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of the subject matter relate to digitally adjusting gain of digital audio samples in a media

stream such that the perceived volume is normalized during presentation.

BACKGROUND
[0003] Recently, consumers have expressed significant interest in “place-shifting”
devices that allow viewing of television or other media content at locations other than
their primary media presentation device. Place-shifting devices typically packetize media
content that can be transmitted over a local or wide area network to a portable computer,
mobile phone, personal digital assistant, remote television or other remote device capable
of playing back the packetized media stream for the viewer. Place-shifting therefore
allows consumers to view their media content from remote locations such as other rooms,
hotels, offices, and/or any other locations where portable media player devices can gain
access to a wireless or other communications network.
[0004] While place-shifting does greatly improve the convenience afforded to the end
user, there remain some challenges related to the manner in which different media
streams are presented at the end device. For instance, the digital audio samples in one
media stream may be associated with a baseline or average presentation loudness or
volume, while the digital audio samples in another media stream may be associated with a
different baseline/average presentation loudness or volume. Thus, if the user switches
between different media streams the perceived loudness may be inconsistent, and the user
will therefore need to adjust the volume control on the presentation device.
[0005] Volume normalization techniques can be utilized to automatically adjust the
volume perceived by the user. Some volume normalization techniques operate in the

analog domain, and others operate in the digital domain. Digital volume normalization
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digital aUdlln(%Ia ue %)r a previous block of digital audio samples in the media stream. The

computer program product is also operable to cause the digital media processing device to
modify the current block of digital audio samples by applying the gain value to the digital
audio samples in the current block of digital audio samples. In certain embodiments the
maximum gain value is influenced by dynamic range of the current block of digital audio
samples.

[0008] A system for processing digital audio samples in a media stream is also
provided. The system includes a first means for adjusting gain of a first block of digital

audio samples in the media stream using a fast gain adaptation scheme, resulting in a first
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BRIEF DESCRIPTION OF THE DRAWINGS
[0010] A more complete understanding of the subject matter may be derived by
referring to the detailed description and claims when considered in conjunction with the
following figures, wherein like reference numbers refer to similar elements throughout
the figures.
[0011] FIG. 1 is a schematic representation of an embodiment of a media presentation
System;
[0012] FIG. 2 is a schematic representation of an embodiment of a digital media
processing device;
[0013] FIG. 3 is a flow chart that illustrates an embodiment of an adaptive digital gain
control process; and
[0014] FIG. 4 is a flow chart that illustrates an embodiment of a digital gain

calculation process.

DETAILED DESCRIPTION
[0015] The following detailed description is merely illustrative in nature and is not
intended to limit the embodiments of the subject matter or the application and uses of
such embodiments. As used herein, the word “exemplary” means “serving as an
example, instance, or illustration.” Any implementation described herein as exemplary is
not necessarily to be construed as preferred or advantageous over other implementations.
Furthermore, there is no intention to be bound by any expressed or implied theory
presented in the preceding technical field, background, brief summary or the following

detailed description.



processing device; [0013]FIG 3 is a flowchart that illustrates an

enbodi nent of an adaptive digital gain control process; and [0014]FIG 4 is
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el ectrical signals repres at a t ‘menory | ns 1n the system
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inthe figures may be realized by any nunber of hardware, software, and/or

firnmware ooapeneertest may employ various integrated circuit components, €.g., memory
clements, digital signal processing elements, logic elements, look-up tables, or the like,
which may carry out a variety of functions under the control of one or more
microprocessors or other control devices.
[0017] When implemented in software or firmware, various elements of the systems
described herein are essentially the code segments or instructions that perform the various
tasks. The program or code segments can be stored in a processor-readable medium or
transmitted by a computer data signal embodied in a carrier wave over a transmission
medium or communication path. The “processor-readable medium” or “machine-
readable medium” may include any medium that can store or transfer information.
Examples of the processor-readable medium include an electronic circuit, a
semiconductor memory device, a ROM, a flash memory, an erasable ROM (EROM), a
floppy diskette, a CD-ROM, an optical disk, a hard disk, or the like. The computer data
signal may include any signal that can propagate over a transmission medium such as
electronic network channels, optical fibers, air, electromagnetic paths, or RF links. The
code segments may be downloaded via computer networks such as the Internet, an
intranet, a LAN, or the like.
[0018] According to various embodiments, the perceived presentation loudness (i.c.,
volume) of a media stream is normalized or leveled relative to a reference loudness, such
that different media streams are presented at about the same average loudness for a

constant volume setting at the presentation device. The volume normalization scheme is
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a screen gdiaspklaftidgy piag ahddyfypr @itk feauee disieglyof the conputing system for
place-shlftln? to a renote | ocation. One device_capabl e of providing such

funct i onall®gl s npthesemagbmsntse thsenppdsa syttery 87 Mmepibs ntegided wilyamnedita of

Foster C i | i >t es: i I I

comput er, LTy e e e R R BB S PP oy B3P e e o

pl ayer 107h¢ snadyr gsteircH)2 mayrpoaépbrid 568w etheh sxcdivar, éor cxafpwathat alsd/ or t he
| i ke capabl e.pof receiving,the encoded nedi g stream 120 from one or nore
encoder SJivifEs vBwods A0 pEsShE e HEm Suck hESTEGRaY BT A EHAS: <
personal eIPW&Idch® afld/or thel @RtaPthaincdidtelRisioh ROLtaahifg 6PBMEE &ntent

al t hough desktop-type conputers could al so be used), a qn%lle phone, a

per sonal thicgivedlrogsan antenme, madgrerssorakndreddtherpoaseer A weeivéreoflthkencoder many

nbodi di I 04 i I ' d
hat i nol i 153 57 SR SEROAR o bR e AULRRSE: MR R s T

capabl e opropeaihRigth&QaNe61dcaly Vwelangde pies-sinsd eNthd BemotaRdotse€apabl e of
receiving and presenting nedia content to the user of the device as

appr opr i afediamayst he4 aedpsen iht 18, this segsyd the encedersyptampl 02yasy algyinckidg

st andal on t e . i i: Vi t he
cnoodod madre R BElbaRRReabE o HAEAIRE B et AR s T Moo ng

t he encodegppordi rshaeandidigd video péc@vdad €DFIR ) dedtipgtor sthgnadntdd Gibtdrats i S
presented on the display 108. e,exanpée of a standal one nedi a pl ayer 104
is the SLMNEDATREHERCHCoHLOMERMRIBEHS fthe ANt AgprRf dPGansk thegagader ¢ty

Californi : : I 25] The
netvior k108 B e T R s S mg s
transm t t hogimpepsshgess. bet ween senders (e.g., the encoder system 102) and
receivers (e.g., the nmedia player 104). In various enbodi nents, the network
110 i ncludes any nunber of public or private data connections, links or

net wor ks supporting any nunber of comrunications protocols. The network 110
may include the Internet, for exanple, or any other network based upon
TCP/ I P or other conventional protocols. In various enbodi nents, the network
110 al so incorporates a wireless and/or wired tel ephone network, such as a
cel lul ar comuni cati ons network for conmuni cating wi th nobil e phones,

o o o - I T T N o N a A A~ o o



[ 0026] The encoder system 102 and/or the nedia player 104 are therefore able
to conmmunicate in any manner with the network 110 (e.g., using any sort of
data conneotoore 12128 and/ or 125, respectively). Such comcuaiSc@vioorssimay t ake
pl ace over a wide area link that includes the Internet and/or a tel ephone

networ k, for. _exanple; in other. enbodi nents, co [ cations between the
encoder sbg‘@é}en 13§Saﬂatl}eﬁ@mge@f§nﬁr %@PC%@&SM@@C&%@Y BURPgREied: mor e
wired or W ¥ edBeste bfl%%gém?dp%f’et,' dr@l‘feﬂiﬁé"@&c&?@ &P@&ﬁ&%ﬁ@ddahdrﬁ?&fn@%%ﬁd

wi thin the network I n various equival ent enbodi ments he “enhcoder
syst em 10&.@naptrvenahectnputpt) ayesuch@mbedimdngs, tha acoder spsemdOf eshywdngodmy sort

f bl . q. Et h t bl t 1 ith littl .h
et ookt it et SRR oS bt o b8t BiciPRpRbE”
scenari os saeith thriacb Qnh@ierRRFC RN ENAidAR @pANEBEbloR RN ch

commruni cat i ons resources, consunmer demand and/or any other factors. In
vari ous efinetpradiny i the ShrghyaiestorpipduptatyatlablgframeSing Yedie e Fevier Git.hi n a
home, of fj - ture S t C to a
desit op. of (HisRlia i ER SRS bH o PSS A e o o A E AR SR e €
t he cont essuldbe assd asivdll. t ypi cal ly be provided over a wired or wirel ess

| ocal area network operating within the structure. In other enbodi nents,

consumner s [Mad] wi skhepBedip BRRCTSHIS amodavass: COvRINCHL. HRaskitt ApdvaFe. spiav s

net wor k C%w&i%g ‘HF% E%@g%f%éeﬁ@ﬁ%gﬂg%ﬁﬁ%deﬁ%%ﬁ? &r& fg mQhe 8F pke F €NOLE

medi a pl ayer In a se nme, ice, hot or other renote

| ocat i on. ehaodst dyistenstlf@r Tendromis retbbdimants shemeedia playemi (8hs parspdadice- shi f t
content to a nobjle p‘\tlone,,,%er.s n@l di % tal assi Slt anth gﬁ%qiaygl ayer, video
game pl ayEPTPYHR Griotd VEPIBR St HBHARERIEDE sRIRRUCToRERPaRD ISR PEL her  devi ce
via a nobj | -dkor @vg% ,ngy?/ : IR, rt of 3G
or subsqu(lgﬁlt)&t?ﬂg:%gglﬁoa%g tieﬁlr?k “an | EE [10802. Eggﬁv?%&mlglﬁﬁ&m;n%?%rn §§t)he
like). Sewsdalplapcarmpltiesliks Ipinseny-cotbiodimends, dpphediaplayos] Ghiaialgahérel f or
various platforns ar.e @ro.vi ﬁ%g bﬁ‘ Sl i ﬁ% I\/Eqi a of Foster Ci.t California,
al t hough PHECEOHIUBYLe¢8Ycy BEHCREFLt Aegisulley b aPRISEROT I O8N hTt i on wi th
products ARAwaRItHAGSSapABRIJfabdecll oMcRilNg BOUE 6RcodcPQRRITI 62, akd isScapable
schematic representation of an enbodi ment of a digital nedia processing
devi ce, soOEmcasingiadprsenters Bodis epntamzo theguenof thp ecdecsddprapygicein102
general ly gr . i ay: 0t i t he
netuor k. 175 aER A0 FRAS G BN UTHLER AR Byl bPURERGE B o

