieonsidered to be the threshold of hearing) and

120 phon (IS0226: 1987 (E), “Acoustics - Normal Equal Loudness Level

Contours™). |

Loundnsss level may also be measurad in units of “sone”. There is a one-to-one
mapping between phon units and sone units, as indicated in FIG. 7. Onse sone 1s
defined as the loudness of 2 40 dB (SPL) 1 kHz pure sine wave and is equivalent to
40 phon. “The units of sone are such that a twofold increase in sone corresponds to a

.doubling of perceived loudness, For example, 4 sone is perceived as twice as loud as
2 sone. Thns, expressing loudness levels in sone is more informative.

Because sone is a measure of loudness of an andio signal, specific loudness is
simply loudness per unit frequency. Thus when using the bark frequency scale,
specific londness has units of sone per bark and likewise when using the ERB

squency scale, the units ars sone per ERE,

Throughout the remainder of this document, terms such as “Glter™ or
“flierbank™ are used herein to include essentially auy form of recursive and non-
recursive filtering such as IIR filters or transforms, and “filtered” information is the
result of applying such filters. Embodiments described below employ filterbanks

implemented by IIR filters and by transforms.



recursive filtering such as IIR filters or transforms, and "filtered" information is the result of applying
such filters. Embodiments described below employ filterbanks implemented by IIR filters and by
transforms. 5 Disclosure of the Invention According to an aspect of the present invention, a method
for processing an audio signal includes producing, in response to the audio signal, an excitation
signal, and calculating the perceptual loudness of tfe audio signal in response to the excitation signal
and a measure of characteristics of the audio signal, wherein the calculating selects, from a group of
two or more specific loudness model functiizs/ecareerfaieombénraiéen of two or more of the specific

loudness model functions, the selection of which is controlled by the measpre of characteristics of the
R S o 2SSt e br SR eh T & M AORFTOF Bifossing  an

. . . ACC 0 an . as (8}
input audio signal. Accorqxlng to afother aspe
audio signal inctudés peadlirintdes iesponaey tarthesaoie sighalzatiexeiation signakandsalculating,
in response at least tq the excitation signal in valye. G[t], ,which, if applied to the audio signal,
would result in g%aeﬁ?%?\%% é’s%c%%ﬁ‘}@{ﬁ%ﬁﬁ%(%%[@ SBtar Uh SRR B E2%he calculating
including an iteratieatipioessingnd aprifitirciidbsratiedsh o6 o HALALRIRLOsS oAGRYRdINg to yet
another aspect of.the present invention, a methad for processing.a pjurality of audio_signals includes a
plurality of procgggcé]z?%ﬁ%ﬁ&%&%iﬁﬂﬁlﬁ %8888%%’ 8% B3 RETHECSIgRaISs ReReg R fbrocess
produces, in response tifieinespeeiveraudinsignd densexeinlinn sigealncalaHales ik response at

least to the excitgaéion_ signfl, a gain value Cfé[tlbwhich, if applied to the audio signal, would resultin a
perceived loudnEeEEBLR H‘fpa‘ﬁ% {h EUHFREKSDY FRFePRFeTs G RBSECH IS Bl AmiEune i an
iterative processiggdpop that includes at least one non- linear process, and controls the amplitude of
the respective audio signal with the gain Glt] so that the resulting perceived loudness of the respective
audio signal is substaMtARFIRE Carethy #ROTEtSfdReISS R EEShap il dersprace sERerence

an audio signal includes producing, in response to the audic signal, an excitation
signal, and calculating, in response at least to the excitation signal, a gain value GIt],
which, if applied to the andio signal, would result in a perceived loudness
substanﬁaﬁy the same as a reference loudness, the calcnlating including an itsrative
processing loop that includes at least one non-linear process.

According fo yet another aspect of the present invention, a method for
processing a plurality of andio signals includes a plurality of procssses, each
receiving a respective one of the audio signals, wherein each procsss produoes, in
response to the respsciive audio signal, an excitation signal, calculates, in response at
Jeast to the excitation signal, a gain value Git], which, if applied to the andio signal,
would result in 2 perceived londness substantially the same as a refarence londness,
the calculating including an iterative processing loop that includes at least one non-

inear process, and controls the amplitude of the respeciive audio signal with the gain
Gt so that the resulting perceived londness of the respective andio sienal is
substantially the same as the reference loudness, and applying the same reference
loudness to each of the plurality of processes.

In an embodiment that employs aspects of the invention, a method or device
for signal processing receives an input audio signal. The signal is linearly filtered by
2 filter or filter function that simulates the characteristics of the outer and middle

human ear and a filterbank or filterbank function that divides the filtsred signal into



loudness to each of the plurality of processes. In an embodiment that employs aspects of the
invention, a method or device for signal processing receives an input audio signal. The signal is
linearly filtered by a filter or filter function that simulates the characteristics of the outer and middle
human ear and a filterbank or filterbank function ghat divides the filtered signal into 6 frequency bands
that simulate the excitation pattern generated along the basilar membrane of the inner ear. For each
frequency band, the specific loudness is calculated using one or more specific loudness functions or
models, the Betpetiary bindhitiatisivonaolted dycprtperpeson featorasextragtdu:frariighe input audio

signal. The spegcific loudness for each.frequency band is.combjpned inta.a loudness. measure,
representatiit/%%](:)l%cbt @W?gée‘géﬁlglrﬁgu au II(?: %%n%i%”sﬁlﬁﬁlga\% U@%?Qﬁ%gi{guigﬁesgssrﬁseasure may be
calculated faabaihedihitatrrmeangacoé tedifpuicsignats duthe olousnesdshe dsyi el sadpberrepetitively
calculated on fime intervals or. blocks of the input audio signal, [n angther embogdiment that employs
aspects of the ﬁtm%osﬂ?gtﬁgé] W%@%c%%@%ﬁ%?ﬁ?%@%#ﬁﬂ%%@H@Bﬁ%ﬁuﬁlﬁo signal. The
signal is lineaty sisetad ynanike fordithrifagetiory thah Simutattsrhbishasaeietistissohiigouter and
middle human ear and a filterbark.qr filterbank function that divides the filtered signal into frequency
bands that ST B oM BEESFA e PBA SIEHG 1o SBHRaP HEL AP B ey car. o
each frequengyeanthiheispedtigdaddnessit taleylaiad tsingMBqhmRIE SRecHigioudness
functions or models; the selection of which is controlled by properties or features extracted from the
input audio JGHEICSFIFE AR AIORRIFRESE R CEAcH FEGEE RS BER S ER hBIP # ™A Btidness
measure; represepiative gfihe wideband input audio signal. The loudness measure is compared with
a reference loudness value and the difference is used to scale or gain adjust the frequency-banded

signals previously %m@@m@%éW@@%PMéMWS ‘I’ﬁ@éé@%‘i’ﬁ@%@ﬁ@éﬁ@ leulation,
loudness calgulalion AndiElPIRNSE s URRRAA AT FRRSAISH YBIINGIRusness aRdklps reference

loudness value are _ _ o
filtered by a filter or filter fomction that simulates the characteristios of the outer and

middle human ear and & filterbank or filterbank function that divides the filtered
signal into frequency bands that simudate the excitation pattern gensrated along the
basilar membrane of the inner sar. For each frequency band, the specific londness is
calculated using one or more specific londness functions or models; the selection of
which is controlled by properties or features extracted from the input andio signal.

. The specific londness for sach frequency band is combined into a loudness measure,
representative of the wideband input andio signal. The loudness measure is
éompared with a reference londness value and the difference is used to scale or gain
adjust the frequency-banded signals previously input to the specific loudness
calculation. The specific loudness calculation, loudness caleulation and reference

_Comparison are repeated until the loudness and the reference loudness vaiue are
substantially equivalent. Thus, the gain applied to the frequency banded signals
represents the gain which, when applied to the input andio signal results in the
perceived londness of the input audio signal being essentially squivaient to the
reference loudness. A single value of the londness measure may be calculated for
some finite range of the mput signal, or the loudness measure may be repetitively

calculated on time intervals or blocks of the mput andio signal. A recursive



substantially equivalent. Thus, the gain applied to the frequency banded signals represents the gain
which, when applied to the input audio signal results in the perceived loudness of the input audio
signal being essentially equivalent to the reference loudness. A single value of the loudness measure
may be calculated for some finite range of the input signal, or the loudness measure may be
repetitively calculated on time intervals or blocks of the input audio signal. A recursive 7 application of
gain is preferred due to the non-linear nature of perceived loudness as well as the structure of the
loudness meas@pbiiretipprotess. iF meoferol dusisddts vhthbere serinvéntoreard ltsipneferred

embodiments gy bepelgrundersaad fupelerinddo e fallowing disclosure and the

accompanying drawings in Whic & refere=e RUmerals refer 10 the like elements in the several
figures. The drawingskhietidhastsptevaridus mevitesorpiotessess shefarmdjonieidinents that are

helpful in undergtanding. e %%%?S%C’%Sﬁée@%ﬁ%gh&‘%ﬁ ofclgr&tpé,f; he drawings omit many other

features that may be important in practi mbodiments and areweir Known se of ordinary skill
in the art but arssBtimyontakt to irdenstanding¢idcontapts ohthegpsbsesfsinyeindidhe The signal

processing for practicing the presentinvention may be accomplished in a wide variety of ways
including progragln%n éﬁjg%tgnd’ gyvrﬁrl%qrglﬁrug&%s?s%r“s&%/a‘ﬁrtlg%ig‘ﬂrgwbll BEEE ALY SFYATE &Rd other
forms of computingeiseritlyo® essiipttnrohth chbrawihghRIGs isiarsehdmatifunatiagnal block

diagram of an embodiment of an aspect of the present invention. FIG. 2 is a schematic functional
block diagram o]flgﬁn%lﬁfbg%%ghet %‘?“3 ?Lfrfgaé} AdPeOF BF RS PELERAR Sl cEEe s ashdatic

functional blockidipgram of paaibhogibedi-editetadiurthecpspochnidhieprasentinventian ifIG. 4 is
an idealized chafﬁacteg%téic response of a linear filter P%) sujtable as a transmission filter in an

embodiment of H& EB‘F A TR SRR R AR AR R, g the concepts of the present mvention.

The signal processing for practicing the present invention may be accomplished in a
wide variety of ways including programs exescuted by microprocessors, digital signal

processors, logic arrays and other forms of computing circuitry.

Descriplion of the Draowings

FIG. 1 is a schematic functional block diagram of an embodiment of an aspect .
of the present imvention.

FIG. 2 is a schematic functional block diagram of an embodiment of a further
aspect of the present invention.

FIG. 3 1s a schematic functional block diagram of an embodiment of yet 2
further aspect of the present invention.

FIG. 4 is an idealized characteristic response of 2 linear filter P(z) suitable as &
iransmission filter in an embodiment of the present invention in which the vertical
axis 18 attenuation in decibels (dB) and the horizontal axis 15 a logarithmic base 10
frequency i Hertz (Hz).

FIG. 5 shows the relationship between the ERB frequency scale (vertical axis)
and frequency in Hertz (horizontal axis).

FIG. 6 shows  set idealized anditory filter characteristic responses that
approximate crifical banding on the ERB scale. The horizontal scale is frequency in

Hertz and the vertical scale 1s level in desibels.



axis is attenuation in decibels (dB) and the horizontal axis is a logarithmic base 10 frequency in Hertz
(Hz). FIG. 5 shows the relationship between the ERB frequency scale (vertical axis) and frequency in
hertz (horizontal ands). FIG. 6 shows a set idealized auditor-NT filter characteristic responses that
approximate critical banding on the ERB scale. The horizontal scale is frequency in Hertz and the
vertical sea!-- is level in decibels. 8 FIG. 7 shows the equal loudness contours of 150266. The
horizontal scale is frequency in Hertz (logarithmic base 10 scale) and the vertical scale is sound
pressure level in d86ib&shFe. tBestived Invslerss aboipaine o I6Moars Gt BoRsmtwdsrallized by the

transmissionilter, izo cale is § ney.in Hertz (I ithmic base, 10 scale) and the
vertical scaler‘htlé':s&s“(SIlliJ%/Z d%%?g%ﬁ{g%\%%%%eﬁé% Ilsla.a %é ngé% I%el ﬁ]%%@%ﬁ%\;/%{sv 6%05%“3 loudness for both

uniform-excitingssuodsevalnia dddibtigone in which solid lines are in accordance with an embodiment of

the present invention ig which parameteys are chosen to erimental data, according to
Zwicker (squaresgz 'cl%r\é\{lé)sfys &< ‘%%Psgﬁg?%ﬁ ﬁé@%@é@%ﬁ({%%%%d% Sse 10) and the
horizontal scaleimbeindifiressdre |&ellinteibbisdd@ i8gsaaceeMatic fagatidnaldleck diagram of
an embodimiBt of %@% as ecgtlofngi?.gresent invention. FIG. %Ilsh schematic functional block
diagram of ah“eft} aoYS%‘tc RS 5%%&&%%&%“&@’ A AVERESH. FIG. 12 is a schematic
functional block diggmam ehéid Srbydinenttianoiberaspast sbthepRsentiouantionsk!G. 13 is a
schematic functional block diagram of an egégodiment of another aspect of the present invention. Best

Modes for CAihg Bir thE HyEHHGH HULd SEEBSHThagroAtenae i oo arAEREL Akt of a first

aspect of thepresent imvention in which parameters are chosen to match experimental data

according to Zwicker (squares and circles). The vertical scale is loudness in sonse
(logarithmic base 10) and the honzontal scale is sound pressurs level in dacibels.