sour ce 1O0hardivard duvicercapeticlof @oelvinktine ¢rebesdkimedia Rowirh 026V 1@ ang pottivd c@ncoder
system 102 typi i ncl udes an encodi ng. nodul e 202, agferansrrit buf f er

ypi cal | .
105, and Hhe W?p&lﬁﬁp%é?%?éélg gengededAlcaiRtcan WAt Py pieaBrauat e siessk r ol
| ogi c, whi I i . iuon, the
endod g ranTEk sPECRSE BE IR SGIN 10k JORON R PEN SR modl: PREESI0L
i nt er nal orthe$t.BXGEATECHER ptodsctavaaalill GomeSlopddsdit lo¢ FdsttaCitnt(Glifdreiadesi r ed

format for, the e codeo%ﬁrredi tream ézﬁ ar&d stores the encoded data in the
transmt BUIUSH OtSE PrOfiEts qay RIMYFEPFRBEY206 then retrieves the formatted

data fromgons) t r angMctwdififi6nis dB0dikRA1 of bARE BdAmuRR G hstRBYAR WD d10. The
control nodule 205 suitably noni'tors and controls the encodi ng and networKk
transmt procagsgInearges bdiwegn stngdersHe gertbodicndemystainel 020 2ndiredeivers (agt wor k
interface_ 206, ,respectiyve and .perform ot he nctions as || .. The
encoder oy Gotii SETHPAL e varROE AR RRAR ohTaatNEk 208G R Fytiirg e
capabl e opulgenepaivefeAatcbnRE@onSli1ds bhgetGomEBapsoriidg atyoniriger@@nt ent  sour ce

106, as described above. [0029] As noted above, creating the encoded nedi a
stream 1200myynications nrofpetly.e Shanewarng tamay siclude shesbganeigior keamplgi & cont ent

122 recei ' ' | gi.tal format

t hat can %@ﬂ?tﬁgﬁ%&?&eﬁgg{n%e@%mgﬁ (%9%1&8 QQ%&%@@E&F@?&&? géﬁgcogléed medi a
st r eam 126mbsdipleasethe inatwork 1$0 alRd adcdrirated hatrclesoil/drovirad telephgne t he

W NDOWNS MEDI A fornmat av i|ab| e fromthe Mcrasoft Corporation of Rednond,
Washi ngt oRS™PHe S wqﬁe 3 GPmEuNicaiRN SV PRAYERR R piERINZNi thmeils or at
and/ or t hgh&ﬂeg,el:)er%ﬂglt digﬁ’aﬂ a0&sthi@NRok iRdik@n ﬁh@%@@‘&lﬁ@ ﬁ&nga&giso-m&oﬁ‘g&‘af‘e()d' ng
may take place, for exanple, in any sort of encoding nodufe 202 a

appr opr i atey sofhef weind egiongvirmddodad a0 2cmaykd sucns eeor nefre HEEEI#02.2 afdoy. , a
di gi tal si%@g %fcess r or other integrated circuit used for nedia

encodi ng), P Bet(N@%@g:, software or firmware programming used for nedia
encodi ng that executes at the encoder system 102), or the |ike. The

encodi ng nodul e 202 is therefore any f7eature that receives the nedia
content 122 from content source 106 (€.g., via any sort of hardware and/ or
software interface) and encodes or transcodes the received data into the
desired format for transm ssion on the network 110. Al though FIG 2 shows a

a o P o o - " . Y.



that allows the encoder system 102 to communi cate on the network 110. In
various enbodi nents, the network interface 206 incl udes suitable network
stack proyoanmimgiand ot her features and/ or conventi onalPCmatsamolo4iont er f ace
(NI'C) hardware such as any wired or wireless interface as des| red. [0032]1In

ancodi g’ TGO f anbisrcpieseotend 0 8rd BF e ey Arda otk R <RUadrs (202 and
the net V‘“E&nht'ﬂhf’cﬁtfe@ﬁ@nyz%nnér%ﬂ%% n¥&lork 1T@<é étattsﬁ%tatt y ol rqant rol modul e

205 is any hardware, software, firmmare or conb I on thereof capabl e of
per f or m ngorm@cﬂmﬂseléﬁ endier 125 respeétowly)e Sboioramusicatidremay ke clacnodcrlae 205

furth d fr t h t th
net vor k | G TS0 T ges fi e e b o S THE BNt
source 106mybdniche, @&ﬂﬂﬁﬁﬁdaﬁ&d%@ve%ﬁ%eoéncbtr@ sktk®)102 R tieantdi@blayedigse 205
may al so transmt comands to the nedia pl ayer 104 via the network
interfac en@trealanﬂraccrovnwnecqmmr@ Iwignd astHestess decabiree Bnksthyt ase pericepiyellat i ons
O ne 2 iR SYE AT B2 B 1. WS BBROUERLS corbBBAEAN filenBAY! €, 205

i npl enent e con Fures use “orand e operation of

t he encodsysgenidoRihed O ZIldﬂlMpSl@ycrtlbe nrn@tbwutecﬂyt t:@m‘eare& vmytsortefffcutﬂe ently
provi de the nedla streamto the nedia player 104. [0033] Certai n enbaodi nents

of the entf‘ogj. rrgE st eabioor thaykt)ﬁf&%htélear neﬁéeﬂpetwaﬁléﬁeﬁﬂmﬂhév PONpGer
programns SMM%T%%F Rbe- gﬁlﬁl@%ggﬁa?ih c&ﬁﬁ%g'f&%dléte@ﬂweﬂ%b@t ely

configure co uter-rea e conputer program product is
oper abl e Eﬂnhhhsenthngmm&dnmnsmsﬁ&nmIﬁﬁutn&nenﬁnmmx&emn@mmﬂmpnnaﬂMnns on

nedi a streans, s descrlg in nore detail %OM/MAtQB eference to FIG 3
and FI G thf%r 0y QU HBBRFIFSATS; COBPENCS mayyish L0 plage- fﬁ?ﬂ’t“ét“ ViEa&ol e nedi a

210 assochghedhmbd & Jth& ERRfuFOkudAU & Axoncdddr @%{Qfﬁ 19068 a&Lkass@ci ation

need not be enployed in all inplenentations. |ndeed, the conputer-readabl e

medi a 210p¢ma,bletqreputatlpv%t:q/m(ampthadmom otmaslublwmbedlmemsr the gontanicoreamorillon

with the enco bg ? e 202 |fdso degz e rrentlonedtabov§H g}

conput er - PE&d: Bl PR ©E0 Belrdion i Tle’ %a‘t%%? OHy g, ™ %ectronic

CI r cw t, anmr’ﬂecqmdmet aﬁboomamsycodm&ema@ WMo Fladd-dhefh comBRIGver &N er asabl e
RCW% fl oppy diskette, a CD-ROM an optical disk, a hard disk, or

t he li ke {qaémn]dmr@m@runstvaprk conncehien frompprimany leqatian éaa sompwBoeN 9t of an

adaptive s that

1 st  at SR FledBIhE 04 |G 85 B AT L B1at Sy b Prchl BUG AR

various t asidl @eedf anboeitnéms, consieadrs may withtogiadeldhifs toasmdo phbés phoney be

performed by s?ftmare hardwar e, firmyare, or any conbination ther of The

oper at i onBeraeRt! dipatel aisistaph anediacRlay st wdeangame BlagsRHPHREY prrtes e

execut ed BIATYyREQGRRS BicRRCVO! vigWIHESLIR1ARTES] AGSMAIDGES W Lhi N I o-

encoder syste and t e particular nmeans used to inplenent each of the

various f GWAﬂZrT\éD@rmmneqtmn,tm sbitgiB€&isqr suhﬁquemcbclbptholne liakyansi®HE &02.11

processin d s .t ntroI 05. of FIG. 2) e uting
B oftvar e ol SR Ga PE SR ot RkaimyleT Or -y ping rob g, sBRLE ! at oo
that a deagnhaReek lrta@aafssarérﬁ%vrd%aIbsrctﬁmgrmedwHp%stafclaﬂdahfo@nal alfough the
alternative tasks, or may onmt oné or nore illustrated tasks. Moreéover, the
t asks sho@@nopntStdh@rlfop@brﬁrem qeebbbavatcd e cqrawicionwdth produvgs 4rd| sgstiecat ed or der,
and a descrlp gggrocess may be incorporated into a nore conprehensive
procedure aﬁ éggmﬁng%g additional functionality not described in

det ai | he[(mzs] [ GA85h Red suhichabc Fepréstafiddof & crhtRlimeipifia\iegiehl gicdal gai n
control process 300 can be started when a new nedi a stream has been

desi gnat eﬁrorceﬁsnerrtemﬁn@lcan@rﬂaempwyys(t@ﬂé%r Agaif heicaepdgesystan 1% medi a
stream na f ita
S Udi o San%?ﬂe%ﬁ éiISatQJ &N anf %{1*38&&! rﬁ&HQ@tr %ﬁ? @Egﬂgé%tﬁ@g%gg@%@g{] 1‘6 bagé&'
digital r epcrrememedta cmtsmt lmlreaalab@groﬁuﬂe mrstelgrsahrceaﬁenhaftnsaegﬂdmndr n tinme

(or over a reI%tlver short period $ as .is well understgod. The
magni t ude "o TeiREENSRAPBER Blfdi% th ke erlsxsteart\% tyrieplivipeludesdingineeding

represent ﬁfo'dﬁ% 209“5’&5&%11{3'5&?&6%5 i O PR iffte G 26!5% BnfiHeRe Wil bits that
conveys that digital representation. In certaln enbodinents, one digital
audi o sanmﬂ&om&ncapﬁ&ﬁémﬂedeMnsmxbeemmbm&ﬁw@diahﬂm@hnmﬂebd@ﬁbém of bits in

practice nay be re or. | ess &gﬂ) sixteen i.f s esi red cC dance

B £ some OB M freodiph Seulio BAgP T dRa e xing Meale Gt Lfneas’

wi thin the range of about 16,000 to 48,000 sanpl es per second, and certain
enbodi nents utilize a sanpling rate of, 32,000 sanpl es per second. [ 0036] As

used here, a "bl ock" of sanples refers to a set, group, or other collection
of




sanples contained in a nmedia stream The nunber of sanples in a bl ock can
be arbitrarily defined, or the nunber may be selected for conpatibility
wi t h cer twiOrodanggieonmuni cati on standards, stream ng nmedCa/UstaEndarcds,

har dwar e requi renments, and/or software requirenents. In certain

enbodi nents, one bl ock of digital udi o, s les.is represented 1024
consecut i ECTBEHSIRETACPHER uich d O RS SR Ll gl @eraatrfégthﬁe mor e
or | ess tBaRdd@stdialstrSandes] dftﬁds}bore ke%ﬁeﬂ&ahhﬁé,mt&rt@sﬁﬁmﬂepgofam of

32,000 sanples per second, one block of digital audio sanples represents
about 32 netwofk mitarice P06 8ich Teteicprscbe fzma0ad data fbinethe gransseip bwideri 195 dor

real -time_and .dynanm ¢ _nmanne comodat iff.erent. nedia streans .(the
end user AT Pean ok |1 B SOMRA MEL At Ry Pt T e a
the nedi atfela¥&dihg ahdindthbik fr88aChroéRsREALADHt BP thek@gbdifg MbduRiZoRahi zi ng
processi nqﬁof a nmedia stream and entering a fast adafgt ation node E1t ask
302). Thetlicastweriapede¢coiPontrdpcctisply exsimay perfora athen fupgtipngpmyebr Thear ni ng
period for t i i rj j i.ce, the
Fast - adaprilS R FOThAR IS B LURRERGRIRECORBLEHE: el PREEE: 05 o
sanpl es i pedcheingead pretidiaghs@nimatdstiDe v tlewortepedottieVid, Hyddstrtbedser can be
normal i zed (if needed) by at |east sonme anmount. Thereafter, the encoder
syst em caAb@€ansition to a steady state node during which the gain control
i s adj ust gy a APy %dd,re «dn . NEM20k EQopiocessi ng
of digita ag iogrrog?dgs uﬁr%ﬁgheg aslta&gglggltagtﬁigon n%abgj?gat%é&éong%der

syst em ut ehdodeg adde siagstatiag tbetedh corteghtA2ngediast foors thd dvasant wairght 0ng

factors are used to,calculate the gain ta be applied | ocks of digital
i o sampied Sl igrtyibiy S o B trioviiee of B neftakd 180 Ciively-che garn
appl i ed t gnRdbRRAM BLARK20 N pidédl ihRla @HaRl SARGRoGATotdt (8E ., thEhe

wei ghting factors and exenplary gain cal cul ation nmethodol ogies are

descri bed WINDRWS MEDHAl folyedtamanibihirpefthe Mhcrosafo ChtpGratpn of Regmaund.i ce, t he

wei ghting.factors ar 1 call epm st hat cessi bl e by
the encoddr BB, MR TRBLERTE R IREREATPRA T gl 2k BPECHRERT be. used,
this part hgdibithe ERDOELTRADC YSBSN SO oWeh itk lfl@cmmencwihghna@rt@kd abel ed W
and w2 herein. Mreover, the values of wi and w2 are variable for the fast
gai n adapPies.dor SeRwhe in amusortel opgedieg meflulgi203pd appropiige £ Theendogdmgt he
steady stat J tati or Ihe. i cri bed here, w
and w2 ar glogggi@t()?\@g’g%ﬁ é’ast(8 ﬂsﬁ' %Q@herergga‘t% Jgﬁgﬁ%%%ﬁ%%ﬁgé ftlk)é%i n both fast
adapt at i ointggates tradyusst dbemedia escoding)p@fiatarof.g. [OO3Atd ot faatviae n
situations, the value %« wl for the fast adaptﬁ%i on node is | ess than or
equal to PREARANEE wed (§r meshia encedivgdhatpxequigsat RsFacoder dytisia 10a) gethst w2 for
t he fast i ] i : V, for

t he st eadggggﬁéﬁglg %Forgu %e%%?%&g?ft%%g%y g%]astﬁl%\t/\{% tgéév%/lz&%gl}e I@%{dﬁ Ctglﬁutgl‘ﬁ?ast
adapt at i oh2fde cantint freiret Hidyg. gs tvat enynodtenf blardveee hiad/or wiftwaat intaracet dne

di fference - w2 for the fast adaptation nmode is |less than the djfference
e T ofndes Srtpdidst ey PRt i B RSt PRyt R a8 Rl 6
network 110. Although FIG. 2 shows a single encoding module 202, in practice the

encoder system 102 may include any number of encoding modules 202. Different
encoding modules 202 may be selected based upon the type of media player 104, network
conditions, user preferences, and/or the like.

[0030] In various embodiments, the encoding module 202 may also apply other
modifications, transforms, and/or filters to the received content before or during the
encoding/transcoding process. Video signals, for example, may be resized, cropped
and/or skewed. Similarly, the color, hue and/or saturation of the signal may be altered,
and/or noise reduction or other filtering may be applied. Digital rights management
encoding and/or decoding may also be applied in some embodiments, and/or other

features may be applied as desired. Audio signals may be modified by adjusting



the fast adaptation node, wil = 0.7 and w2 = 0.3 , and in the steady state
node, wi = 0.9 and w2 = 0.1. [0040] For certain enbodi nents, the value of w
in the fa®02adaptavi on node is always | ess than the val reTafS24%0/0i1684 he
steady state node (although at the transition between nodes the val ue m ght
t he value of w2 in the fast adaptat e i s, always greater

be the sanme),.. jon no
than the %ﬂa{%mglgdﬂtev@%wsaeﬁ@ RaFaRcrs sholted eysdie (@P{Uﬁ&?@ﬂgaﬁ?u@wrﬁm K5t i on

bet ween npdes: hBekYaligisTe@hl, R8itdN8didaTRbIcs FH nfchf si@htRaRbe ModifiedghWway's
greater than the value of W2 (for both nodes). Mreover, the values of w

and w2 neecondince withithe alangvadigitdgaimepntiobtebmquadag matthatolomeialesdrinded,

t hese val ues can. b dj ust ed duri he fast adaptatjon de to rive at
the val el g Cudth Shbe o TR I righs el madR fotty &

i mpl ement algit@Naud sdniiéso $8EmAlIARLRE Volufk QM RIABe PerBIVEH BF tRX@RPHGind- 7) to
anot her value (for exanple, 0.9), and w2 decreases linearly fromone val ue

(for exanpregentgiopofitee madiekseearyal ue (for exanple, 0.1) during the fast
dapt at i . 4,00 . , i i
adapt at | Og)éfggfe ."Ehe n%g\l/ r%rlnt%%(fg&f#(% Jegegﬂo Fagl %élbg\%aréggft&a%ca?}% orfi gral ns 1 n

the fast ation node for a hundr I 0 sanpl es. en t he

process 3t slidvey the h@ dbasistead R @tdoatimurictts o the nealared 10f Inarind W2 ar e
initialized tg 0.7 and 0.3, respectively. After the gain 0.9 -.07

adj ust mengmbedipieatsy the etvark dnedgceL0qiter ddamspigable PFtwpEK ftady Iag @)L 00and w2
is 3-0.1 3 oSt oM £ [Polel A d ngyafter
gai n adj u%l?&rrgt?\lt%a%gﬂ ﬁﬁgéng/aogﬁ&ﬁ}leoé%%o? éﬂ&&g% tna%]r agéé%c)?%n%\)l&%g Qgcgpeﬁoné as the
process 3@frcd enwniimkss mtdrfeec hadtsimdapt ati on node. By the tine the process

300 reach e end of the fast adaptation t he .l i near adj ustnments of
i and- vz’ Tiadarmbaditen Bhttel mopRbr0s oLy S eRRab el he
process 30oaMeeIA tham# ﬁ)?&@yse\%\éé’ttf&n{@aqﬁl the EdbolitgSRoMAd BEBand Be hBG o3k €ady
state adaptati on node, w and do not “undergo any further changes and

t hey remainterémngbanresartivdlei To theg ped tthe/eoniral medule @09 isany lordwdrer this
exanpl e). t sone Qoi nt

Fact achptdlr B TonTe o AR st e O o AR O bR R o Vel wes
(0.7 and Qarfous@mbloBingen®X @oBiro Bigdillt NeRFurbld) YRlcoBRBE cat@bi® rasi®idtahned
above. the remote media player via the network interface 206 (e.g., by sending the commands
124 to the content source 106 via the command module 208 or the like). The control
module 205 may also transmit commands to the media player 104 via the network
interface 206 and/or may control or otherwise effect any other operations of the encoder
system 102. In various embodiments, the control module 205 implements the control
features used to monitor and adjust the operation of the encoding module 202 and/or the
network interface 206 to efficiently provide the media stream to the media player 104.
[0033] Certain embodiments of the encoding module 202 may include or execute one
or more computer programs (e.g., software) that are tangibly embodied in appropriately
configured computer-readable media 210. The computer program product is operable to
cause the encoder system 102 to perform certain operations on media streams, as
described in more detail below with reference to FIG. 3 and FIG. 4. For this embodiment,
FIG. 2 depicts the computer-readable media 210 associated with the control module 205,
although such an association need not be employed in all implementations. Indeed, the
computer-readable media 210 may alternatively (or additionally) be utilized in connection

with the encoding module 202 if so desired. As mentioned above, the computer-readable

media 210 may include, without limitation: an electronic circuit, a semiconductor
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[0042] Referring back to FIG 3, the process 300 can conpute or access the
gain weighting factors for the fast adaptation node (task 304), and obtain
t he next wbaek/mi21di gi tal audi o sanpl es for processi ng Pragis2@0816duri ng

the fast adaptati on node. The process 300 then continues by calculating a

gain value for the current hlqck and adjustin in of the djgital

audi o sanfIBYTY He\iffe a&fmﬁ?‘a% BERODh aae%ﬂ&aﬁ@ﬁﬁﬁwm floggy giskdliced gain
val ue (tagp-ROR), anIHpalalafiivia haRMisiObr IRAiKki cation of the digital audio
sanples results in gain-adjusted di'gital audi o sanples having nornalized

vol ume (| f93AEss)FIGuBiingflpwebenthat ilbstrates thembediticntef avradppiohcadipita e,