FIG. 10 15 a schematic functional block diagram of an embodiment of a further
aspect of the present invention.

FIG. 11 15 2 schematic functional block diagram of an embodiment of yet a
further aspect of the present invention.

FIG. 12 15 2 schematic functional block diagram of an embodiment of another
aspect of the present invention,

FIG. 13 is a schematic functional block diagram of an embodiment of another

aspect of the present mvention.

_ Best Modes for Carrying Out the Invention

As described in greater detail below, an embodiment of a first aspect of the
present invention, shown in FIG. 1, inchades a specific loudness controller or
coniroller function (“Specific Loudness Control™) 124 that anaiyzes and derives
characteristics of an input aundio signal. The audic characteristics are used to control
parameters in a specific londness converter or converter function (“Specific
Loudness™ 120, By adjusting the specific loudness parameters using signal
characteristics, the objective londness measurement technique of the present
invention may be matched more closely o subjective loudness results producesd by

statistically measuring loudness using muuliiple human histeners. The use of signal



present invention, shown in FIG. 1, includes a specific loudness controller or controller function
("Specific Loudness Control") 124 that analyzes and derives characteristics of an input audio signal.
The audio characteristics are used to control parameters in a specific loudness converter or converter
function ("Specific Loudness") 120. By adjusting the specific loudness parameters using signal
characteristics, the objective loudness measuremerit technique of the present invention may be
matched more closely to subjective loudness results produced by statistically measuring loudness

using multiple hmaadistaness. chaedsewhsiansdAncherasteristics faieentiol ludnesspgrameters
may also reduce the occurrence of incorrect measurements that result in signal loudness deemed

annoying to listEieFEAFgessmBah hre et s SR udncentsematbrimane Bohei®msFect of the
present invention, shawridadritad2n agls-a GsndRiioR, anlenmionhdieratiyedsain Adpdatei 33, the
purpose of which is to adjust iteratively the %3in of the time- averaged excitation signal derived from

the input audio Rigirat it HHE T sSeFABY 1oudnéddst 581 iAvIes o fiaihen G lwaliva fafgrence
loudness at 23Q RS 2z Becaysa the obiastivaimeasuiemenlefaeiseivat lgudness,nvolves an

inherently non-linear process, an iterative loop may be advantageously employed to determine an
appropriate gaifteraatcraEondneRd detedsornlisisauhael sigaalrantidheneasiand), However,
an iterative gain jpgp.sugroundingRn eniicefoudness measiement Sysien, suph ihgrne gain
adjustment is applied to the original input audio signal for each loudness iteration, would be expensive
to implement duzeagubethe pipeeaimeeraticmeay oiredrasiyetdrudnass awvuhate andnlsenandy long-term
loudness. In geperal,. i 4R arrangement mporal.integ g{'!%? requires <rec [ation for
each change of gg{?ﬁw the iteration. However,%gs]lei}é xplgqlrneql 1Fu?t%1er e]%%%’r? ”t%g) agségé%%sggf the
invention showrdinatsaamsisdirie tsedtFih 2lavithaisof iESmpntandivGigRathe teingiordl integration
may be perfor 0.l r é’@,g,p %}Qg‘; o]} ollow the nen-inear process that
forms part of t@%é&rﬂaﬁ%g%gﬁh ogi. I:Tﬁé%r procegﬁ%eé%%tﬁiggé%rggrﬁ To%sg%aeriogf%%gsiteration loop.
Thus, for measurement system, sach that the gain adjestment 1s applied to the original input

audio signal for each loundness iterafion, wounld be expensive to implement dus to the
temporal integration required fo generate an accurats measure of long-term loudness.
In general, in such an arrangement, the temporal integration reguires racomputation
for sach change of gain in the ieration. However, as is explained further below, in
the aspecis of the mvention shown n the embodiments of FIG. 2 and also FIGS. 3,
and 10-12, the temporal integration may be performed i linsar procegsing paths that
preceds and/or follow the non-linear process that forms part of the iterative gain
loop. Linear processing paths need not form 2 part of the iteration loop. Thus, for
example in the embodiment of FIG. 2, the loudness measurement path from input
201 to a specific londness converter or converter fonction (“Specific Loudness™) 220,
may incinde the temporal mfegration in time averaging function (“Time Averaging™)
206, and is linear. Consequently, the gain itsrations need only be applied to a
educed set of loudness measurement devices or functions and need not include any
ternporal integration. In the embodiment of FIG. 2 the transmission filter or
transoussion filter function (“Transmission Filter”) 202, the filter bank or filter bank
ction (“Filterbank™) 204, the fime averager or time averaging function (“Time
Averaging”) 206 and the specific loudness controller or specific loudness control

fimetion (*Specific Loudness Comirol™) 224 are not part of the iterative loog,



example in the embodiment of FIG. 2, the loudness measurement path from. input 201 to a specific
loudness converter or converter function ("Specific Loudness") 220, may include the temporal
integration in time averaging function ("Time Averaging"”) 206, and is linear. Consequently, the Bain
iterations need only be applied to a reduced set of loudness measurement devices or functions and
need not include any temporal integration. In thé’embodiment of FIG. 2 the transmission filter or
transmission filter function ("Transmission Filter") 202, the filter bank or filter bank function

("Filteroank"), 204i+the HBeRUIAELSALIMS BYerading patipnfitime MAveiaging:)206:and the
specific loudness controller or Specific loudness control function ("Specific Loudness Control") 224 are
not part of th&’K&fasive loop, 10 permitting iterative gain control to be implemented in efficient and

accurate real-time @ﬁm%&ﬁ{%'@@q«a@ #enctGnds R fdpctiopalploek diagram.of anembodiment of

a loudness measurer or loudness measuring process 100 according to a first aspect of the present
invention is ShodresAmeidicrsigietdor sohictraioig peaecasddsiresnedinis tac et espasingd is applied

to an input 1 . qw S| ro&o% s§ ?3%‘5!.@9 t‘g@:ﬁﬁﬁ% 0y, L ' u '§ applied to
two paths - a%glggn%ﬁ?{pgﬁt g%e%aﬁ'ates spe08|fic oudness In gac 0 a%lllﬁa{l}g}/}gﬁrégaency
bands that sitninatietthosecofishpmiitation patei{derichatéehdimagtivadasiiar nednbeane of the inner
ear and a second (side) path ing.a specific loudness controller that.selects. the ific loudness
s%x.%%%rlgcyss Qﬁq ”9}1@ ngnpux tﬁaﬁﬁl"% t?cg %wo dpearéggo cﬁ IIESt m%nj e%aglg%ﬁa#

functions or Mode oyed In the mainpa a preferre ment;’p ng of the audio is
performed in¢hiedigitabpdoifialondweeardinglyh thteaidialinp ot Sigpadns doaoiediby dhentliscrete time

sequence X[n] which has been sampled from the.audio source at some, sampling frequencyL. Itis
esumed thal RE SeeRts R PRSP ALy Ao LS ARG pnans: &)
decibels givegnayalsfR623 tsikflegiohkvin@knkpecific loudness controller that selects the specific
londness functions or models smployed in the main path.
In 2 preferred embodiment, processing of the audio 1s performed m the digital

domain, Accordingly, the audio input signal is denoted by the discrete time sequence

xin] which has been sampled from the andio source at some sampling frequency I
Tt 1s assumed that the sequence x[»] has been appmpriatsly scaled so that the rms

power of x{n] in decibels given by

. (1& s
RIS 5 =10log,y —_x°{n]
ne=}

Iz
is egual to the sound pressure level in dB at which the audio is being auditioned by a
human Listerer. In addition, the audio signal is assumed to be monophonic for
simplicity of exposition. The embodiment may, however, be adapted to multi-
channel audio in a manner described later.
Transmission Filter 102
in the main path, the audio input signal is applied fo & fransmission filter or

fransmission filter function (“Transmission Filter™) 102, the output of which is 2
filtered version of the andio signal. Transmission Filter 102 simulates the effect of
the transmission of audio through the cuter and middle sar with the application of 2

inear filter P(z). As shown in FIG, 4, one suitable magnitude frequency response of
P(z) is vnity below 1 k¥z, and, above 1 kHz, the response follows the inverse of the

threshold of hearing as specified in the ISO226 standard, with the threshold



is equal to the sound pressure level in dB at which the audio is being auditioned by a human listener.
In addition, the audio signal is assumed to be monophonic for simplicity of exposition. The
embodiment may, however, be adapted to multi- channel audio in a manner described later.
Transmission Filter 102 In the main path, the audio input signal is applied to a transmission filter or
transmission filter function ("Transmission Filter") 102; the output of which is a filtered version of the
audio signal. Transmission Filter 102 simulates the effect of the transmission of audio through the

outer and middle, gar with fhe QHBH i 9f1 ineay filter P(z). shown.in EIG, 4, one suitable
magnitude frequency response’of %@3 unﬁlg/l!g'e%\kg ipﬁh’#%r{? achg}\l/g('asic“khl—é,E ﬁeﬂ}%ggghostrg%llows
the inverse of th& mpestrollitnf heddngrassspeeifiedieth S22 =tahdald revitnthes threskdild 11
normalized to eqya| pnity at J kHz: By applying a ransmission filter, the audio ttlat s processed by
the loudness measurement process mgﬁ E?c?s%%%%é’%b%@ fﬁg%%gfd q‘?ﬂgf‘\ %VB ? éﬂ/ee% in human
hearing, therebyziragroving e, dhjeutipetolidnessninsiasiFéiFHOS, the fordpeiiof-depastaigsion Filter
102 is a frequen é%e endently. scaled version of the time-domajn input audio samples x[n].
Filterbank 104 T%ge |%{e)1'rf(§fI lga(ﬁ/g%egaﬁua 1 gﬁ%‘pﬁ%d%%“zt ﬂr%&elr%g%lﬁp F?ﬁ“g ank function ("Filterbank") 104
(FIG. 1). Filterbarnk 104 is designed to simulate thetexbtakidiipattern generated along the basilar

membrane of the inner.gar..The Filterbank ]i.%l ma .L clude_a set of linear filters whose bandwidth
and spacing are consta@t‘7 hik Iéglzz‘%%éi?/asfgﬁ (%cai%)apr%‘(%atp @a@?&ﬁﬂ%ﬁﬂ%‘ ERETRERE SRS Sale, as

defined by Moor¢ Fiadtaeky ol ek BEER (B). Fill=Manke] B Glaheiad T BagnatAdbodelifaidhe
more closely maltHE hEEH BU/AEBAOR AT e SRR B HbaERh s B RLEeG Sbjoctve
loudness measutementsibat matchisuliettive iohnessresilts de Batkiraauencysealg may be
employed with Equivalant ectangular Bandwidth (ERB) frequency scale, as defined by Mears,
Glasberg and Baer (B. C. I. Moore, B. Glasberg, T. Basr, “A Model for the
Prediction of Thresholds, Loudness, and Partial Londness,” supra).
Although the ERB frequency scale more closely matches human perception
and shows improved performance in producing obiective londness measarements that
match subjective londness results, the Bark frequency scale may be employed with
reduced performance.
For a center frequency fin hertz, the width of one ERB band in hertz may be
approxtmated as;
ERB(F) =24.7(4.37 £ /1000 +1) (0
From this relation a warped frequency scale is defined such that at any pomt
along the warped scale, the corresponding ERB in units of the warped scale is equal
to one, The function for converting from lnear frequency in hertz to this ERB
irequency scale is obtained by integrating the reciprocal of Eguation 1

1

HzToERB(f ) = ,{ 24.7(4.37F/1000+1)

df =21410g,,(437//1000+1) (2g)

Itis also usefnl to sxpress the transformation from fhe ERB scale back to the
linear frequency scale by solving Equation 2a for f

ERBToHz(g) = { = @Qlo(eizl,4-x)

4.37 ’ (2b)



reduced performance. For a center frequency fin hertz, the width of one ERB band in hertz maybe
approximated as: ERB(f) = 24.7(437f 24.7(4.37f/1000 +1) (1) From this relation a warped frequency
scale is defined such that at any point along the warped scale, the corresponding ERB in units of the
warped scale is equal to one. The function for converting from linear frequency in hertz to this ERB
frequency scale is obtained by integrating the reiprocal of Equation 1. HzZToERB(f)=J
df=21.4i0g10(4.37f/1000+1) (2a) 24.7(4.37f/1000+I) It is also useful to express the transformation
from the ERGsgale E%%%%@Sf%%ﬁﬁ%ﬂéﬁ%ﬂ%ﬁé@@%@%@&ﬁﬂ At FRETEB2(e} . 1
=41.3700010'd'a".a-i~, (2b) 12 where e is in units of the ERB scale. FIG. 5 shows the relationship
between thesERBawttequstdyagusney in hertz. The response of the auditory filters for the Filterbank
104 may be char r rg gl Iy IR filter [ ecifically, the individual
auditory filters at ?g%%eir%? %%l?gn%@@ﬁgn- %&%ﬁ%@?ﬁﬁ?m §r§é&1‘%’cﬁ§ tft%l'vl Iﬁﬁ?e?%ank 104 may be
defined by thehtrvetfthi vt endniRyplansieredurschip stad dzrd GR-BiE- 2oce spé2HiRITy)ztheaz2) 3 O