During task 308, th ain e for the rr.en | ock is.cal culated usin
Che cur  oRE1" Bis i Ry e hopctin i (iRteafy 35 S S GRERL DGt o°
the fast asgapRhRtiaB6n PREEss 400. tiht Yafi@eahsks pbSmea iA cohndchien YiGiahal audi o
sanples is adjusted using a fast gain adaptation schene for as long as the
process 30bstreiadiprescssimashiec m&rmggémsgﬁtwam, sdwarcFBrmv e, @rsydi ment s

escri bed . I a Ll i i is
used as a multrplier Tor origi nal "non-adj uste i'gi'tal "audi o sanpl e
d c f)iﬁam}xﬂ%m%ﬁf ”n%&-h ep%?at{o%E Bﬁiﬁﬂﬁﬁctf’b&w&%&gkg%ﬁ{ y ﬁes@ﬁgéh Oﬁﬁaé‘éss

val ue. Thufy ba cgedutcdMal ang RbcRse ahépr othenpocemingfanges antid fhe eacddgt nal
digital audio sanple value will remain unchanged with a gain_value of one.

[ 0043] TheSYH&r 485 2801 PEHIHITTEOAR ISP ﬁmakﬁﬂt?gf eagh@if &_}W%O&@HJD@FI@%pl es to
the renot @ﬂ&é&%ﬂgﬁé ﬁ%m‘éh,ghéx@'cog?%%%n?ké}%'Sf &Eﬁs&*ﬁ 30w 0 (s3Bn 2GR PG JrRNNer .
odi hefit's, t8 the §

In certain e t ask transm al n-adj uste rgital audio
sanpl es i modllecs of &$Gi 3 aweddtingrsdiwsteawghrodebroebdasrd, logineén gai formdi. Ust ed

di gital audi anples wi Il typical be transmitted in a nedia.streamthat
21 90 ettt BPRrviana et e HvER! Gotes B DOHES SOpuM e CERBRISIE ned o
pl ayer si HII?érMat%QQ&@,Sor%ﬂ%r AhRSRObSmbREIITRHIA AN ARGV e YIRS sRvitiaual -
The nedi a pl ayer need not” perform any additional or special processing to

i mpl ement theHeguwes| ngnd notdrapeirfozingdyint the Whistrated dedserdandedichetts dipeosssmay he

digital audio s les received t he nmedia player are alread

Garn adj adeRRoObRE AL eI AR RSt P R BRI on ode 1 s
utilized amclomilitehottdesdriicin @étall @afeii.Nng period for new nedia streans.
Accordingly, the encoder system may determ ne, detect, or otherw se be

i nstruct etP038] swiRdprringaent tadl@astthaadaptise distfahgade cemirol peocstseWihrcas bat e node
(query ta d SW I dition,
then it cgtgrtgdr&@el?n Jflhee\;/Efegg%é;&gﬁﬁag%r%%nd(z&%%gééeq\%gsdl ﬁé&?\% ISR% ,&%ae process
300 can r ptegemation deails. 20dhedia seeamuiag indludcaasberivive trembociaac wished val ues
of wi and Tv2, ggt ain the next block Gc[)f audi 0. saml es fﬁr processi ng, and

cont i nue BRUHEY S} digHy yAIn528Wsy Astsed Apger digitelchiding farrespondsfio pe
associ at ed; r | ta& MR LER (oPBRTYr €s, or
par anetergl.g\ml%%)llr%plceég%rtrgfoél, tﬁgﬁgiggtauggasggg{?génﬂ %?glﬁ%{i/h%%r’gl n agti ve for a
pr edet er nrat@d ety shertperiod df amegras iswell anhdezitogl. t e pagoeds bhgic@ahalbpeudiar r ent

medi a stream,.for a predeterm ped tine.peri ft.er the systemenpters the
a5t - adaptantldncoaald i - aiede Baaresriirigaid fhe bl sl ardtR e TR U R gt | ng
factors apgmeQroT®its thaPtoRYS iy 8dithNepRedhtaARa, 1€E&taik BmbyAh@dls, one

i npl enentations, the fast adaptation node |asts for about four to eight

seconds. Agitahadiresamplaisprreresanted Uyasxteerlbipt (althenghribdeumbsy of ditaimpraetorei ve

for a predeterm ned nunper of bl.ock 0 anpl e after initializing the

b ocasel niype e By FEERER adlaed OF EaDy IF Mol heSh iR o hEamiiisErtS,

bl ocks (othesanpligs tat@fordigitahgudiy sirepleentvaitiin tiaah@sdf deaptcdioad 48@de, for a
predet er m ned nunber of b% ocks (or sanples) after the weighting factors are
retri evedsdmplesry sgomd, grdccerpmomsiodsgeits Hgli4catampling gate ofrd2.080 sappicsencoder
systemtopgrvgeg&{a‘ nodes, the process

[0036] As used here, a “block™ of samples refers to a set, group, or other collection of
samples contained in a media stream. The number of samples in a block can be
arbitrarily defined, or the number may be selected for compatibility with certain data
communication standards, streaming media standards, hardware requirements, and/or

software requirements. In certain embodiments, one block of digital audio samples is
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will enter and initiate the steady state node. The steady state node
represents a "long term and relatively stable period for the gain control
t echni quewodestrriibad herein. In practice, the steady stareTmsdeoaicss over
after the fast adaptati on node has nmade its initial gal n adj ustments.

During the stead node,. the gain of the digital_ audio sapples is
adj ust ed rqtr%%ﬁntsﬁa lﬁ%f cAe b ranEloh i RerE L o pHERber syt %Pérglgfﬂeawed by
the user peRRINS BQ AR 1@RG (S Hesﬂ%@}je@ans&ﬁleﬁﬂyvﬁrﬁga z%lﬁlgrrﬁfeecff%Q%OV()' une

| evel . [0046] For the steady state nobde e process O retrieves or
accesses sdveplgapar soasinghonaritjodlaet bgital fodiotshmp kst ecgseats abeutrigdes ¢f amk 316)

whi ch are erent than ing factors. ysed .duri ng the fast
BTl o Al SR e R SR R S P e S e
audi 0 SanNRk@srh@atd i FeRASnBia Ctrasks ?ﬂ@éncﬂw’ef gy kRAcIS ibAbheThli£stiRbeo The
process 300 then continues by calculatin gain value for the current

bl ock andazathuder prgsankasiogar thednectlhelamrc}u ?nauhlsaagﬁré tha pysicess 30A begias Oir r ent

bl ock in I t ask
520, the BRSNS of Rfei Gl s R B S AR AR O3

wei ght i ngThaﬁISOzli(Bip(a\Mon @mﬂle’fmﬂr}seﬁfsralh&ﬁm@hﬁalﬁglgtdb Idal€ing pexdetyfos tt&tgeur[mde
Therefore, the gain of the digital audi.o sanples is adjusted using a steady
state gai ﬁo%ttj)é}ﬁccatlli%ﬁ de“@ﬁé%hqree g pta@H@e &tergﬁedﬁwtéees@é@@ulﬁléwwsl n the

st eady st t t IS
di fferent ﬁte%‘i‘m) he ng%q%?ﬁag apt a L|§§of311 tggﬁggt%ﬁ%%g Sg&%égghss transmts
t he gain- ad]cusedatiy meglseraianamdnonna;lazleﬁ (€ actded) be at leandd k@hy atooatt éﬂherhaﬁ,eﬂ, aI

medi a pl ayer sk 322) as descri be bove fo ask 310. Again,
T ayer ol SHGtE SHTGR KAy SR RO S pos S HEeL doag s sement

the vol ungy; ﬁggmd&b%&%@uﬂ%ﬁ%&{mmrhere because the digital audio
sanpl es recel ved by the nedia player are al ready gai n-adjusted. [0047]As
ment i oned[1938)i oUzirprocesengoiotigital a80I0 semnlcb duriepthatied aflantatemohode thenedi a
stream Thus, the e der stem etermng, detect, or .otherw se be
st uct et et EBh ARG AL ERR o SR EME BriotinES yeRbuRL B 3 eam
(query tagikdIg4diculbie thOBaiRk®@BEESPIRAG0 FRLRESSigitd) AWl idREnDlcOr Tﬁel%%hﬁhg eam
then it can initialize the processing of the new nedia stream and agai n

ent er t hefactss coptmbtheraximt frowbich dhasgaisapplicd ¢p h@avﬁnsbloctcmf Jigitd @8d10300 can
return to 8 t I si ng
o the st S seins ARl A8 OB b Dy SAPRL S Ao BYRES

2011/ 0112 32REI¢riv5a 0l BotAdH 8004100 4G cfdrontgho FIE. zemqﬂamatthde&(ghmbgd her e

uses two nodes (fast .adapfation and stead stat an adaptlve digital gain
control t ECHEP BGSTYBTFY dstraisd gapics ih abﬁlew%ﬁse ??methe §RCAIET BEEMH  enpl oy

nore than AthetQ% tfm fHor | Q@%a J?%c‘cb?ﬁ&fld sl {hflseﬁa‘f'mul dihédtes @

good bal anc ect 1 veness, normal i zat 1 on speed.
[ 0049] Ref eve WﬁghtlmgvfetcmrFlv@lcmMeﬂmmdlngﬂ andlw Jerain cMomcdvat itanvglnsadsg 400 can

be utilized, by the. urin ada ve di gi.t al a|n contr ol
F s S0 oae aroNe s e B bt DA R s e daT s e b e Rast or | o
mode and Hhgy ﬁtaeedgfea%%ta@e PR eddpmtlon s@hérﬁ@rl@d}tthé/@thb'@cﬁmfeﬂtrdefs&%e‘&@ie%”'%ng

factors wl and w2, as explai ned previously). The process 400 nmay begin
(task 402jndwivt hretploeltlfve nsd sapistctke oflatdinghipal, -awdi=d .G anfpdth $ast wieptatiok anddi cat es
the bl ock nunber), and by obtaining that block of digital audio sanples in
t he medi as@tCFYeSé%F‘Fmﬂd%?fﬁI&@loﬁg (task 404). The process 400 considers the

di gi t al Sarmlcgﬁalh @1t9eltf2)5§sth?98? §Fw 0‘? kﬁégéa?tfa%ggt'ag?tﬁﬁg% & 18 &Y,

inherent ou ess or volune 1 nfornmation enbo i men th
process 46@1a¢sd thulvalue of &, faubnassdyesite tmtde doidkhe Yadue bfve, foutlreefatt bl ock of
o sanpl es (task 406), wher udes sanpl es:

? ;lgi,tglz Cgaptatlonmmls greAtetHaa@ﬁ%%éq the kth 3 tﬁfisg%}%s d0deolind be
enpl oyed, L he, ﬁﬂﬂﬁﬁhmt > HeRGHoREEe Etgst s?@@dffatt \B?](éc{%:anﬁ%e 30 &tﬁ%ﬁg’% mPgt! mte in

1=N accor dance w th the expression ness
esti mat e, j@lerafmlsituations, the difference w, —w, for the fast adaptation mode is less than the

difference w, —w, for the steady state mode. As one specific non-limiting example, in
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represents the digital audio sanples, and the current block includes N
digital audio sanples. The absol ute val ue of each audio sanple is taken
because awg2giveamiaudi o sanpl e nay be positive or negat P¢g/USdapondsng upon
its intended sound pressure direction relative to the listener's eardruns.
Thus, the process 400 cal cul ates the | oudness estimate as a sum of the

" magni t ud8¥ fagrdaMeE N EPE. sam-ésnd otit al dednd M the steady statsimadeo ¥k = §9050] The
cal cul ated | oudness estimate can then be conpared to a silence threshold
val ue (quét “@é§§ 408). The silence threshold value nmay be enpirically

det erm ne def - ; RO rate
thr eshol at Al 1 g aatg APt ol By Y FIRHETa L AR, FpaPtl SRR

i nconsi st &Rcthas thawdlieofor i igitinadteaiydiae thata(althodgh stahe #edsitionsbetiveensanpl es

t hat cannot be detected as sound. |f the cal cul ated | oudness estipate is

| ess t han™oAE G Makie e ke pme W@ﬂa@ﬁ of Y ae@gsfasaeéamﬁwnaﬁﬁeyls alvays

mul tiplicafd e afaite géflué)@tewz(@)rth@ﬁé{a 86 hd8e Yﬁgﬁgg%kﬁ%%ggaﬁ@t%%% d not

be approxrfmately equ to on to the current Igital audio

sanpl es (tmdks th Ohlue mgltteghe wondsand the vplne 0€v's isdd@amsmeatersthahtie vehe gai n
val ue (gk).for. the current block wll, be ual, to one. Thus, if the process
400" det o B Hedot R S ieteRver ol cptupSp ds B el SRS S EE e 1 < o

need to applivg ABYadaldptatRRAIndRE ThEWR! MUK valies CREHOLAGRSS IAND: haMashe
bypassed. As expl ai ned above with reference to FIG "3 and the process 300,

whi | e opepdaptatignimodetie afrastat Hvaylues ito he nivdaluring ghosddady stagd medle. almck Tv2 are
linearly dat ed .on | ock--by-bl ock basis (task 4 ln,this. re d, task
a1 1 cans ik To SPeRa oD ¥ B RsE isonbS Tl bAESuE R bt 1o ENTASh

bl ock for vilueclsstdngple, | 9), tnd hedst@seylirhay Eroféle, vallltafortxstpit]l 8. 30edl d be

bypassed. [0051]If (Euery task 408 determ nes that the | oudness estimate is
not |ess frdbertvigliedfqrenpapien? ésAwing the fshadapsatiopseadss 400 may conti nue by

det > . ¢ . y 4
by the 1 oluiaks” def KabhRrob R FioBlls J0H Ratfind Bl he HiPhadbBytol At 2
val ue i s Basddndpdrblddie of autoeasplest Wiaih ehcgirocaas B@l ertencle: fasidapato al ue.

Al t hough ot her_ net hodol ogi es coul d.be enpl oyed. the enbodi nent described
here cal cllodebe Yﬂéesr%d‘vé’raélﬁd\é? a@%}nh“a\?’éla‘g@ é-ﬁa ‘ggér ERAPRE VGt I‘u*f?elliéheeg?ﬂi‘ essi on

Lref gr =, where gr is the reference gain value, and k'sf s the reference

| oudness vdbsteentdf thihérst bfogk oh eedib surdples svualngecabsl by eonstamndvalisie t hat
represents, corresponds to, or otherw se indicates the sired normalized
volune. Ideally andgyihgqretically, therefore, gain-adjusted digital audio
sanpl es wilédredsed bhaﬁzﬁbér.iﬁlédnbﬂifmtiqdpﬁJWx@nﬂwmappwsaftehgain@djus@monﬂs to
the reference | oudnet® val ue. The reference gain value is used later in the

process 400y JIQAA A58 REASE §5Rp 108 IRY a@lRPr&ERLE WP chathsTRXIME gai n val ue
(gm for the current” bl ock of digital "audio sanples (task 416). Although

ot her et hdaptdtiogineslec diyl ttic bmeshppwgess, 3 0 meacbeibdicnd nt thd ésst nddpeationer e

cal cul at ersnotdg,ethgﬁéfi:arrné{gfu %ile?ltsvoafjv%eanid sz result in values of 0.9 and 0.1, respectively.
Thereafter, the process 300 enters the steady state mode with these values. In the steady
state adaptation mode, w; and w, do not undergo any further changes and they remain
constant at their respective values (0.9 and 0.1 for this example). Later at some point in
time, when the system switches back to the fast adaptation mode, w; and w, are again
reset to their initial values (0.7 and 0.3 for this example) and linear adjustment occurs as
explained above.
[0042] Referring back to FIG. 3, the process 300 can compute or access the gain
weighting factors for the fast adaptation mode (task 304), and obtain the next block of
digital audio samples for processing (task 306) during the fast adaptation mode. The

process 300 then continues by calculating a gain value for the current block and adjusting

the gain of the digital audio samples in the current block in accordance with the
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2n-1 accordance with the expression gm =, where n is the nunber of bits per
digital a "ax audio sanple, and where ama, is the maxi num absol ute sanpl e
val ue i n wbeotumiant bl ock of digital audi o sanples. TheCprscess41%080Q

det erm nes the maxi mum al | owabl e gain value for the current block in this

manner to pr t bit over ital aydi o.sa es. of the bl ock.
For exanpfgt HEd e Vémer(a%hﬁ%oéi‘ Fﬁ@ﬂ ot & o %tvonaﬂ“%&g&ﬁkﬁ‘@lq hat has
a relati V@Arﬂ 184 &Elulvs%lg@lnmﬁ&st&pcﬁgf?@}fah&i% staﬂl@émvﬁg%ﬁﬁa%@vmme then very
little nultlpllcatlve gai n"can be appl o that "sanpl e w thout causing

overfl ow. (l@mdrteh@ dotihg prasentaljon 4t tiad diescﬁattdmern@harplag@ iDurtriggadd B8k theapnm

| ati vel I t of I t b
ppi 1 ed t SRRy bRSE; e MRSl v Rl Br Bhtnel R SR st GufBiRa or
cal cul at egyAhdesh b@i@és?dn(ﬁﬁg P thalfake adG@atichPhoden an e Fetd, Blcagln &f theli gi t al
audi o sanples (task 4 where the estinmated gain value is influenced by

t he ref er digdtal @Jéinmsaml%el’s admﬁf@d umgﬂrﬁ@st g&lﬂlaﬁﬁmﬂw sehomF fer.asfengeas the
speci fi Ca{y{ 2551308 r &7 i TR t%g pYai{ y%‘m&&h fﬁw H&{&) Qﬁs HELRES ga' n

val ue and € maxi mum gai n v gues cou
enpl oyed, tHergauevdmmlﬂepﬁ@ént@Iemﬂmﬂmﬁub@geen c}aak fsujsad &sa tﬂnaqﬁ@t fdmee@hgﬁaln val ue
I n accordance wth the expression ge = mn(g" where ge is the

est i mat edQEPMHUYES digitalpigio sampple yalpe. nﬁh@dagamrvam QFENGFIPICNBES B FARNESO
e 5y SNSRI Al ey TER A e L SHELPC
cal cul at esnd¢.he galn val ue (gk) to be applled to the current bl ock of
BT B KRR UM R N B
in rernotely-located digital media player (task 310) in an ongoing manner. In certain
embodiments, task 310 transmits the gain-adjusted digital audio samples in blocks, as is
well understood. Moreover, the gain-adjusted digital audio samples will typically be
transmitted in a media stream that also includes or otherwise conveys video content.
Upon receipt, the media player simply decodes and presents the media stream to the user
as usual. The media player need not perform any additional or special processing to
implement the volume normalizing technique described here because the digital audio
samples received by the media player are already gain-adjusted.
[0044] As mentioned previously, the fast adaptation mode is utilized as a brief
training or learning period for new media streams. Accordingly, the encoder system may
determine, detect, or otherwise be instructed to switch from the fast adaptation mode to
the steady state mode (query task 312). If the process 300 detects a mode switching
condition, then it can enter the steady state mode (task 314). Otherwise, the process 300
can return to task 304 to compute or access the newly adjusted values of w; and w,, obtain
the next block of audio samples for processing, and continue as described previously.
The mode switching condition can be associated with one or any number of appropriate
metrics, measures, or parameters. For example, the fast adaptation mode may remain
active for a predetermined time period after initializing the processing of the current
media stream, for a predetermined time period after the system enters the fast adaptation
mode, for a predetermined time period after the weighting factors are computed or
retrieved in task 304, etc. In typical implementations, the fast adaptation mode lasts for