(1-2rA cos(2rrfs./ f)z-l +7.AZ-2)6 where fA= f2+Bw, (4a) .=e-2E,rf (4b) Bw, =min(1 55ERB(f ),0.5f. ,
(4c) B=min(E ggzlg‘lle&:u(%@é)é%a%(?,?Fﬁfgfﬁ‘}ﬁﬁ?ﬁs(cxz’ tnb.lb'égz,?g?é)gfg Illé[}%én%%\r%egi% requency in
hertz, and Giigia,parpnalizingfRetos 408 ethbelfin order IR transfer function:

(120~ 31 cos(2ry /1) +757%) 3)
{1—2."/4 COS(ZJ'Q[A fj;)z"z +?.Az——2}6 »

H,(2)=G

where

fdﬂ.\jf:.}.}}j, (43)

ry =g (4b)
B, =min{l.5SERB(f,},0.51, , (4¢)
fa= zﬁin{ERBscczie“ (ERBscale(f,)+5.25), £./2}, (4d)
rp =0.985, (4e)

7. 18 the sampling frequency in heriz, and (7 15 a nornmalizing factor to ensure that
each filter has unity gain at the peak 1n its frequency response; chosen such that
J=1. (45)

The Filterbank 104 may include A such auditory filters, referred to as bands,

m{ﬁ (&™)

at center frequencies f)[11../. [0 spaced vniformly along the ERB scale. More

specifically,

.]::U-} = fmin {53')
Fiml = f.lm -1+ ERBToHz(FHzToERB(f [m~1}+4) m=2.4 (5b)
T < s (5¢)

where A is the desired ERB spacing of the Filterbank 104, and where 7 and 7, are
the desired minimwm and maximum center frequencies, respeciively, One may
choose A =1, and taking into account the frequency rangs over which the human ear
is semsitive, one may set [, =50Hz and f,,, =20,0008z. With such parameters, for

example, application of Equations 6a-c yields M=40 anditory filters. The magnitudes



each filter has unity gain at the peak in its frequency response; chosen such that maH (e"}1}=1. (4f)
The Filter oank 104 may includeM such auditory filters, referred to as bands, at center frequencies f
[1... f [M] spaced uniformly along the ERB scale. More specifically, Jo[1]' fmin (5a)
f[:n]-1[4ERBToH.z(HzToERB(f [m-1])+A) m=2..M (5b) L[M] < f., (Sc) where A is the desired ERE
spacing of the Filterbankc 104, and where fm;n and fzare the desired minimum and maximum center
frequencies, respectively. One may choose A =1, and taking into account the frequency range over

which the humar&e i itive em t fm16 = 50Hz and fine =.20,00Q1- ith such
parameters, for ex%r%%ﬁ%@ﬁ%%%ﬁ% ’ég{%%gﬁglgg%nﬁ%&gﬁé{4%%ﬁo% %]Fe . ﬁ@aﬁﬁi’aﬁﬁitudes
13 of such M auditownfilterE :which approximate critical banding on the ERB scale, are shown in FIG.

6. Alternatively, the filtgring operations .be adequately approximated using a finite length Discrete
AR 08 LR ORsaHoRn D P v NP T FaERORA EPSET),

Fourier Transform, commonﬁ/ re as the
because an implénieritatigih isnieg HafiteTsaatihesamphngniateeibeaudissignak.reigired to as a

full-rate implementation, s _belieyed to pro q%) re. temporal resolution than is necessary.for
accurate Ioudnei%s%%tgéﬁ%%rﬁéﬁ%%%%ig% t g@T BRSSPI PR BRI Rte e fbarsan
improvement in efftbiesoymineg: necticfide imdmputalional complexityrmay e anbiavedqhheSTDFT of

input audio sign%p%ngfé ?efined S: N-i 27th Xg%l;tdw[@xggg)ei N, (6) n~o where k is the frequency
index, t is the time DIOCK Maax, AT R BRI, ESPHEHHR than 1s necessary for accurate Joudness

measurements. By using the STDFT instead of a full-vate implementatior, an
improverment in efficiency and reduction in computational complexity may be
achieved,

The STDFT of input audio signal x{n] is defined as:

ko

L

winlxin + T }eﬁT R (6)

Xk tl=

[~]

i

k-4
B

where & is the frequency index, ¢ is fhe time block index, I is the DFT size, 7 is fhe

hop size, and win] is a length N window normalized so that

M-l .
sz =1 (7)

=0

Note that the variable 7 in Equation 6 is a discrete index representing the time
block of the STDFT as oppesed to a measure of time in seconds. Each increment in 1
represents a hop of 7 samples along the signal x[n]. Subsequent references to the
index ? assume this definition. While different parameter settings and window shapes
may be used depending upon the details of implementation, for 7, = 441005z,
choosing N = 4096, T = 2048, and having w[»] be a Hanning window produnces
excellent results. The STDFT described above may be more eicient using the Fast
Fourier Transform (FFT).

In order to compute the loudness of the input audio signal, 2 measure of the
audio signals’ energy i each filter of the Filterbank 104 is needed. The short-time
energy output of each filter in Filterbank 104 may be approximated through
multiplication of filter responses in the frequency domain with the power spectram of

the input signal:



hop size, and w[n] is a lengthNwindow normalized so that Yw2 p7] (7) n=0 Note that the variable t in
Equation 6 is a discrete index representing the time block of the STDFT as opposed to a measure of
time in seconds. Each increment in t represents a hop of T samples along the signal x[n]. Subsequent
references to the index t assume this definition. While different parameter settings and window
shapes maybe used depending upon the details4of implementation, for fs = 44100H choosing N =
4096, T = 2049, and having w[ n] be a Banning window produces excellent results. The STDFT
described above may be more elffrcient using: ast Fourier Transform (FFT). In order to compute
the loudness of the inpufEtéic ,fa(l‘heggﬁké of)thle[ka(ﬂ}dlo signals' energy( each filter of the
Filterbanl. 104 is needed. The shorf time energy output of each filter in Filterbank 104 maybe
approximatesviimoug s ﬁmhqnla?caﬂmimf filietrebpotsanibthefrdduariby tensaissdth fierpdiver

spectrum of e put .t Hfm 12 IP(e here.in is the band
number, t is oER %%9%@&1#% Juthe tranRn Igr%%(glon%ﬁf’gfs F%Tﬂdlﬁ&%éo O%QAE;%%QP}SMS for the
magnitude raﬁpﬁmisﬁ qﬁébﬁaumtﬁtyuﬁﬁets&)ﬂwbﬂwaremﬂmqemmﬂ&moﬁaﬂa@émﬁmmy be used in

Equation 8 to a |ev S|m|Iar ts For le, Moore and_Glasberg propqse a filter shape
described by BT ExpE AT O AL D B LSRR ol SOOH IR PReABh it a slight

reduction in %@Mé@%ﬁ@ﬂ%ﬂﬁ%@ﬁﬁ@%ﬁ&ﬁﬁ@? fiteqasan lzrlctgz\/ﬂa!inkﬁﬂ%ﬂﬁﬁ%miﬁh a
bandwidth of one ERB, and as a further approximation, the transmission fllter P mang pulled out of

the summatidRERIHRTS B RSEOEFARAG PRSI MR QB AT (FRoR flfer oA SRkt ok

pass with a bandwidth of one ERB, and as a further approximation, tha fransnission

filter P may be pulled ont of the summation. In this case, Equation 8 simplifies to

i, )= Py >k AP (%a)
k, = round{ EREToHz(HzToERB(f,[m]}~1/ 2\N | f,) (9b)
ky = round{ERBToHAHzToERB(f,Im])+1/ )N [ 1.) (9¢c)

Thus, the excitafion output of Filterbank 104 15 a frequency domain representation of
energy F In respective ERB bands m per time period .
Multi-Channel

For the case when the input audio signal is of a mulii-channel format to be
auditioned over multiple londspeakers, one for each channel, the excitation for each
mdividual channel may first be computed as described above. In order 1o
subsequently compute the perceived loudness of all chammels combined, the
individual excitations may be summed fogether into a single excitation to
approximate the excitation reaching the ears of & listener. All subsequent processing
is then performed on this single, summed sxcitation.

Time Averaging 106

Research in psychoacoustics and subjective loudness tests suggest that when
comparing the loudness between various audio signals listeners perform some type of
temporal integration of short-term or “instantaneous” signal loudness to arrive at 2
value of long-term perceived londness for vse in the comparison. When building 2

modsl of londness perception, others have suggested that this temporal integration be



k, = round (ERBToHz(HzToERB(f [m]) -1 / 2)N / f) (9b) k, =tumid(ERBToHz(HzToERB(f[nz])+1/2)N/ f)
(9¢) Thus, the excitation output of Filterbank 104 is a frequency domain representation of energy B'in
respective ERR bands in per time period t. Multi-Channel For the case when the input audio signal is
of a multi-channel format to be auditioned over multiple loudspeakers, one for each channel, the
excitation for each individual channel may first be epmputed as described above. In order to
subsequently compute the perceived loudness of all channels combined, the individual excitations

may be summegkinggibeniiip @ SlURRXIRLNNLLG apaRRAle M AXEIaian leacng the ears of a

listener. All subsequent processing is then performed on this single, summed excitation. Time
Averaging 106 Regeswhiiiepsyehcaequssivs ancsubjcotive dotrimessdidsts thiggosicttwt when
comparing the Q@é&g&&b&% een yargusy Y (o] 'gg Is listener rform some type .of .temporal
integration of short-term or "instar?taﬁ{eousﬁ sﬁgng IoﬁLJI ﬁle?’stg Sagrsr%%oa a"vga u%%%élr?\%t}?enrm perceived
loudness for usksivthg sonsparisorcdMtersprtidinipadmedeBof touttmessypir eptothinthetsrtave
suggested that fhis te 3l ntegeati I3 Rerformed. after the excitation has been transformed
non-linearly into sp ci{ﬁggfgugn&%ﬁ%%gvﬁé%i%egﬁgg%ﬁ? TnVeRtors %%%H%E%Sr?nnfn%getﬁ%%h?s temporal
integration maysimiddentiateisniagdéledaligimlywhencsmputhip ghonstive thxtitationtcief arepltds o
transformed intg specific loudness..By performing the smoothing prior to computatign of specific
loudness, acco(r%:hglgrn olglnogas‘bre?gt%o }%(telgsréns“éaﬁ %éelﬁﬂé%?%s %lé}l‘é} Tt 8&@\%?1%{]% i%’?ealized when
computing the gaiptahratifeeiistbdievappliacin resiynabimdntel to adipstiismanstiediehdness in a

prescribed mangetr.aég %@%Qe ];uergg;et% Eﬁ'% t&e ain may be _g@cuﬂ!a’t‘ d by using an ite ative_z loop
that not only extludes the excitation caleuration Put ?é%?gt%/‘g% Hg&g%@ﬁ{é?ﬁbgrgfp gration. In
this manner, thesitegation Jobptmaygenaraie thegain tbsugly cenerate the gain through

computations that depend only on the current time frame for which the gain is baing

computed as opposed to computations that depend on the entire time interval of

temporal integration. The result 1s a savings in both processing time and memory,

Embodiments that calculate 2 gain vsing an iterative loop include those described

below in connection with FIGS. 2, 3, and 106-12.

Retorning fo the description of FIG. 1, linear smoothing of the excitation may
be moplemented in varions ways. For example, smoothing may be performed
recursively using a time averaging device or function (“Time Aferaging”) 106

employing the following eguations:

- - 1 -
Em, f]= Elm,t -1+ Elm, 6 — Ein,t —
im. ] = Elm,1 1] é’[m,r]( im, £1— Eim 1}) (10a)
Fim,tl= 2 Fm,r-1+1, (10b)

where the initial conditions are Elm~11=0 and &im~1=0 A unigae featre of the
smoothing filter is that by varying the smoothing parameter 2, the smoothed energy
E{m,?] may vary from the true time averags of Em.i] to a fading memory average of
Emi]. If 4, =1 then from (10b) it may be seen that &[m,fl =1, and Eim,f] is then
equal to the true time average of Ejm,1] for time blocks Ouptor. ¥ 0<i <1 then
E[ni,f} =1/~ 2,) as t—w and Elm,7] is simply the result of applying & one pole

smoother to E[m,r]. For the application whers a single number describing the long-



computations that depend only on the current time frame for which the gain is being computed as
opposed to computations that depend on the entire time interval of temporal integration. The result is
a savings in both processing time and memory. Embodiments that calculate a gain using an iterative
loop include those described below in connection with FIGS. 2, 3, and 10-12. Returning to the
description of FIG. 1, linear smoothing of the excdkation may be implemented in various ways. For
example, smoothing may be performed recursively using a time averaging device or function ("Time
Averaging") &6, mpiexing thafalowing egentiensneimit|aBhmd; bt mE{eetE 02 ki £10a)
a[ns,t]=d ffim,t-1]+1, (lob) where the initial conditions are E[m,-i] = 0 and o-[n:,-i] = 0. A unique feature
of the smoomin'@om@erq@ﬂmpﬁm@twé@m%@hwbhmméxé:ra)skﬁ&petﬁmgmmﬁ@dlemrgy E[m,t]
may vary fro Vel t Ly ve_g,age of E[ % 1 then from
(IOb)ltmaybéggméé%O Hﬁ“ %‘&? % ﬂ)tr%%%gi&%ét%ﬁ tru%l fime aﬁleIPaléggqo %[qr% t] for time
blocks O up tgst. Af Q;_tﬁe)sgrﬂh&m@g foPal mnd E[m,t] is simply the result of applying a one pole
smoother to E[m, t] . For the application where a single number describing the lona 16 term loudness
“of a finite length a@i@@@grﬁ“@m ieedEsiatt e m%?[geﬂx#, mayfbe ditsirabito taoml shes-application
where one w d I|ke to l;[ra he t|me V., éii:]gtlon é%r udness of a. r%tlg us audio sfream in
real-time, on an“d 1)53% € sa evafte for AT R ea TS § B & average of
E[?n,t], it mayoberm@&lrablecthmm|ﬂamm@enmﬁism@aimit&ﬂmham&ﬁpﬁ&ger@dmm sattgteaniihdo not

contribute to the perceived |oudness, To achieve this, a s d th esholded smoother may be run in
parallel with S§?ﬂ8§’tﬁ% ' %Gld&fﬁ%e‘é% ﬁ@%ﬁ% rﬁ@?%dﬁﬂ@‘&}r‘f@m IG&E[m, 1] is

small relative, {Qul, M MBNe 10 Zjm, 1

=] vl

[
Einz,f]=f['”’f“1}+—[m ](Efmr] Epm,t~11) ZE[W ﬂ>mm\;~5mﬂm&)

E[m, -1, otherwice
[ M B gy
— 10
Fim £ = 3;%,,5—1:;1,: IT+1, z Elm,t]>10 Z;E[m,t}’ (110)
|&m, 1], otherwise

where B is the reiative threshold specified in decibels. Although it is not critical to
the invention, a value of {dB = -24 has been found to produce good results. I thereis
no second smoother running in parallel, then Efm.f] = Em,1.
Specific Loudness 120

Tt remains for the banded time-averaged excitation epergy Elm,:] to be
converted into a single measure of londness in perceptual units, sone in this case. In
the specific londness converter or conversion function (“Specific Londness™) 120,
each band of the excitation is converted into 2 vaiue of specific loudness, which is

sagured in sone per ERB. In the loudness combiner or loudness combining
function (“Loudness™) 122, the values of specific loudness may be integrated or
summed across bands to produce the total perceptual loudness.
Specific Loudness Control 124 / Specific Loudness 120
Mulaiple Models
In one aspect, the present invention utilizes a piurality of models m block 120

for converting banded excitation to banded specific loudness. Control information



E[rn,t-[] ~E[m,t]-E[m,t-1] ~E[nh,t]>IOW y~E[m,t] r] (Ila) 07 LE[rn, t -1), otherwise M ?snr _ =<?
c[m,t-1]+1} . E[rn,t] > 1010 E[m,t] F[m,t] llb -1), otherwise where tdB is the relative threshold specified
in decibels. Although it is not critical to the invention, a value of tdB = -24 has been found to produce
good results. If there is no second smoother running in parallel, then E[m,t] = E'{m,t]. Specific
Loudness 120 It remains for the banded time-averaged excitation energy E[m,t] to be converted into a
single measure of loudness in perceptual units, sone in this case. In the specific loudness converter or

conversion funggion: (- ific. L ") & c iFatlon | nto F. value
of specific Ioud%%gf%v%?gﬁ fgebngﬁgglﬁi%%r% égﬁle%p%éfg é’%’é@ﬁ%{%ﬂ&%%%gﬁs? 8%&%%%(%%10&&%55
combining fungtidn (¥lsotdnessitl 122 ofieolatbesafspacificiobidnessshaynivbmtegiatbd or summed

across bands g pradue (e (otapercepiual loudnsss, Speciic Laudness Gaptrol 124/ Specific.
Loudness 120 Mu |p?e Noder 1none aspect, the présent invention Utilizes a p‘riluraﬁty of models in
block 120 for ceslweiitinghaoredexgitatitn oudanced spesifietodmnessy iahteadinfotmaatidn 17

derived nom the, input audio signal via Spegifi Lou%tr.@ s Control 1% in the side path selects a model
or controls the gre%ﬁet%l (%luvéh%h g%rggés *coa% r%ﬁ & 1(5’/’#1e’ev‘zsp"e}lm i ékuc?r{ec%n.sgi’n i%)crﬁ’ ik 4, certain
features or chasactiistibsihbbaissbeful fan=setdclingiahe ertmorel Spaeifis musnessariedals from

those available%;gegax g%%?f%a desirable to use more than one model, the contro! information may
also indicate how such models should be combinad.

For example, the per band specific loudness N'{m, 1] may be expressed as a
linear combination of the per band specific londness for each model N[m, ] az

N'im,fl= iag{nz,r}f\?’;[m, i, (12)
7=l
where O indicates the total nwmber of modsls and the control information & fm,1]
represents the weighting or contribution of each model. The sum of the weightings
may or may not egual one, depending on the models being usad.

Although the invention is not limifed to them, two models have been found to
give accurate results. One mode! performs best when the audio signal is
characterized as narrowband, and the other performs best when the aadio signal 1s
charactenzed as wideband.

Initially, in computing specific londness, the excitation lsvel in each band of
Eim,f] may be fransformed to an equivalent excitation level at 1 kHz as specified by
the equal loudness contours of ISO266 (FIG. 7) normalized by the transmission filter
P{z) (FIG. &

Bl 1= Ly, (Enet], £im], (13)
where L, (E, /) is 2 function that generates the level at 1 ¥Hz, which is equally loud
to level F at frequency /. In practce, 7,,.(E, /) is implemented ag an interpolation of
a look-up table of the equal loudnsss contours, normalized by the fransmission filter,
Transformation to equivalent levels at | kHz simplifies the following specific

londness calenlation,



from the audio. Control signals that indicate which model, or combinations of models, should be used
are generated from the extracted features or characteristics. Where it may be desirable to use more
than one model, the control information may also indicate how such models should be combined. For
example, the per band specific loudness N'[m, t] may be expressed as a linear combination of the per
band specific loudness for each model No[m,t] g§: N'[m,t]= 5 aq[nz,t]N [m,tl, (12) where 0O indicates
the total number of models and the control information aO[m,t] represents the weighting or

contribution. of each model The sum of the weightings ,may or may not tonal one, depending on the
models being ussa’.e ﬁtﬁ%“‘u@‘?ﬁﬁg“i QurigRs F&ﬁgﬁlﬁ%&é%ﬁw@f@% d&is have been found to give
accurate results. One rmoggt]pggt%mﬁ;g%yw}{gnam@,qqu,p[ﬁi,gpal is characte(ljzgd as narrowband,
and the other performs best when the audio signal is characterized as wideband . Initially, in
computing speificouldrd se:dtig excilaticrerspsiiil @agncsanaleds Bpsed ongisaraapatérined to an
equivalent excitation level at | as specified the equal loudness contours of 1S 0266 (FIG. 7)
normalized W@Eﬁ?ﬁﬁé&ﬁﬁfﬁ?ﬁ%@ﬁﬂ%ﬁ%z %WE 1&9‘] LI SRR SRR B where is a
function thatigepesatesdhe levet abd: hizomhiahismaualiy loutlota JevelEatifaavenenicinpractice,

Lu"(E, f) is iniplemented as an interpolation of a look-up table of the equal loudness contours,
normalized Wﬁﬁ@&?ﬁﬁ@ﬁ%’sion filter. Transformation to equivalent levels at 1 kHz simplifies the
following specific laudpess.calouiation, I8 pMext thespecificlovdness i each handsmay be computed
as: N'[m,t]l=a[m,{JN'B[m,t]+(1-a[Tn, )N, {in.t], (14)pwhere N1,,B[m,t] and are specific loudness values
based on a naspvdanchand Hidedent-sigabbmisddhrespertive yrthentdlifmafnintlis an interpolation

factor ( P
;== TE e
| E i im, ] _J E  Tmil»10 1
N}W;[m:ﬂ=1 ”’*Lk TOr Dl
0

) (152)

, , otherwise

e
[ E g im 1t = T
, G, ( oot - MEAERS B O R b 4 B A

ng{m,f]=% mzk T L

LQ, A atherwise

; (15b)

where T0,... is the excitation level at threshold in guiet for a 1 kHz tope. From the
equal loudness contours (FIGS. 7 and 8) 70, equals 4.2 dB. One notes that both of
these specific loudness funsﬁons are equal to zero when the excitation is equal to fhe
threshold in quiet. For excitations greater than the threshold in quiet, both functions
_grow monotonically with a power law in. accordance with Stevens’ law of intensity
sensation. The exponent for the narrowband function is chesen to be larger than that
of the wideband function, making the narrowband function increase more rapidly
#han the widsband function. The specific selection of exponents £ and gains G for
the narrowband and wideband cases and are discussed below.
Loudness 122
Loudness 122 uses the banded specific londness of Specific Loudness 120 o

create & single londness measure for the audio signal, namely an output at termmal

123 that is a londness value in perceptual units. The londness measure may have
arbifrary units, as long the comparison of loudness values for different audio signals

indicates which 1s louder and which is sofier.



lying between 0 and 1 that is computed from the audio signal, the details of which are described
below. The narrowband and wideband specific loudness values N~B[m,t] and N6[m,t] may be
estimated from the banded excitation using the exponential functions: .[in,t] Ouo rg, I' [m,(]= G~B~"
TQ,~,) 1~'E1W in,t]>10 10 (15a) O, otherwise Cum 1'fm>t]=~Gal, t,~jm,t]>10 10 ( T i5b) ~O,
otherwise where TQ",,, is the excitation level at thréghold in quiet for a | kHz tone. From the equal
loudness contours (FIGS. 7 and 8) TQ , equals 4.2 dB. One notes that both of these specific loudness
functions are equal tozerewhen e GiRINRSBAHAN S g teshRd iR guiss Eourxsitations

greater than the threshold in quiet, both functions grow monotonically with a power law in accordance
“with Stevens' laheoshataRgiRdBRSHB AL T BN BAREST the narrowband function is chosen to be

larger than that of the wideband function, making the narrowband function increase more rapidly than
the wide-band function. Th§[§b‘eé§‘cN§élébﬂon of exponents G and gains G for tHd&arrowband and
wideband cases and are discussed below. Loudness 122 Loudness 122 uses the banded specific
loudness of Spewifirt duthiss R tpauneaipeal Sid) e Buckmess the Burpdantbemudipasigngl, namely
an output at terminal 123 that is a loudness value in perceptual units. The loudness measure may

have arbitrary dRitsZRRIhg thEESHPTRSO Ut Re e AT LB tifferdAtsaBaib SRy A5 ifficates
which is louder gndihiehyis safternddiThedoial gudness exessadhin: Halls, PLSONG [0aye,.
computed as the sum of the specific loudness for all frequency bands:

Zwicker (the circles in FIG. 9) (Zwicker, H. Fastl, “Psychoacoustics - Facts and

Models,” supra). The parameters Gy, and £, in Equation 15b are chosen so that

when afm,r]=0, a plot of N in sone versus SPL for uniform exciting noise (noise with

equal power in each ERE) substantially matches the corresponding results from

Zwicker (the squares in FIG. 9). A least squarss fit to Zwicker’s data yields:

Gy = 0.0404 (172)
B =0.275 {17b}
Gyp =0.058 {17¢)
B =0212 (17d)

FIG. 9 (solid lines) shows plots of loudness for both unifonm-exciting noise

and a 1 kHz tone,
Specific Loudness Control 124

As previously meuntioned, two models of specific loudness are nsed in a
practical embodiment (Equations 152 and 15b), one for narrowband and one for
wideband signals. Specific Loudness Conirol 124 in the side path calcnlates a
measure, afm,r], of the degree to which the input signal is either narrowband or
wideband in each band. In a general sense, afm,7] should equal one when the sisnal
is narrowband near the center frequency fm) of a band and zero when the signal is
widsband near the center frequency s [m] of aband. The control should vary
contimously between the two extremes for varying mixtures of such features. As a
simplification, the confrol ofm,r} may be chesen as constant across the bands, in

which case aim,1] is subsequently referred to as aff], omitting the band index m. The



S[t] = A7 ]V'[m.t], (16) where d is the ERB spacing specified in Equation 6b. The parameters G,,,B and
P. in Equation 15a are chosen so that when a[m, t] =1, a plot of S in sone versus SPL for a | kHz tone
substantially matches the corresponding experimental data presented by Zwicker (the circles in FIG.
9) (Zwicker, H. Fastl, "Psychoacoustics - Facts and Models," supra). The parameters G,,,,,, and f'B in
Equation 15b are chosen so that when alma] = & a plot of N in sone versus SPL for uniform exciting
noise (noise with equal power in each ERB) substantially matches the corresponding results from