about four to eight seconds. As another example, the fast adaptation mode may remain
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accordance in accordance with the expression gk = mn(w x gk_1+ w2 x ge ,
gm, where gk is the conputed gain value, and wi and Tv2 are the wei ghting
factors, wbizetv/ome21e descri bed previously. The expressi orCrars2gl/oitresd udes a
m ni mum operator that selects one of two val ues, whichever is |ower (or
selects either.value if th are h the sanme). The first value is defined
by the tePtH\rdos@ greﬁetfrln%?f ﬁura er Rlpekh rsBRBRa) YHF it R RGP gain

val ue (gmhf hBuirBHik&Ei £ 6rddvh, b aspﬁéfé%&%ﬁﬁéd)&mﬁé?%f ORCRs G(fi"s&kﬁ l\é{k)I dftcPhe
i nfluenced by the estinmated gain value, the nmaxi num gain value, and a

previ ous gaitam vatbsehg fst adapfation mode ghoi o psedbtconlncdhunibgi efdilokedoro sanpl es in
the nedia stre For the re ns descri bed 0 hi s conput ed gai n val ue
w1 el so B Rge e ey e R rEr i O A MPhetCal cul at ed duri ng ¢ ask
414. For {(v4s] parAdsamias thenibRAmER thd Rod@isPst¥ialty ewhtern mbhss, elérgredss bl ock
(gk) is determned in response to the gain value for the imediately

precedi ngWll gekr gnghinitinte the slendiattpto srgde( dihe swady stefanadp)repigiensoullange

cal cul at e by ,GONSLARK NOIOREE BRI Ml Uil RLnRLOCKSCAEIDI S, 1D

i rmedi at el'’y precedi ng “bl ock. I'S rel§ance on a preéevious galn value
prevents bacde:, Heatdadl gtabd @6k 1REd @ler af& tho fdshelapppbh @tbdgdbnmali®itpr act i ce,
gk will have a value that ranges from1.0 to about 8.0, although val ues

that exceddtid soinradgitmends.r Raring g steady sipicanedes thsatielths digitebsstiorne

conput ed j I I o]l i an then
be applie t%eét/ SH@ 5%%%%1@:8%% %Cgtﬁf{gginegg%&ﬂlhﬁ%gﬁlgg% ?%Eeg,u]eﬁgb k 422
nodi fi es, thedjsastkemainsmoohflercdi(§accdrdhgpdativichie theurfeentce bblade lofeldi gi t al  audi o

sanpl es. re specifically, task 422 nodifi each sanmple in the current
b1 o6k by NIFBI of yicidhs et mare.daniiecsy aPUata g ir oriestst A1t n
gai n- adj UGLeMA AR MRSs Y& tHeste AR STROHAP BdsiePY ewMich Bre" (ﬁff@rretﬁﬂtgﬁn iR dahe

process 300, the gain-adjusted sanple values are sent to '
r enot el y- etghtiong favtats asqil dayiog themastoidaptanon merde.ples process 360 atsdiohtagitsrtbam wi t h

a nornalize oudness. , Fl 4 depicts task 422 . in ack to . task 412 as
o e nr R PR i ppfIEPhR bk G AT DR O e
process 4Q{dde AThélprcetds3od tmedonaHsdsiby dalt@laping eesgaidtOAue &t thecurfnt bbk Y
performed for the fast adaptation nmpde (using the linearly adjusted set of

wei ght i ngafichedivitisg thnepin Rbthedigitab pedio penpleh i the ewdgnt Hlaskdn pesoedange Wil a
fixed set ,of yveightir [ i

Lot monl iR AP AE o | AORRL 51 She LRSS PG BEERUR ok,
slhoul g beisapmu_ﬁﬁéchﬂciiﬁtdghﬁhbgﬁiﬁaveiglﬁtng:‘faﬂbﬂr(ﬁﬁlé&&ﬁj c&ﬁ’ﬂemgb'ﬁ»gic}_stthe dtéadghoul plb .
al SO be appreci ted that the exe ary enpo I ment or e Il.ments escri pe
herei n ar 82i§dpoqent dserdore: Bheigein of thdiglielgydio S&B}ﬁ’llﬁisd%\%‘ilwt?‘ip/?m’&%aé‘@ ¥ guration

of the cl %f@%ﬁ' éH%JP £6bn Wk fof & B pr&&s 1500 iRHRARIAY At al | ed
description Ff p ovi%e th%%g §1HP¥S%E¥5“§%e arfe&ﬁgﬁla confé ﬁent r oad
map for i nmpdemendre Hy stdady diagcgaibedhpetioodehment is diffeodiobinntba st gdih shoul d be
under stood, that vari ous_ changes n be .made i.n the function_.and arrangenent
of ol ormn LR STt o b G A Oiteme Babp e Bl yisd 914 REHEPnE: S ch
i ncl udes KRQWRACRBMI0EAE !&Igﬁtaﬁﬁ@dﬁa%ﬂvﬁ%ﬁgﬁ’élﬂ 220U & B shodt fdrhgktiloe of
filing this patent application. 2011/ 011219PCT/ US2010/ 041680 CLAI M5
What i s cAgpmpthejmedia player need not perform any additional or special processing to

implement the volume normalizing technique described here because the digital audio

samples received by the media player are already gain-adjusted.

[0047] As mentioned previously, the process 300 can be repeated for each new media

stream. Thus, the encoder system may determine, detect, or otherwise be instructed to

switch from the current audio stream to a new audio stream (query task 324). If the

process 300 detects a new media or audio stream, then it can initialize the processing of

the new media stream and again enter the fast adaptation mode (task 302). Otherwise, the

process 300 can return to task 318, obtain the next block of audio samples for processing

in the steady state mode, and continue as described previously.
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1. An adaptive gain control nethod for digital audio sanples, the nethod
conprising: initializing processing of a nedia stream adj usting gain
of a firswo=eti/i2idi gital audi o sanples in the nedi a stPeamSasloOgL680 f ast
gain adapt ation schene, resulting in a first group of gain-adjusted digital

audi o sa Y rmalized vol unme. dyring presentati nd .
thereafte 043111 s/%h%ggéhene%'?odgn%@% ibgd heriisgy tqugpg%%dg%%a@amggn@n the
medi a strgamugiBgaf aéatp%e )d1g§traf1§aﬁn g@ﬂtfbl%i«ﬁﬁfq% o8N d SRR IR ofl$ oL f f er ent
than the fast” gai'n adaptation schene, resulting in a second ‘group of

gai n- adj ustodd, aiigéauid erapﬂdym&aﬁ;ahéwolddiﬁ@rwg megderallhe est afdivordeffehant medes
presentati in a UStI n ai n of
Phe tir ot 2Bt gpoqs tyfise PGS 0GR sbuis) ErliFsnsinabe hir A ateln neg
time peri quha8f t errRdfBiirinkdblvzib FIGPS ARE BRI cdlfi@atidRracdt B8 BAn be 3.
The method of claim 1, wherein ad] usting gain of the first set of di gltal

audi o sanpiﬂe@dltéftb@?ﬁ@ﬂ%ﬁsﬁmdﬁmﬂﬁb@@d?@tlw ﬁ@@talrgm)@@nt@ﬂ picesid)0oflhgi gi t al
di | 4,
The. et noBesrosci0RTph e SoRRERSP e hife TREIR L7 §emads o 1y

si xt een b{wish dﬂfwbma nelubsl mkheo&zelghtglgt fabtoﬁud} @dsami eqylalﬁedlﬁﬁmeaﬁy) €Theby 1024
digital audio sanp hod of claim1, further corrprlsmg

af ter adj D¥CPHg Bélil%’ @gmc %@kéé)ébw&héléft ﬁ%f blgelyf digital yrie semplsdwhere
initiali Ziﬂ?l?c %’ Qﬁeeﬁlﬁ&lg d;ﬂf)er aﬁ&%g%gta%g%ﬁlaﬂ)lro@@ dng Jal audﬁ)déaH%tlésrlﬂ tlgza' n of a
(0]

third set Igital au S In the secon l'a stream using the
fast gai nn&dmmtraamcfnr sob@kiRg (Wasism(l)ét)i Ade iprocass 40rabngidens phaodiggaiand@dj ust ed

digital alsja{jnlllﬁes 1nrmocﬁ<s bgga\{llsg g sﬁg erg%lld{ozs%glp?er gosn%g[lsa&ol 1(1)1ﬂer\f/:1?t| lu n&n;eséa (r)]rdvolume
information by itself. For this embodiment, the process 400 calculates a loudness
estimate (L) for the current block of digital audio samples (task 406), where the Ath block
includes N samples: {a;, az, as, . . . ax}. Although other estimating methodologies could
be employed, the embodiment described here calculates the loudness estimate in
i=N

accordance with the expression L, = Z|ai , where Ly is the loudness estimate, a;
i=1

represents the digital audio samples, and the current block includes N digital audio
samples. The absolute value of each audio sample is taken because any given audio
sample may be positive or negative, depending upon its intended sound pressure direction
relative to the listener’s eardrums. Thus, the process 400 calculates the loudness estimate
as a sum of the “magnitudes” of the audio samples contained in the current block.

[0050] The calculated loudness estimate can then be compared to a silence threshold
value (query task 408). The silence threshold value may be empirically determined and
defined such that it is low enough to serve as an accurate threshold and high enough to
contemplate bit errors, artifacts, inconsistencies in the original audio data, and “non-zero”
audio samples that cannot be detected as sound. If the calculated loudness estimate is less
than the silence threshold, then the process 400 can apply a multiplicative gain of one (or
any baseline value, which may but need not be approximately equal to one) to the current
block of digital audio samples (task 410). In other words, the process 400 assumes that
the gain value (g;) for the current block will be equal to one. Thus, if the process 400

determines that the current block represents silence, then there is no need to apply any
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WO 2011/ 011219PCT/ US2010/ 041680 thereafter, adjusting gain of a
fourth set of digital audio sanples in the second nedia stream using the
st eady stwbeogdilmiadapt ati on schene, resulting in a fouPCh/Use@0p41580

gai n-adjusted digital audio sanples having nornalized presentation vol une.