Zwicker (the sguates;in thka :9)rAdee s sguaresHiitiow wiskersdatahweldaxGmzro® @104 (17 a) fun
=0.279 (17b) GUT =0.058 (17/c) p~=0.212 (17d) FIG. 9 (solid lines) shows plots of loudness for both
uniform-excififitfaoiddihangtng sfatlsiactpé dncrbaiHERS Leh#oIPPlAs ¢resibasdiPFientioned, two

models of specilc ipudneas s yeed: ikl asicaLR dadme sk rauatons oaang L), one for

narowband and’one for wideband signals. Specific Loudness Control 1247in the sid€ path calculates a

measure, a[m.t], ol tirecdegrelecto] wiiy bereinpuesigivatiSeiteitaarrofivariceb thaiaepainf in each
band. Inag I | sense, a[m,t] shou eqL al one when the si n%l is arrow-band near the center
frequency ?;gz?“oﬁ% §§ﬁ§%%%l ?éa}% vﬁ%ﬁlhﬁg%i“g%a % p&v?&%%m%ﬂ cﬁetg‘? ﬁ@%ﬁ%ﬂ'fé%ﬁé&cy f1m] of a
band. The centphshadld arandegorttinelusiybitweeribe fino axiremiesmtiudvaryingnthixtures of such
features, As a2 simplification, the. control ggﬁnﬁye ay be chosen as constant across the hands, in which
case a[rn,t] is‘glfg@&%ﬂﬁ?%f@%r’é%ltﬁ S g;rﬁ%tﬁbwﬁstﬁé"? SRR T TR a[t] then
represents am&g&é&g&u@ﬂ@wbam the signal is across all bands. Although a suitable method
for generating such a control is described next,

“Spectral flatness” is & featurs of E7,7] from which «ff] may be computed.
Speciral flatess, as defined by Jayant and Noll (N. S. Jayant, P. Noll, Digital Ceding
Of Waveforms, Prentics Hall, New Jersey, 1984}, 15 the ratio of the geometric mean
to the arithmetic mean, where the mean 15 takesn across frequency (ndex »1 in the
case of Eim,#]). When Ejm,{] is constant across m, the geometric mean 1s equal to the
arithmetic mean, and the spectral fiamess equals one. This corresponds to the
wideband case. If Elm,7] varies significantly across m, then the geometric mean 13
significantly smaller than the arithmetic mean, and fhe spectral flatness approaches
zero, This comresponds to the narrowband case. By computing one minus the
spectral flainess, one may generate a measure of “narrowbandedness,” where zero

corresponds to wideband and one to narowband. Specifically, ons may compute one

minus a modified speciral flatness of E[m, 7}

1

Mf_[f E'[H'I,f} AL M
L eiiolPm]
NBji|=1—-

] MAD B,
M =M1+ L S | Py

(18}

where Pim] is equal to-the frequency response of the fransmission filter P(z) sampled
at frequency o = 247,0m}/ /.. Normalization of E{m,{] by the transmission filter may
provide betier results because application of the ransmission filter introduces &
“bump” in Efm,7] that tends to inflate the “narrowbandedness™ measure.
Additionally, computing the spectral flatness over a subsst of the bands of Efnz,7]

may yield better results. The lower and upper Iimits of summation in Equation 18§,



th!va particular method is not critical and other suitable methods may be employed. The control a[t] may
be computed from the excitation E[na.t] at the output of Filterbank 104 rather than through some other
pfprocessing of the signal x[n]. E[rn,t] may provide an adequate reference from which the
g"ér{arrowbandedness" and "widebandedaess" of ).,[77.1 is measured, and as a result, a[t] may be
Qinerated with little added computation. "SpectraFflatness"” is a feature of E[in,t] from which a[t] may
be computed. Spectral flatness, as defined by Jayant and Noll (N. S. Jayant, P. Noll, Digital Coding
Of Waveforms }Prénticeliall, Befindersayod 984 misithe rigief the:geemstricanean to.the arithmetic
mean, where the mean j*s taken across frequefncTy (index nz in the case of E[rn,tj)). When E[m,t] is
ﬁ;iﬁnstant acrosé fssiid Jebnvbtiicanéad. s éutiabtottireparithmetiEimearh andthenspectral fatness
efjuals one. Thg$i%pg§%§ﬁna%1t%g@ wideband.case. IféE/[[n,t] varies significantly across n2, then the
geometric mean s’ Signt cAntly Smatier than the 2rithinétiE TidshiaHd Bseepaetrdhmaiionsts
approaches ze#a<this:comresnends teithe arrowband case, By .computing one minus the spectral
flatness, one may generate a measure %E‘r%ai’;rré%vmk%agﬁdé%%%%ﬁﬁvj\%%er?g&%éfg%ésr%ﬁﬁ%% to wideband
ahd one to naresWiing. Sprevifically, one snaycompute one minus amodified spectral flatness ofE[n,t]:
M.[t] ~Pt712]~ ABIt) =1 [~ rqﬂ . .18,%5‘ E[; Jt]Am [ ~P[m]rz where P[m] is equal to the
m;équency response of%hj]g&“tjr}%r%ér‘h%éh} ’fil%éf V?% Jém/t[itﬂé@} Atfrequency co = 2iimji%2. Normalization
b[E[m,t] by thedtiansmissign=titer may provide better results because application of the transmission

fi ter introduces a "bump" in E[ns,t] that tends to inflate the "narrowbandedness" measure.
Additionally, computingtH&-EBectdl. ffatmess b\eFa sabsef.6%hd bands ofE{in.1 mihyield better

!’EEjSUHS. The lower and ypper imits of summation.in Equation 18, 21

= H210 (19¢)
F2ToERB( [, 1M, [F]D) < BzToERB(/.IMT) (19d)

b

wazre CT17] is the speciral centroid of Elm.7] measursd on the BRE soale:

Bt

Crif] = == ' (152}

ldeally, the limirs of summation, A4 and AL [r], are centerad arcund CTVY]
wpen measured on the ZRB scals, but this is not aiways possible when CT1 s near
the lower or upper limits of ifs range,

Next, WBlr] may be smoothed over time in & manner analogons to Eguaton

liz
-1+ g T ) w5
e NBl =T+ H-NBL ~10 > Eim]»100 0y Bim s
N:Bif‘:ﬁ | T \NE;Z‘"% NBY -1 £ g Bm ) =101 LJJL;HF? ! (n)_ox)
[ . [ 4] ) i Saal
| NBjr -1, olherwise

4 nmur"";n._“' -(n ‘y- :‘,‘.-L' L R o P — Lt . m
whers oif] 15 squal 1o the maamum of #m, 1], defined in Eguation 11b, over all m,

Lastly, air] is computed from VB as follows:

{O,/ EI)L‘JBM}«:O
ol =<®WBY,  c<ofBIil (212)

OB =1

whers

rp= 102568 — 2283205 + 14,3860 — 2,0504 (21b)
A DBEEx - 2,0504 (210




it M,[r] and M" [r], define a region that may be smaller than the range of a hi4ifbands. It is desired that
M,[r] and M" [r] include the pornon off- [rn,t that contains the majority Till of its energy, and "hat the
range defined by M, [ t] and n~"[r] be no more than 24 units wide on the ERB scale. More specifcafy
(andrecaltsng that ;_[in] is the canter frequency of band rar in llz), one desires: HzTaERB(l ilk Ir]]
TOEPwp({ [M,[r]]) = 24 (19a) and one requires:?RL-ToERBL; lu.[il]) ? CT[r'> | oEP' [I f,(r]J) (19b)
p-z70E., B(,'<41/Ir[t]])?Hz,-OaaT~LIl) (19c) rzToEP,Br (M,,[tll) CJzTo RB( [1u_];, (19d) where C21,",

is the spectrad igenireichelltdct] measHred-pisthe: BRscale: oiRediQERE Easkiinib &d(z] _ (14e) T

[m;t] Ideally, the limits ofs ,anon, 1V/r[t and M"itl, are centered arosnd C77 1 when measured on the

ERE scale, b fhiadhiicimiiwigiap cdsimeanncihosulyrehiealy zeaens lordppeoimid et its rar_ge.
Next IVBIr] m%qﬁ §?10%thed verltime in a manner analogous to Equation ~-l,a: ivB r; = 1JBI 1
:(TEBirl-lvéf; 17 ff‘g’é’ E’ﬁ-e_r ~clf 'm (2Q) ~NBJt -1" other w ge where IN [t] is equal to the ma
inua 0" Stn C, defirag.i_dhawatiofuiddtibraleioall die tastlyiali] de:bodiputedsiredomiftiss follows: 10,

VOIr}<0 measurer or loudness measuring process 200 according to a second aspect of the
present invention. Devices or functions 202, 204, 206, 220, 222, 223 and 224 of
FIG. 2 correspond to the respective devices or functions 102, 104, 106, 120, 122, 123
and 124 of FIG. L.

According to the first aspect of the invention, of which FIG. 1 shows an
embodiment, the loudness measurer or computation generates a loudness value
perceptual units. In order to adjust the loudness of the input signal, & useful measure
is 2 gain Gif], which when multiphed with the input signal x{r] (as, for example, n
the embodiment of FIG. 3, described below), males its loudness equal to a reference
loudness level S, The reference loudness, S, may be specified arbitrarily or
measured by another device or process operating in accordance with the first aspect
of fhe invention from some “known” reference audio signal. Letiing ¥in).¢
represent all the computation perfonmed on signal xjn] to generate loudness S7r], one
wants to find GJr] such that

8, = STt] = T{GIFxin], 1 (23)

Because a portion of the processing embodied in w{ is non-linear, no closed form
solution for Gfr] exists, so instead an iteranive technique may be utihized 1o find an
approximate solution. At each iferation 7 in the process, let G represent the current
esfimate of Gir]. For every tieratiorn, G, is updated so that the absolute error from the
reference loudness decreases:

8 ~ (G xinl 1) <

Sy = ‘F{G,._zx[rz],r} (24}
There exist many suitable techniques for updating G, in order to achieve the above

decrease in error, One such method is gradient descent (see Nonlinear Programming



a[r{C)~ B[tl~ o0: a(bN3 t]1, (21a) aT\TE t where = =Z560 - _2.S:20'2,9544 (21b) 22 Although the
exact form of a) f x} is not critical, the polynomial in Equation 21 b may be found by optimizing a[t]
against the subjectively measured loudness of a large variety of audio material. FIG. 2 shows a
functional block diagram of an embodiment of a loudness measurer or loudness measuring process
200 according to a second aspect of the present invention. Devices or functions 202, 204, 206, 220,
222,223 and 224 of FIG. 2 correspond to the respective devices or funcions 102, 104, 106, 120, 122,
123 and 124 ob¥ BinditAEcardingaixthe firstaSpecttif¢hB shventjdvi Aot Wiicin Fc Shows an
embodiment, the loudness measurer or computation generates a loudness value in perceptual units.

In order to adjulPHR By FESEHMPIIPATSERALOLhR STERTRE RUPESOUSGHFEMN): which when

multiplied with the inpgt §i@rj?aﬂl }SET@] ,(@sy{@n%r;}ple, in the embodiment of FIG. 3;dgscribed below),

makes its loudness equal t6'a reféfence Toudness level S,,r. The reference loudnéss, S, f, may be

specified arbitrasifie@r Jmieabeieesh kyzandthern tdexicaorTiro edssopataliigdmeaaaerdanitehwith the first
aspect of the invention from sgme "known" reference audio signal. Letting W{x[n], t represent all the

computation peffSitHEE B0 SR IR SRR HEr S Ut S e ugiE Al RS GRpSh that S,"1
=S[t]="FIG[)xInk23)- Begausembortionohthe presassinaemdadiedin Hatisnon:ingas.me closed

form solution for G[t] exists, so instead an iterative technique may be utilized to find an approximate
solution. At eacKitbiatishaarattia Brocess, let G, represent the current estimate of G[t] . For every

iteration, G; is updated 30 that (e DS eIMG RIHRT oM NG JRISIEP 68 QARG EH J9HGASE R ]
1s obtained throuch linear operations on the square of the signal’s STDFT magnitude,
LTk, Tt follows that the excitation resuiting from a2 gain-modified signal Gx|n] is
equal to the excitation of x[n] multiplied by G*, Furthermors, the temporal
integration required to estimate long-term percetved londness may be performed
through linear time-averaging of the excitation, and therefore the time-gveragad
sxcitation corresponding to Gx{n] is equal to the time-averaged excitation of x{n]
mulfipiied by G*. As aresult, the time averaging need not be recomputed over the
entire Input signal history for every re-evaluation of ¥{G.x{xl,¢ in the iterative
process described above. Instead, the tim&aﬁe;‘ageé excitation Eim,f) may be
computed only once from x{z], and, in the iteration, updated vaiues of loudness may
be computed by applying the square of the updated gain directly to Ejm,7].
Specifically, letong ¥, {E{m,f} represent all the nrocessing parfmme& on the time
averaged excitation Eim.7] to generate Sf7], the following rslationship holds fora
general multiplicative gaim G
¥, {52 B, = W {Gxin], £} (26)
Using this relationship, the iterative process may be simplified by replacing
G, xin], ) with ¥, {GfE{m,r] . This simplification would not be possible had the
temporal integration requirsd to estimate lang-term percetved loudness been
performed after the nor-linsar transformation to speciﬁc loundness,
The iterative process for computing GIr] is depicted in FIG.2. The output

loudness Sjf] at terminal 223 mav be subtracted in 2 subtractive combiner or



Is,.t -W{G,x[n],t} <IS,ef - Y{G;_,xpal,t (24) There exist many suitable techniques for updating G, in
order to achieve the above decrease in error. One such method is gradient descent (see Nonlinear
Prograrmning 23 by D mitri P. Bertseakas, Athena Scientific, Belmont, MA 1995) in which G; is
updated by an amount proportional to the error % the previous iteration: G, =G;-, +N(S,V; - I{G;

- X[ni,t}), (25) where p is the step size of the iteration. The above iteration continues until the absolute
error is below some threshold, until the number of iterations has reached some predefined maximum
limit, or unticarspedifiefutintehds pissedsiAtahes ovidnes{tFis stteeniedtdC,. Refeeanliback to
Equations 6-8, one notes that the excitation of the signal x[n] is obtained through linear operations on
the square GFERRSSEIRAIES SRORIIHRA G HSRIVPER A RE HAoW IR e TuReHAB S &R g from a
gain-modified 3igpalGxinlis; eualde-the excitationdehix(n] mulinigddwn Conruihesvpnss the
temporal integration required to esfimate long-term perceived loudness may be performed through
linear time-awgiragifigiofithe fdcitatlont, arpith2?éforenhbifinmiavecagisnextii@tidrecofésponding to
Gx[n] is equal to the time-averaged excitation of x[n] multiplied by G".. As a result, the time averaging
need not be TEEERIG G B aP W@?‘%ﬁ%%@@%\%ﬂﬁ%?&% K5 Salt BB B x[n"t in the
iterative progeggdgseribed-abayve. insteashghedimeraveiages exsiation Bl sraydemeomputed

only once from x[n], and, in the iteration, updated values of loudness may be computed by applying

the square ofthagstiexetagam @ﬂ@tﬁ@h@é{hﬂ-@g %ﬁe@ﬁea@?@ﬁﬁ@bf‘d{gwi}ﬁféﬁﬂ’égéﬁ% all the
Do o sk st A R aaed Xcliodo Bl Ieaerala il o alging

relationship or a genera plicative gain G: U'EfCr2im,t]= 26) Using this
relationship, dgedtesativepreeesalmey e sMplified bysteplatingaw{@ ofajhwithhiPsufE fhe.{) . This
simplification would not be possible had the .

described iterative process, Tor example, for every FFT frams ? or just once at the end

of an audio segment after the excitafion has been averaged over the entire length of
this segment.

If one wishes to compute the non-gain~modified signal loudness in conjunction
with this iterative process, the gain G, can be inifialize fo one at the begimning of
each iterative process for each time period f. This way, the first value of S[f]
computed in the loop represents the original signal loudness and can be recorded as
such. If one does not wish to record this value, howsver, G, may be initialized with
any value. In the case when Gjr] is computed over consecutive time frames and ons
does not wish to recotd the original signal loudness, it may be desirabie to inifialize

G. equal to the value of Gir] from the previous time period. This way, if the signal
has not changed significantly from the previous time period, it likely that the value
Gj7} will have remained substantially the same. Therefors, only a few iterations will
be required to converge to the proper value.

Once the iterations are complete, G[r] represents the gain o be applied to the
input audio signal at 201 by some external device such that the londness of the
modified signal matches the reference loudness. FIG. 3 shows one suitable
arrangement in which the gain Glr] fiom the Iterative Gain Update 233 is applied to a
control input of a signal level controlling device or function such as a voltage

controlled amplifier (VCA) 236 in order to provide a gain adjusted output signal.



temporal integration required to estimate long-term perceived loudness been performed after the
non-linear transformation to specific loudness. The iterative process for computing Git] is depicted in
FIG.2. The output loudness SJt] at terminal 223 may be subtracted in a subtractive combiner or 24
combining function 231 from reference loudness S,er at terminal 230. The resulting error signal 232 is
fed into an iterative gain updater or updating function ("lIterative Gain Update") 233 that generates the
next gain G, in the iteration. The square of this gain, G; , is then f d back at output 234 to multiplicative

combinler 20? VW]@IAQQEQJB H@lt@t@ﬁrwmﬂim&mbwem#ed cqmﬁﬂ;mﬁ&gﬂhhﬁ@r@a?i?ij@% The
next value o e iteration is then computed from this.gain-modified version of the. time-
averaged exci;%gék éﬁar%si]’gtﬁ Blocks 220 afﬁénﬂgﬁfpf%‘é c%ggoofbr%ﬁ‘”l?egﬁte‘g BTRACth & REREHARton
conditions are metyatewhiohdinh&thengai, Git] attashina R8s set eaualdedhesysrarivalue of G,.

The final value %g may b{? computed through the described iterative process, for example, for every
FFT frame t or | BricRe Watof an audio segment after the excitation has been averaged over

the entire length of tiissegmentnfiona wishesde compuiedhanen-@rin:madiiied sigpal lpudness in
conjunction with this iterative process, the gain G, can be initialize to one at the beginning of each

iterative proces&¥or eABRY RS BRHbIFLoR MR MEd Y SPnalirate P iFefioutiesh théstoups
represents the gsiginalsigpaldoudness aashaandieseserded.as M%&fzeﬂ&gﬁﬁ&ﬂ{gﬂﬁﬁx&? record

this value, however, G; may be initialized with any value._ln_:[he case when GIt] is computed over
consecutive timBFRinesSFtFoHb thio B8RS s rasutdniaTonipnal iSigndl ldwmamess, it may be

desirable o nglae.6s eaua)io hearobia plGil o e previnunine pe ad Tiistay e sona

has not changed significantly from the previous time period, it likely th&t th@é/) u ave

remained substahERAR/ HEBmIRE. herersracamyrasen! itoreionswitl. bEnamyed tercarfverge to the
proper value. Oggie, i USRS AIE AR G RITLERG e TISANE 930,08 aRRlipd Lo the

periods of ambient scene noise. Even with the thresholding presented in Equation
11, the quiet portions of such signals may contribute too heavily to the time-averaged
excitation Eim, 1] .

To deal with this problem, a statistical technique for computing the long-teom
loudness may be employed in a further aspect of the present invention. First, the
smoothing .tims constant in Equations 10 and 11 is made very small and 145 is set io
minug infmi\f:y'so that Efm,r] represents the “instantaneous” excitation, In this case,
the smoothing paramster A, may be chossn to vary across the bands m to more
accurately model the manner in which perception of instantaneous loudness varies
zcross frequency. In practice, however, choesing 4_to be constant across mr still
vields acceptable results. The remainder of the previousty described aigorithm
operates unchanged resuliing in an instantaneous Jondness signal Si7], as specified in
Equation 16, Over somerange 1, <1<z, the long-term loudness § J[2,0,] 1s then

efined 2s & value which is greater than Sj7] for p percent of the time values in the
range and iess than Sir] for 100-p percent of the time values in the range.
Experiments have shown that setting » equal to roughly 90% matches subjectively

percetved long-term loudness. With this setting, only 10% of the values of §i4] need



input audio signal at 201 by some external device such that the loudness of the modified signal
matches the reference loudness. FIG. 3 shows one suitable arrangement in which the gain G[t] from
the Iterative Gain Update 233 is applied to a control input of a signal level controlling device or
function such as a voltage controlled amplifier (VCA) 236 in order to provide a gain adjusted output
signal. 25 VCA 234 in FIG. 3 may be replaced By a human operator controlling a gain adjuster in
response to a sensory indication of the gain G[t] on line 235. A sensory indication may be provided by
a meter, forexampisafinge aavcGHik Tay hasubjedh tedi Maesmeothing (idishawn cobsome signals,

an alternative to the smoothing described in Equations 10 and 11 may be desirable for computing the
long-term pEFE&IvEl ﬁ@ﬁ&@?%f@w&%?%gm Bﬁﬁi]fép?éﬁ’@@?ém‘?'ioudness of a signal with the

loudest portions ofthatagignak: Asiasasiitethesamaahing presanied niEauationsslhand | | may
underestimate the perceived folidness of a signal containingTong periods of relative silence
interrupted By:shorerssegimenddief uder Material- Sushsignatpasemfide fburidmediol found tracks
with short segments of dialog surrounded by longer periods of ambient scene noise. Even with the
thresholding PredeHte dicE REtioRr e SR sbrEor Shsthcr Savaithabl EamsHictoo heavily to

the time-avefagesl, exeit@uonsT[m.t] . To deal with this problem, a statistical technique for computing
the longterm loudness maybe employed ip a further aspect of the present invention. First, the
smoothing time constanfii'Eqlatien&20HAE:I148 e very small and tcdB €28t to minus infinity so

that E[m.,r] represepts the "instantanequs” excitation. In this case, the_smoothing parameter 'r, may
be chosen t??f&ﬁﬁ%&ae?ﬁ‘e’%ﬁ?fa‘?‘%i?a‘ MOFER& ﬁr%féf%’?%ﬁ‘gﬁ{ e%%‘ﬁ?l‘éeﬁﬁ fifth perception of

instantaneoys daLdRessHaHeS a&H0ss freguentyh hvsacticedfiaweyver ehpesinlanto be constant
across m still yields acceptable results. The remainder of the previously described algorithm operates

unchanged régultifgtistan dnstimanenusformnedssignat S[t], G spegifisdiin becomes
significantty more complex. As before, an iteratrve approach 1s required, but now the
long-term loudness measure §,14,.7,] 1s dependent on the enfire range of values ¢},
t, <t <t,, sach of which must be updated with sach update of G, in the iteration. In
order to compute these updates, the signal E[m,r] must be stored over the sntire range
t, <t <t,. In addition, since the dependence of S5f] on G, is non-hnear, the relative
ordering of ST, ¢, <f 51, may change with each iteration, and therefore S, 4} mmst
aiso be recomputed. The need for re-sorting is readily evident when considering
shori-time signal segments whose spectnun is just below the threshold of hearing for
a particular gain in the iteration. When the gain is increased, a significant portion of
the segment’s spectrum may becoms audible, which may make the fotal londness of
the segment greater than other narrowband segments of the signal which were
previously andible. When the range ¢ <r <1, becomes large or if one desires to
compute the gain G,[z,,r,] continuously as a function of a shding fime window, the
computational and memory costs of this iterative process may become prohibitive.
A significant savings in computation and memory is achieved by realizing that
5if] is a monotonically increasing function of G,. In other words, increasing G,
always increases the shori-term loudness at each time instant. 'With this knowledge,

the desired matching gain G, [t,.¢,] can be efficiently computed as follows. First,



Equation 16. Over some range t, <t < t, the long-term loudness S[t"r] is then defined as a value which
is greater than S[t] for p percent of the tune values in the range and less than Sjt] for 100-p percent of
the time values in the range. Experiments have shown that settingp equal to roughly 90% matches
subjectively perceived long-team loudness. With this setting, only 1.0% of the values of S[r] need 26
be significant to affect the long-term loudness. The#ther 90% of the values can be relatively silent
without lowering the long-teen loudness measure. The value Sp[t"t2] can be computed by sorting in
ascending ordegdh@valueSyrellosry Hgﬁ&gd,lm&ﬁﬁétg%m,gm, Bota Bhber b ihgLe.epiesents the
ith element of the sorted list. The long-term loudness is then given by the elenient that is p percent of
the way into thdtfigztiop fer atbvelussef {iouhetplie? 4)A100)} (27)1Bhitséif thealvalre coriputation is
relatively straightforw%g[BHowe er, if o%e wishes gﬁo campute.a gain GP [t" tt] which when multiplied

TR Y BETAT OIS TG VAT Toubifes<he 1008 a8 mitaRBh St omes

with x[n] results i Sp

significantly more pgmpi%aﬁégﬁ@m@,s%m&&erﬁ{%%ﬁ&[aﬁgmﬁéﬁméf@ﬁuwww th.g longzterm

loudness measure Sp|t"t,] is dependent on the entire range of values S[t], t,sts (2, eath of which

must be updateldstvith gactt apdate of Sydiththresiteiation. In order to compute these updates, the signal
E[m,t] must be stored over the er:;;{e range ‘t, s r< t2. In addition, since the dependence of S[t] on G; is
non-linear, the relativé Hrdetng-ef8H}7 ¢ 84 sit¥- may dABlge with each iteration{2fd therefore S, ,, (1)

must also be r yted, The n for.re-sorting | r§adjl el\rlﬂggn vxhen 0 %[%erin short-time
signal segment;%v%?]ﬂdgs‘%%ﬁ%gﬁjﬁ%ﬁfﬂ’éi]b}élﬁ%uﬁ?gotﬁ%é%%‘% atfﬁélfg}lfﬂ% iU ﬁ’é@in in the

iteration. When fhe®@ain i§P increasgedl a-significanpostion of e segmentsspegirym-may become

audible, which may make the fotal loudness of the segment greater than otiér narrowband segments

of the signal whitiuarere 2préntiously<adiblel. Ihedithepanget bt Shdeaomnes ke one desires
to compute the gain Gp[t"t2] continuously as a function of a sliding time window, the
5 st <ryand that GIf] > G,Ir,, 1] for the other p percent. For those values of Gif} sach

that Gir] <G, [r,.%,], one notes that if G, fr,,r,} wers to be applied to the corresponding
velues of Eim,r] rather than Gt], then ths resulting values of Si#} would be greater
than the desired reference londness, This is frue because 5[ is a monotonically
increasing function of the gain. Similarly, if G, {1,,1,] were to be applied to the
valuss of Eim,#] corresponding to Gif] such that Gf] >G,[4.2,1, the resnlting values
of Sif] wouid be less than the desired reference londness. Thersfore, application of
G,ln.%,1 to all values of Ejm.7] in the range £ <<y, results in 5] being greater than
the desired reference 100-p percent of the time and less than the reference p percent
of the time. In other wafds, §,8.1,] equals the desired reference.