6. The method of claim1, fuyrther conprising: calculatin | oudness
estimate BYP g BBy Pgﬁmm%%f?@) ggﬁsﬁ%w e il abovean
compari nordignl AHIESS afd e TR Rs{ QA whilb SRESRNTARLAHadiphdiRn R, the

applying a nmultiplicative gain of one to I gital audi o sanpl es

Wnenht he Wﬁugma;s& aadtoreee b?ftaglylr:@d@ted oanr bﬂm-@i-lﬁllenlcbam'm@?krﬂdlﬂh I;Vlathise.
7. T ' 1 I Si . i i
val ot or it Pk ) 2Rt hocto G +p G RO Pis Batest 480 £ S Btk hloPam, ' "

wher ei n t kg pagdcisivg! Hen the stdaftl vRRGAREIDYhed tiNkeMDauSul@Bé Byyatdde for a
previous bl ock of digital audio sanples in the nmedia stream 8. The
met hod of [M54] m 1f qpary t4skr408 datsemnsicn drat thelleudngss esgmata ip pelesssthestherat e f or

a bl ock Ogileqlicgjtl{rggho?df ?He?l tﬁ@ﬁ%k@s% 4b6' da@%oﬁﬁﬂleabf&ert&%ing or calculating a

reference gain value (g,) that is influenced by the loudness estimate (task 414). More
specifically, the reference gain value is based upon the loudness estimate and a reference
loudness value. Although other methodologies could be employed, the embodiment
described here calculates the reference gain value in accordance with the expression
L.,
L,

g =

, where g, is the reference gain value, and L, 1s the reference loudness value.

The reference loudness value is a constant value that represents, corresponds to, or
otherwise indicates the desired normalized volume. Ideally and theoretically, therefore,
gain-adjusted digital audio samples will be characterized by an adjusted loudness that
corresponds to the reference loudness value. The reference gain value is used later in the
process 400.

[0052] The process 400 may also calculate a maximum gain value (g,) for the current
block of digital audio samples (task 416). Although other methodologies could be

employed, the embodiment described here calculates the maximum gain value in

2n—1
accordance with the expression &n = PR where 7 is the number of bits per digital
max

audio sample, and where a4 1s the maximum absolute sample value in the current block
of digital audio samples. The process 400 determines the maximum allowable gain value
for the current block in this manner to prevent bit overflow in the digital audio samples of
the block. For example, if the current block includes a digital audio sample that has a
relatively high value that approaches the maximum sample value, then very little
multiplicative gain can be applied to that sample without causing overflow. On the other
hand, if all of the samples in the block have relatively low values, then a higher amount of
multiplicative gain can be applied to the block.

[0053] This particular embodiment also determines or calculates an estimated gain

value (g.) for the current block of digital audio samples (task 418), where the estimated
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determ ning a reference gain val ue based upon the | oudness estimte and a

ref erence | oudness val ue; and cal culating a gain value for the bl ock
of digitavoaadiaimanpl es, wherein the gain val ue is inflpaenseadolyicshe
reference gain vaI ue 9. The nethod of claim11, further conprising:
calculating a @ for a.bl ck of 31 tal audio sa Iesin
the nmedi a88pra ARy %ﬁ?%l%%@l‘éf‘ RS Y3 © PIgKINR pingEkie

di gi tal a%r@sﬁmaﬁ?) thé!"@ﬁfn@altéh geﬁﬁ’vglﬁb'fh Wa@é&'@pdxﬁthb Pécf!n‘éﬁ&%?ﬂn Bt Qﬁdﬂﬁ%x' mim
gai n val ue. 10. The met hod claim1, wherein adjusting gain of the

first setmekindimgigeialvabuedi/dthoagi b‘élsr @nhhlamlqswguldrtg: Q}]@lnyadf thelembodooend set of
8 O L S IR A il 0o
2011/ 0112 E@%Ol / 24&7 gigcﬁltﬁéll: Eﬂa@ nfanll %Hggefﬁu eﬁlt 'e%?tﬁ:gi??n Ja?t[e the

current bléck o) 0 sa es | accor anc
expr essi 09]11'1-1&1: ual td"é]ﬁlre?th%'refe?&%@ ?ﬁﬁtvﬁlute Q)? tlgz' rﬁéﬁﬁllu Qalné Wl%vef =1 and

where the current block of digital audio sanples incTudes N digital audio
sanpl es; oad xsdd)satn(nge@latEﬂaﬁbrfctbega*amhwsahwé (gr) for the current block of

digital aﬂﬂ)'Sﬁ] Sa%’ex‘% the process 400 calculates the gain value (g;) to be applied to the current
block of digital audio samples (task 420). Although other methodologies could be

employed, the embodiment described here calculates the estimated gain value in
accordance in accordance with the expression g, = min(W1 X TMXg,, &, ),

where g is the computed gain value, and w; and w, are the weighting factors, which were
described previously. The expression for g includes a minimum operator that selects one
of two values, whichever is lower (or selects either value if they are both the same). The

first value is defined by the term w, x g, , +w, x g,, and the second value is the

maximum gain value (g,). As indicated by this expression, the gain value will be
influenced by the estimated gain value, the maximum gain value, and a previous gain
value (g ;) for a previous block of digital audio samples in the media stream. For the
reasons described above, this computed gain value will also be influenced by the
reference gain value calculated during task 414. For this particular embodiment, the gain
value for the current block (gy) is determined in response to the gain value for the
immediately preceding block (gx.;). Alternatively (or additionally), g could be calculated
by considering other gain values for blocks prior to the immediately preceding block.
This reliance on a previous gain value prevents large block-to-block variations in the
applied gain. In practice, gx will have a value that ranges from 1.0 to about 8.0, although
values that exceed 8.0 might be realized in certain embodiments.

[0055] The computed gain value for the current block of digital audio samples can
then be applied to the samples in the block (task 422). In practice, task 422 modifies,
adjusts, or otherwise changes the current block of digital audio samples. More
specifically, task 422 modifies each sample in the current block by multiplying the
original sample value by gy, resulting in a gain-adjusted sample value. As mentioned
above with reference to the process 300, the gain-adjusted sample values are sent to the

remotely-located media player, which can then present the media stream with a
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accordance wth the expression gr =Lk where L"f is a reference | oudness

val ue; calculating a maxi numgain value (gm for the current bl ock of

di gi tal aw0i2o1igamabes 2n-1 in accordance with the expregsiras2guiosicsmhere n
is the nunber of bits per digital a "ax audio sanple, and where ama, is the

maxi mum absol yt e sanpl e ue.in the ent bl ock of digital audjo

sanpl es; e&rrf&ﬁl{zsq FOHQE%%& ﬁ@%-iwpéﬁsaalf%%@?ﬁ%g%% ofigpk ‘flﬁéw@arﬂe_ FIBI%ck of
di gital aydi &I 88¢difl BIOCRLIMGR b of he pRIREES. Ok &&cibdd N(9" gni);

and calculating a gain value for the current block of digital audio
sanpl es i preagwslydtpeoasis 400 dae bexpitiebs perforgicdfonthe fast gdapitationwaegle (psigg) |,

wherein w, gnd r i tin.fatr,tﬁﬁvalus f w _and ar
vari abi e Ponned plfed i AT kg P Ert T B 0B ¥R o e
are fixedqfsplg 4 fiedSdeatveigh@ierag@dkd). adapt ati on scheme. 11. The met hod of
claim 10, wherein, w and w2 are weighting factors; +w2 = 1.0; .

[0056] While at least one exemplary embodiment has been presented in the foregoing

detailed description, it should be appreciated that a vast number of variations exist. It

should also be appreciated that the exemplary embodiment or embodiments described

herein are not intended to limit the scope, applicability, or configuration of the claimed

subject matter in any way. Rather, the foregoing detailed description will provide those

skilled in the art with a convenient road map for implementing the described embodiment

or embodiments. It should be understood that various changes can be made in the

function and arrangement of elements without departing from the scope defined by the

claims, which includes known equivalents and foreseeable equivalents at the time of

filing this patent application.
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> 0.0; and w2 > 0.0. 12. The nethod of claim11, further conprising:
transmtting the first group of gain-adjusted digital audio sanples to a
renot el y-wocatigdi1dpgi t al nmedi a pl ayer; and t r ansmPCTiusgoioe168@€cond
group of gain-adjusted digital audio sanples to the renotely-Iocated
digital nedia player. WO 2011/011%@&gﬁ§éUSZOlO/O41680 13. A
conput er program product, tangibly Ped in a conputer-readabl e medi um
t he conputer program product being operable to cause a digital nedia
processi ng device to performoperations for a nmedia stream conprising:
cal cul ati ng Whatdsidlaeseld isstimate for a current block of digital audio
sanples in the nedia stream cal culating a reference gain value for
the current block of digital audio sanples, the reference gain val ue being

i nfluenced by thesd @&t%ﬂeégalﬁ%bht@&trﬁethwfcﬁdigaﬁal Reli@ samN b4 @adthpd val ue for
the current block of digital audio sanples cal culating an estimted

gai n vaogwrsee: t he current bl ock of digital audio sanples, the estimated

gain val ue QEtﬁgmhggkﬁgg§$£oﬁyméﬁgS&g&grence gain val ue and the maxi mum

gai n val ue; 4 9a’n Val ue for the current block of digital

audi o Sanpleﬂpmhhgggﬁmﬁafﬁhw@xﬁﬁh@gﬂaﬂmbuaﬁpbﬁnﬂ%ehﬂﬁuﬁﬁﬁhﬂﬁmﬁ@zmamn val ue,
t he maxi num gai n value, and a_previous gain value for a previous block of
di gital gaghgjta@tagaﬁﬁcplgglei, Fesplvag h@a figst gfq@é}ﬁgagln@msted digital audio samples

having normalized volume during presentation; and

thereafter, adjusting gain of a second set of digital audio samples in the media stream
using a steady state gain adaptation scheme that is different than the fast gain adaptation
scheme, resulting in a second group of gain-adjusted digital audio samples having normalized

volume during presentation.

2. The method of claim 1, wherein adjusting gain of the first set of digital audio
samples is performed for a predetermined time period after initializing processing of the

media stream.