This alternate method of computing the matching gain obviates the need 1o
store E{m,r] and S} over the range 1, <7 <z,. Only GIf] need be stored. In addition,
for every value of G, 1,4, that is computed, the sorting of G[] over the TEnge
1 st<1, need only be performed once, &s opposed 1o the previous approash
where §ir] needs to be re-sorted with every iteration. In the case whers G,Ir.1,] is to
be computed continuousty over some length T sliding window (ie., £, =r—7, t, =10,
the list G, {1} can be maintained efficiently by simply removing and adding a single

value from the sorted list for each new time instance. en the range 7, <7 <1,



computational and memory costs of this iterative process may become prohibitive. A significant
savings in computation and memory is achieved by realizing that S[t] is a monotonically increasing
function of G,. In other words, increasing G, always increases the short-tern loudness at each time
instant. With this knowledge, the desired matching gain Gp|[t},t2] can be efficiently computed as
follows, First, 27 compute the previously defineématching gain G[t] from E[nn,t] using the described
iteration for all values oft in the range t, <_t <t2 . Note that for each value t, G[r] is computed by
iterating on thgcoiRgteayatfeRl i Neeibeh loneHerasmateringgan &atbhpldLlis eampsed by
sorting into ascending order the values G%t], r,<t<_t2,into a list G=ar, {i},0<i_<t,-r"and then

setting Gr [r, TeRFed@ IR fiAen 6 1Pyg BrobipisR1 By neshow brdde®ate [t,:t2] is equal to

the gain which when multiplied with x[nl results in Sp[t:t2] being equal to the desired reference
loudness S ,?PH{I%%%I%%% B@%%t%%%%ﬁgt%&ﬁﬁ%ﬁ{?ﬁ *f%‘r %galpa%técrffetfk‘fso &iie Values in the
range t, <_r gegangdhatGliuarl cRldenie othenpRersentmohesaMasesof Gl such that G[r]
<GP [r" t2] , one notes that if G, [t" t2] were to be applied to the corresponding values of E[m,t] rather
than G[t], then. the K8 tigvadues srsipwadhe bengeeatsr fiafusiethesired reference loudness. This
is true because S[t] is a monotopically . increasing function of the gain. Similarly,,{.Gp [t, , t2] were to
be applied to the values %‘Fﬁ[r%gt‘]“‘c%r“%gb'(ﬁm&fé%&t% dif¢trithat Glt]>Gr" t2£2t e resulting values of

[
S[f would beJgssethanithe desiresisfereneeilausiess. TheraiieaRalisainafG ni2] to all values

in

of E[m,t] in the range't, s t <t2 results in S[t] being greater than the desired reference 100 p percent of
the time and lesghilenghie refbrangeppereési 2of the time. in other words, Sy [t" t2] equals the desired
reference, This alteg1 rtef method of computing the matching gain obviates the Zggcgto store E[m,r]
and S[t] over the rang ’t’;ZL”t 5(p. Nty G[t] need be stored. In addition, for every alue of G, [t,,t, |
that is compugd,.the sorting of G[t] over the range t, 5 t < t2 need only be performed once, as
opposed to the previou§ approach

2 HI

-1005° =p. (30b)
> Hli

F=)

and [ is the maximum histogram index, Using the discretized histogram, only J
values need be stored, and G [r,.2,] 1s easily updated with each new value of G[#.

Other memods for approximating G,1¢,..] from Gir] may be conceived, and
this invention is intended to include such techniques. The key aspect of this porfion
of the invention 1s to perform soms type of smoothing on the matching gain Gj7] to
generate the long term matching gain G,{¢,,7,] rather than procsssing fhe
instantaneous loudnsss Sir] to generate the long term loudness 8,071, fom which
G,lt.t,] is then estimated throngh an iferative procsss.

Figures 10 and 11 display systems similar to Figures 2 and 3, respectively, but
where smoothing (device or function 237) of the matching gain G[r] 1s used o
generate a smoothed gain signal G ,j,,4,] (signal 238).

The reference londness at mmput 230 (FIGS. 2, 3, 10, 11) may be “fixed” or
“variable” and the source of the reference loudness may be internal or external to an
arrangement embodying aspects of the invention. For example, the reference

ioudness may be set by a user, in which case 1ig source is external and it may remain



whereS|[t] needs to be re-sorted with every iteration. in the case where G,|[t,;t,] is to be computed
continuously over some length T sliding window (i. e., t,=t-T ,t,=0' the list G, ,,{i} can be maintained
efficiently by simply removing and adding a single value from the sorted list for each new time
instance. When the range t, <_t <_t2 28 becomes extremely large (the length of entire song or film,
for example), the memory required to store G[t] may still be prohibitive. In this case, Gp[t"t,] may be
approximated from a discretized histogram of G[t]. In practice, this histogram is created from GJt] in

units of decibe@ﬁ@@”%@%’mm&ﬂmp&t@-%éﬁ %ﬂﬁ%@&?rﬂﬁ%ﬁ%@%f}%?@@ﬁ%& ct=12
such that A~i + dB,;~ ¢_ 2010910 GJt] cdd,(i + 1) + dB.;, (29) where a., is the histogram resolution and

dBm;n is the hidtdgrass MmAlibe mFREL I atdRIHE G istiodhea ppioxaneletlas GE T2} 2AdBIp
TdBmin (30a) where sl 004300 Mcéiaéb&ﬁ%?g'%‘ﬂ% EE%&{%Wégﬂgﬁ‘ Qﬁég%ha%
[t,_t ated with each new

discretized histogram, only | values need be stored, and easlily up
value of G[t]. Ctrengretbsod foympproxieranmisirdmIG]tl may be conceived, and this invention is

intended to include s ' h t of this portion o cheninvep ion is,to perform some
P S T e e S

type of smoothing on matching gain 0 F:]arather
than processingotiwesinstaitaitednsiootimss Sfithteggenaratdih enfongiterrmiduenidbes=Saftif2} from

which Gpt"tz] 5 4hen estippied ihrgugh,ag, legUNe. plocess. Figues 10,00 ki displav sygtems
similar to Figures and 3. respectively, but Where smoocf‘ﬁlng Efg{ewce or fuhction 55‘7} of the matching
gain G[t] is used:tatgéderatiesnedothbo gaih g nd KGE[R p(Fhhal P38)Y, consequently, the
audic-producing device would have a loudness commensurate with the user’s
adjustment of the volume control.

An example of a variable reference is shown in FIG. 12 where the refersnce
loudness 5, is replaced by a variable reference S04 that is computed, for example,
from the loudness signal 5{¢] through a variable reference loudness device or
function (“Variable Reference Londness™) 239, In this arrangement, at the beginning
of each iteration for each time period 7, the variable reference 5[] may be
computed from the unmodified loudness S[r] before any gain has been applied 1o the
excitation at 208, The dependence of §,[r] and Sjr] through variable loudness
reference function 239 may take vanous forms to achisve vanous effects. For
example, the function may simply scale Sir] to generate a reference that is some
fixed ratio of the original loudness. Alternatively, the function might produce a
reference greater than S77) whsn S[t] 1s below some threshold and less than 5]
when S[#} is above soms threshold, thus reducing the dynamic range of the perceived
loudness of the andio. Whatever the form of this finction, the praviously described
iteration is parformed to compute Gy} such that

¥ G AEm A= 5,0 G
The matching gain Gfr] may then be smoothed as described above or through some
other suitable technique to achieve the desired perceptual effect. Finally, a delay 240

between the audio signal 201 and VCA block 236 may be introduced fo compensate



The reference loudness at input 230 (FIGS. 2, 3, 10, 11) may be "fixed" or "variable" and the source
of the reference loudness may be internal or external to an arrangement embodying aspects of the
invention. For example, the reference loudness may be set by a user, in which case its source is
external and it may remain 29 "fixed" for a period of time until it is re-set by the user. Alternatively, the
reference loudness may be a measure of loudness of another audio source derived from a loudness
measuring process or device according to the present invention, such as the arrangement shown in
the example glG-eIiP hoHYBLYPHRE.NR dhan audioatodiEing devgemayikeyeniaced by a
process or devicein accordance with aspects of the invention, such as the examples of FIGS. 3 or
FIG. 11. In thavvabke, théaseroparseid 00IMIE knasd slider, etc, would control the reference loudness
at 230 of FIG. 3 or KIG, 11 and., consegren Iy, %ﬁ@?%‘&&%‘%&%@ﬁ%ﬁ& would have g loudness

commensurate with the’user's adjustment of the volume control. An” example of a variable reference is

shown in | Figyntvhetd tbgdefgrenage Ta@ineseaW iseplacehbbyeefdriableateresice Sleflt] that is
computed, for example, from the loudness signal S[t] through a variable reference loudness device or
function ("VarpblieRefsranbeling. daress2zde. hrrtdsastiaimesimner aethidiagitiningics? Bich iteration
for each time_peried.t i ference E.. [t may.he, ¢ d ftam the wonodified loudness
S[t] before a y”lécé?ﬁ%daggﬁdéé%r%i%gﬂ%%%ﬁtghe excall.atlgogg aatg%&fi?#gégep%enceﬁg% S, f[t] and SJt]
through variabtedmidnesmstseterfdedpnesion RSenmay take vempars formasdom atel/&various effects.
For example, the functign may simply scale SJt] to generate a reference.thatis some fixed ratio of the
original loudn&&d! %@?ﬁ%ﬁﬂ\}gé fﬁréggﬁ\{lh%ﬁg%u%%%? %%ggg%e%%ei%¥§?ﬁ%§%§ré‘§§F 85 81ffwhen S[t] is
below some threspetdianst lessutimmGif] dwhen:Sit] isaliovesomentinesticldytidusssedieing the

dynamic range of the perceived .loudn of the audio. Whatever the form of this. function, the
previously deStabEd i@ié%@ﬂ%%&%ﬁ@ﬂlﬁ%%ﬁ agﬁ&&@ﬁgp per caved londness.

FIG. 13 shows an example of such an arramgement in which the audio from a

plurality of television or andio channels, 1 through N, are applied fo the respective
inputs 201 of a processes or devices 250, 252, each being in accordance with aspects
of the invention as shown in FIGS. 3 or 11, The same reference Joudness level 1s
applied to each of the processss or devices 230, 232 resulting in loudness-adjusted 1*
channel through Nth channel audio at sach output 236,

The measurament and gain adjustment technique may also be applied to a reai-
time measursment device that monitors input andio material, performs processing
that ideniifies audio content primarily containing himan speech signals, and
computes a gain such that the speech signals substantizlly matches a previously

efined reference level. Suitable techniques for identifying speech in andio material
are set forth in U.S. Patent Application SN 10/233,073, fited August 30, 2002 and
published as U.S. Patent Application Publication US 2004/0044525 A1, published
March 4, 2004, Said application is hereby incorporated by reference in its enfirety.
Becémse andience annoyance with loud audio content tends to be focused on the
spesch portions of program material, a measurement and gain adjustment method
may greatly reduce annoying level difference in audio commonly nsed in television,

film and music material,



XFE~[C]E[m, t}~= S, f [t] (3 I) The matching gain G[t] may then be smoothed as described above or
through some other suitable technique to achieve the desired perceptual effect. Finally, a delay 240
between the audio signal 201 and VCA block 236 may be introduced to compensate 30 for any
latency in the computation of the smoothed gain. S ({h a delay may also be provided in the
arrangements of FIGS. 3 and 11. The gain control signal G[t] of the FIG. 3 arrangement and the
smoothed gain control signal G,[t,, t2] of the FIG. 11 arrangement may be useful in a variety of
applications including, for example, broadcast telsvdmmesigsellite radio where the perceived

loudness across differeqt ghanpgls ]}f@gy%s, ﬁ%ﬁ}ﬁ%%n@é/{%{;ﬁ%?%me apparatus or metgnod of the

present invention may compare the audio sigha nel wWith & feference Totaness level
(or the Ioudness%bé%fé@nﬁ@gl‘@ﬁm)ﬁbkdwg}emary@} a’hxdmeméww:de\zmma& lfse ngamgo

adiust the loudngis aaE ARl ALSHANTEIS OIS Dave sybantal e same perceived

loudness. FIG. 13 shows an example o suc an arangement inw gnangu 1ﬁ% étfty of
television or auo%@ﬁﬁhﬁ@@lfmho@b%%apﬁM&@MlWhmmlﬁuﬁf%i@ﬁﬁ pregesses or

devices 250, 252 olrlggg Ia C nvention as shown.in FIGS. 3 or 11.
The same referenlc %nes evei is apqu%\’ﬁo eagh EP fhe é}lé%’ésszles B GEIIEBERBHISES resulting
in loudness- adjmaummmhamm;mmgmmpmdm apishaaiseagh, duiadE R0 heEngasurement

and gain adjustrg %t techn ue ma zﬁL%ﬁ) e ‘%%Elleld? aI time measyrement device that monitors
input audio material, per orms Brocessing that ide UG BB TS i AP B )y P man

speech signals, Mmanmw&aggamammhmﬂhg wm@wlgmﬁlﬁybﬁigﬂmﬂ% mﬁ{@ﬁﬁﬁ&a previously
defined referencg level. SuK!PabIe technl%g or identifying speech in audjo material are set forth in

U.S. Patent App"lz‘lscate ion &N 10198507 Rﬁat%f}gﬁ 15hE Pihieationese S5 Batent
Application Publ(mlumhg&mmwﬁ%hnwﬁmgd@/@@hﬁt&%@é <Raidappligation i hereby

incorporated by refereé]ace in its entirety.
vice or poit, and at least one output device or port. Program code is applisd
to input data to perform the functions described herein and generate output
mnformation. The output information is applied to one or more output devices, in
kmown fashion,

Each such program may be implemented in any desired computer language
(inciuamtr machine, assembly, or high level procedural, logical, or object oriented
programming languages) to communicats with 2 computer system. In any cass, the
language may be a compiled or interpretsd language.

Each such computer program is preferably stored on or downloaded 1o a
storage media or device {e.g., solid state memory or media, or magnstic or opiical
media) readable by & general or special purpose programmable computer, for
configuring and operating the computer when the storage media or device is read by
the computer system to perform the procsdures 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 o operate in a specific and predefined manner
to perform the functions described hersin,

A number of embodiments of the invention have been described.

Nevertheless, it will be understood that various modifications may be made without



Because audience annoyance with loud audio content tends to be focused on the speech portions of
program material, a measurement and gain adjustment method may greatly reduce annoying level
difference in audio commonly used in television, film and music material. 31 Implementation The
invention may be implemented in hardware or soffware, 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 other apparatus. in particular, varigus general-purpose
machines m ﬁ%#ﬁrﬂéﬁﬁ%&%ﬁ%%%%éﬂﬁ&ﬁ@évﬁﬁ ferstentegs wéiin SBPit may be

more CONVer e in-CoNSIHCHMOe SRREIRIZSRARRAI AS 8.0 i IROs IR YHSHIG gerform the
required method steps. Thus, the invention may, be implemented in one or more computer programs
executing on SRSTsRHERE TReg Aehrbbsle Asropttagiyy stmsmherissmprsmyitintia sweprocessor,
at least one dtgstRrag& SYSIgMmincluding volatile and non-volatile memory and/or storage
-elements), at least one input device or port, and at least one output device or port. Program code is
applied to input data to perform the functions described herein and generate output information. The
output information is applied to one or more output devices, in known fashion. Each such program
may be implemented in any desired computer language (including machine, assembly, or high level
procedural, logical, or object oriented programming languages) to communicate with a computer
system. In any case, the language may be a compiled or interpreted language. Each such computer
program is preferably stored on or downloaded to a storage media or device 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 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. A
number of embodiments of the invention have beensdescribed. Nevertheless, it will be understood that
various modifications may be made without 32 departing from the sprit and scope of the invention. For
example, some of the steps described above may be order independent, and thus can be performed
in an order different from that described. Accordﬁg&l\é&er embodiments are within the scope of the
following claims. fin JJ CLAIMS 1. A method for processing an audio signal, comprising producing

204, in response tq the audig:gignad2Qdecanexeitatian sighal, c@@lﬁﬁl},ﬁ@g, in response to the excitation
signal, a gain G[t], adjustinggthe per ived loudness of the audio signal using the calculated gain GJt],
and iteratively calculating fREGHIR €1t AHESRARISHh e QoAb Fares i@ st Ess until the
error between a referencedruthiagsiandibesperceivedilotudnessandjustedaydio signal is below a

threshold, the iteratively C%J.cuIatin%includingi&a&)n%pléIinefar mochIingUof percei}éed lou ness. 2. The

method of any one of claifie T A etﬂ%cﬁbvh Wherain t%}ee ﬁ%ré?i\sléllf/aéélféﬁa fﬁgc elidEs*a thaotic

modeling of perceivéd, lmddness. 3. The method of claim | wherein said calculating is also in response
to a measure 224 of Charl gxt%i\%-gsca%&ggn?gut%ig gsal N ft1 and adjusting the audio-signal perceived

loudness until the error between a reference loudness and the perceéved-loudmeés—

adjusted audio signal is below a threshoid, the iteratively calculating inciuding a non-

jinear modeling of percetved loudness.

2. The method of any one of claims 1 and 3 through 23 wherein

the iteratively calculating includes a chaotic modeling of perceived

loudness.

3. The method of claim 1 wherein

said calculating 1s also in response to a measure 224 of characteristics

of the audio signal.

4, The method of claim 3 wherein

the non-linear modeling of perceived loudness inciudes a specific-
Joudness caiculation 220 that weights first and second loudness model functions in

response o a characteristic of the input sudio signal,

3, The method of claim 1 wherein

the excitation signa! is time smoothed 206 and/or the method further

comprises time smoothing 206 the gain value G[t].

6. The method of claim 5 wherein

the excitation signal is linearly time smoothed.



4. The method of claim 3 wherein the non-linear modeling of perceived loudness includes a specific-
loudness calculation 220 that weights first and second loudness model functions in response to a
characteristic of the input audio signal. 5. The method of claim | wherein the excitation signal is time
smoothed 206 and/or the method further comprisesime smoothing 206 the gain value GJ[t]. 6. The
method of claim 5 wherein the excitation signal is linearly time smoothed. 34 7. The method of claim 5
wherein the method further comprises smoothing the gain value GJt], said smoothing employing a
histogram techniqué. 8. Theemetherd dfchidim MBI the iteratively calculating and adjusting includes

time smoothing. 9. A method acgrding, i %i‘tl%?ec%ﬁ!ﬁ@ss M@o&iﬁ‘ﬁ“%@i%me\@ﬁ@“&ﬂ% galculating

and adjusting includes adjusting the magnitude of the excitation signal in response to a function of an
iteration gain vaIue%P%@é‘PﬂtﬁﬁPiﬁ@%ﬂ?@ﬁé@gfﬁ@@ﬁ%@)@f the excitation signal increases with
increasing values of Gi and decreases with decreasing values of Gi, calculating a perceptual loudness
in response to the magnitude- adjusted excitation signal, comparing the calculated perceptual
loudness of the audio sighdftBahrdrat &l petésisiial loudness to generate a difference, and

adjusting the gain value Gi in regponseiodhe diferancarso.anion raducedhensiffarensmpetween the
calculated perceptual loudness and the reference perceptual loudness. 10. A method according to
claim 9, wherein

9. A method according to any one of claims 1 fo 8, wherein the iteratively
calculating and adjusting includes
adjusting the magnitude of the excitation signal in response io a
function of an iteration gain value Gi such that the adjusted magnitude of the
excitation signal increases with increasing values of Gi and decreases with decreasing
values of Gi,

calculating a perceptual ioudness in response io the magnitude-

adjusted excitation signal,

comparing the calculated perceptual loudness of the audio signalto a
reference perceptual loudness to generate a difference, and

adjusting the gain value Gi in response to the difference se as to
reduce the difference between the calculated perceptual loudness and the reference

perceptual loudness.

10. A method according to claim 9, wherein

the iteratively calculating and adjusting, in accordance with a
minimization algorithm, repetitively adjusts the magnitude of the excitation signal,
calculates a perceptual loudness, compares the calculated perceptual loudness to a
reference perceptual Joudness, and adjusts the gain value G; to a final value Gt}
I1. A method according te claim 10, wherein

the minimization algorithm is in accordance with the gradient descent

method of minimization,



the iteratively calculating and adjusting, in accordance with a minimization algorithm, repetitively
adjusts the magnitude of the excitation signal, calculates a perceptual loudness, compares the
calculated perceptual loudness to a reference perceptual loudness, and adjusts the gain value G; to a
final value G[t]. 11. A method according to claim 10,4yherein the minimization algorithm is in
accordance with the gradient descent method of minimization. 15 12. A method according to any one
of claims Ito 11, further comprising controlling the amplitude of the input audio signal with the gain GJt]
so that the resultingZpercéivedioddnensiot tihayputeaidibisigriabis substentiathpthsergsame as the

reference loudness. 13. A methggn%@i%gi% t%ﬂ@lu%@%ﬂﬁ%%ﬁ&éﬂa&%&%i%?(ﬁfﬂ\ ttl};ga(;ﬁ]:&ﬁe ce

loudness is set by a user. 14. A method according to any one aims I‘t‘6 12'w erelrf erence
loudness is a percéptifgl [Badassinsanatatel dyudsces S atrviding ecidehisubsiantinlsthiod

according to claim Lyhersin.said.non-lingakmodeling of perceived loudness includes calculating 220
the specific loudness in each frequency band of the excitation signal. 16. A method according to claim

15 wherein said calculating 220 the specific loudness in each frequency band of the excitation signal

weights first and segond lgugnass saeslal furctiensia respgRss e @ ¢hatagteristic of the input audio
signal. 17. A method according to claim 9 wherein calculating a perceptual loudness in response to the

magnitude- adjusted excitation SRITAfSHAGIBY SERLIAGFHPY 304Re specific loudness in respective

frequency bands of the excitation signal. 18. A method according to claim 17 wherein
14, A method according to any one of claims 1 to 12 wherein

the reference loudness is a perceptual loudness calculated by a process

according to claim 2.

15, A method according to claim 1 wherein

sald non-lear modeling of perceived loudness includes calculating

220 the specific loudness in each frequency band of the excitation signal.

16. A method according to claim 15 wherein

said calculating 220 the specific loudness in each frequency band of
the excitation signal weights first and second joudness model functions in response 1o

a characteristic of the input audio signal.

17. A method according to claim 9 wherein
calculating a perceptual loudness in response to the magnitude-
adjusted excitation signal includes calculating 220 the specific loudness in respective

frequency bands of the excitation signal.

18. A method according 1o claim 17 wherein

said calculating 220 the specific loudness in each frequency band of
the excitation signal weights first and second loudness model functions in response 1o

a characteristic of the input audic signal.



said calculating 220 the specific loudness in each frequency band of the excitation signal weights first
and second loudness model functions in response to a characteristic of the input audio signal. 36 19.
A method according to claim 18 wherein calculating a perceptual loudness in response to the
magnitude- adjusted excitation signal further compriggs combining the specific loudness for each
frequency band into a measure of perceptual loudness. 20. A method according to any one of claims
1, 9, 10 and 12 wherein the reference perceptual loudness is derived from a measure of the
calculated perceptlél loudnestic@iacsondethde dgoording tocolaim 20 wherein the reference perceptual

loudness is a scaled version of %?cﬁﬁiﬁ}{!ﬂtsdpé}%ﬁﬁ%u%&%Hggge%?- ethog aceording to claim

28l
20 wherein the reference perceptual !ou&ness Is greater than the ca%ﬁ?ate% perceptual loudness
when the calculateddpetiee gtisaieiiudriensl S btowoarmressHuioizinth g dss Mrailthi ehileir deedeplreeptual

loudness when the ga|culaied.pefceriyaldoudness-is,/hevs.,fareshold. 23. A method for processing

a plurality of audio signals, comprising a plurality of processes, each receiving a respective one of the
audio signals, wherein each process produces 204, in response to the respective audio signal, an

excitation signal, calgulatesipregRensaite: la.exsitatigniaianal, @ gainGlt.wadiusting the perceived
loudness of the respective audio signal using the calculated gain G[t], iteratively calculating the gain

G[t] and adjusting the audio- sighl FarEdivePReraNeds! ot e B AT rehiush 4 Psrsisrd BEdness

calculated perceptual loudness.

21, A method according to claim 20 wherein

the reference perceptual loudness is a scaled version of the calculated

perceptual ioudness.

22, A method according to claim 20 wherein
the reference perceptual loudness is greater than the calculated
perceptual loudness when the calculated perceptual loudness is below a threshold and

less than the calculated perceptual loudness when the calculated perceptual loudness

is above a threshoid.

23, Amethod for processing a plurality of audio signals, comprising
a plurality of processes, each receiving a respective one of the audio

signals, wherein each process

produces 204, in response to the respective audie signal, an
excitation signal,

calculates, in response to the excitation signal, a gain G[t],

adjusting the perceived loudness of the respective audio signal
using the calculated gain G[t],

iteratively calculating the gain G[t] and adjusting the audio-
signal perceived loudness until the error between a reference loudness

and the respective perceived-loudness-adjusted audio signal is below a



and the respective perceived-loudness-adjusted audio signal is below a 37 threshold, the iteratively
calculating including a non-linear modeling of perceived loudness, and controlling the amplitude of the
respective audio signal with the gain GJ[t], and -applying the same reference loudness to each of the
plurality of processes. 24. Apparatus adapted to perfgrm the methods of any one of claims 1 through
23. 25. A computer program, stored on a computer-readable medium for causing a computer to

perform the methods of any one of claims 1 through 23. o ‘ _
threshold, the iteratively calculating including a non-linear modeling

of perceived loudness, and
controlling the amplitude of the respective audic signal with
the gain Gft], and applying the same reference loudness to each of the

plurality of processes.
24, Apparatus adapted to perform the methods of any one of claims 1 through 23.

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

computer to perform the methods of any one of claims 1 through 23.