3. The method of claim 1, wherein adjusting gain of the first set of digital audio
samples is performed for a predetermined number of blocks of digital audio samples after

initializing processing of the media stream.

4, The method of claim 3, wherein:
one digital audio sample is represented by sixteen bits; and

one block of digital audio samples is represented by 1024 digital audio samples.

5. The method of claim 1, further comprising, after adjusting gain of the second
set of digital audio samples:

initializing processing of a second media stream;

adjusting gain of a third set of digital audio samples in the second media stream using
the fast gain adaptation scheme, resulting in a third group of gain-adjusted digital audio

samples having normalized presentation volume; and
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nodi fying the current block of digital audio sanples by applying the gain
value to the digital audio sanples in the current block of digital audio

sanpl es. W02011/011249 The conput er program product of cl aPeTAB20ml0ersd n t he
conput er program product is operable to cause the digital medi a processing

device to pe for further eratjons, ari ng t he | oudness
estimate to erg?leén usﬁlﬁg@%%tﬂ fjf?%ﬁtnlb%et gﬂ@ltafau% g easeﬁﬂqu ?’ﬁ&ﬁacat ive
gai n vademQkingh dyNeat€ BAih GBAntRE RGN SR %aﬂﬁ auLh l#gamhen the
Ioudnegg%esg?ﬁ%t§3$§l esg glan Jne Si | enc% th lﬁ%g'd val ggﬁB gl 15. The
conput exdjystedgligital pndidsemplst heving nmlria,hzvmplreeen’qatmlwra@l ng the | oudness

estimate is perfornmed in accordance with the expression Lk =where Lk is the
i =1 | oudness estinmate, ai represents the digital audio sanples, and the

current bl ogk i ncridashdl 6f dhindl, fAHEbQosHMWIngs. WO
2011/ 011219PCT/ US2010/ 041680 16. The conputer frogran1product of claim 15,

wher ei n cal calcatdting atleedness estigatsefor p biocmf digital ansllo spnpdes igthearcdia
accord%g%%mmnth the expression gr = where gr is the

comparing the loudness estimate to a silence threshold value; and
applying a multiplicative gain of one to the block of digital audio samples when the

loudness estimate is less than the silence threshold value.

7. The method of claim 1, further comprising the step of calculating a gain value
for a current block of digital audio samples in the media stream, wherein the gain value is
influenced by a previous gain value for a previous block of digital audio samples in the media

stream.

8. The method of claim 1, further comprising:

calculating a loudness estimate for a block of digital audio samples in the media
stream,

determining a reference gain value based upon the loudness estimate and a reference
loudness value; and

calculating a gain value for the block of digital audio samples, wherein the gain value

is influenced by the reference gain value.

9. The method of claim 1, further comprising:

calculating a maximum gain value for a block of digital audio samples in the media
stream; and

calculating a gain value for the block of digital audio samples, wherein the gain value

is influenced by the maximum gain value.
10.  The method of claim 1, wherein adjusting gain of the first set of digital audio

samples and adjusting gain of the second set of digital audio samples each comprises:

obtaining a current block of digital audio samples in the media stream for processing;
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Lk reference gain value, and L"f is a reference |oudness value. 17. The
conput er program product of claim 16, wherein: calculating the maxi num gain
val ue i s werhavarerd9i n accordance with the expression 2nPLTgrSa010isBe gm i S
the maxinumgain value, n is the number of bits per digital audio nax

sanple, and a is.t maxi.num ghsol yte sa e he current bl ock
of digital Bﬁ@ﬂg %ﬁwssaaamate & ten e EeT OQﬁf?diaﬁlﬁal@amaa%%a| ue is
performed in accordance W th theraxpression ge = mn(g" gni), where ge is
t he esti mated n,val ue ut er 0 duct of claim
170 B R it a2 e SRR AR Bh A Er B e
expression gk = mn(wgk_i + w2g, , gm, mhere gk is the gain value, and

i v] andindwehedd the \wrirgitthilou dfaiégitt sudio samples ih@ludés Aysgieinafidio saﬁplregSSI ng
digital audio sanples in a nedia stream_the onpr|3|n

first means qaw?aézag gdelerrgeg grin valueagy fordhe Eﬂ %E)Fk 8§ giettal aua*tmwmsl%ﬁfm es in
the nedia streamusing a fast gain adaptation schene, resulting in a first
bl ock of &gln aqhy%ted di

accordance w ¢ exXpres ?wsh%lrrg) irg?s a reference loudness value;

r Lk
calculating a maximum gain value (g,) for the current block of digital audio samples

2n—1
in accordance with the expression &n = PE where 7 1s the number of bits per digital
max

audio sample, and where a4 1s the maximum absolute sample value in the current block of
digital audio samples;

calculating an estimated gain value (g.) for the current block of digital audio samples
in accordance with the expression g, = min(gr N ); and

calculating a gain value for the current block of digital audio samples in accordance
with the expression g, = min(ng 1 TW 8., &, ) , wherein w; and w, are weighting

factors, the values of w; and w, are variable for the fast gain adaptation scheme, and the

values of w; and w; are fixed for the steady state gain adaptation scheme.

11. The method of claim 10, wherein;
wy and w, are weighting factors;

w, +w, =1.0;

w, >0.0; and

w, >0.0.

12. The method of claim 1, further comprising:

transmitting the first group of gain-adjusted digital audio samples to a remotely-
located digital media player; and

transmitting the second group of gain-adjusted digital audio samples to the remotely-

located digital media player.
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a second nmeans for adjusting gain of a second block of digital audio
sanples in the nedia streamusing a steady state gain adaptation schene
that i s dwbfzeriemni2ivhan the fast gain adaptati on schene, PCe#diskaofogiesn a
second bl ock of gain adj usted digital audio sanples and means for

transmttin galn usted di gi tal, audi o, sa r enpt el cated
medi a pl ayegB E@ter nfﬁgrag%ﬁoémtoﬁan&bgy %"a@f %&C@P}P%aﬁﬁ% %t he f| rst
means ﬂﬁ&h@ﬂ{%ﬁ%bﬂ@u@ﬂﬁn&ﬁﬁnERHBQQmﬂEﬁﬂﬁxﬁﬂguﬁﬂhﬁﬁi&QEMHﬁaﬁQB&kGﬂﬁ@P

calculate a loudness estimate for a current block of "digital audio sanples
i n t he deptk o penf@angperations forad mediatecan, cofpriemge galn val ue for the current

oy e | ouceld 588 R R ROEe ETRPRER AR el A B P ur rent

bl ock qheddh gkdadd; audi o sanpl es; calculate an estimated gain value for the
current bl ock of digital audio sanples, the estlnatedw?aln val ue bei ng
i nfl uenced Wlw%ng@fr@ﬂe@ﬂé@ggmlu@afome awadent frbocket idiiia] eedio sapaplae the

cal cul g F gbg%%B”% ye,; {0 gﬁ%56§ﬁghkﬂ%l ?ggngLadlgltal audi o sanpl es, the

gain va |Uerrce alf val ue, the maxi mum gai n

val ue, and &anmammguSn@@man@muaﬂﬁ@ﬁxampmmmmowsdbbﬂmguﬂhudkghh@kmaudio
sanples in the medi a strea i the current bl ock of dlgltal

audi o sanpl egloglatinggn Wtﬁgat% éalgaf@hle\fali e Ctuléeltt théockiadidigital alfdp srraRlap thes |
the c uszﬁﬁtateﬁlggﬁlKIa@Je ‘tg:'ngé ffbestud! b9 R ERve gain value and the maximum gain

value;

calculating a gain value for the current block of digital audio samples, the gain value
being influenced by the estimated gain value, the maximum gain value, and a previous gain
value for a previous block of digital audio samples in the media stream; and

modifying the current block of digital audio samples by applying the gain value to the

digital audio samples in the current block of digital audio samples.

14. The computer program product of claim 13, wherein the computer program
product is operable to cause the digital media processing device to perform further
operations, comprising:

comparing the loudness estimate to a silence threshold value; and

applying a multiplicative gain value of one to the current block of digital audio

samples when the loudness estimate is less than the silence threshold value.

15.  The computer program product of claim 13, wherein calculating the loudness

estimate is performed in accordance with the expression L, = Z |ai , where Ly is the
i=1

loudness estimate, a; represents the digital audio samples, and the current block includes N

digital audio samples.
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16.  The computer program product of claim 15, wherein calculating the reference
. . . . . Lref .
gain value is performed in accordance with the expression &, = I where g, is the
k
reference gain value, and L, 1s a reference loudness value.
17.  The computer program product of claim 16, wherein:

calculating the maximum gain value is performed in accordance with the expression

2n—1
En = , where g, 18 the maximum gain value, # is the number of bits per digital audio
max

sample, and a,,,, is the maximum absolute sample value in the current block of digital audio
samples; and

calculating the estimated gain value is performed in accordance with the expression

g, = min(gr » & ), where g, is the estimated gain value.

18. The computer program product of claim 17, wherein calculating the gain value
is performed in accordance with the expression g, = min(wlg 1 TW 8., &£, ), where g

is the gain value, and w; and w; are weighting factors.

19. A system for processing digital audio samples in a media stream, the system
comprising:

a first means for adjusting gain of a first block of digital audio samples in the media
stream using a fast gain adaptation scheme, resulting in a first block of gain-adjusted digital
audio samples;

a second means for adjusting gain of a second block of digital audio samples in the
media stream using a steady state gain adaptation scheme that is different than the fast gain
adaptation scheme, resulting in a second block of gain-adjusted digital audio samples; and

means for transmitting gain-adjusted digital audio samples to a remotely-located

media player.

20.  The system of claim 19, wherein each of the first means for adjusting and the

second means for adjusting is configured to:
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calculate a loudness estimate for a current block of digital audio samples in the media
stream,

calculate a reference gain value for the current block of digital audio samples, the
reference gain value being influenced by the loudness estimate;

calculate a maximum gain value for the current block of digital audio samples;

calculate an estimated gain value for the current block of digital audio samples, the
estimated gain value being influenced by the reference gain value and the maximum gain
value;

calculate a gain value for the current block of digital audio samples, the gain value
being influenced by the estimated gain value, the maximum gain value, and a previous gain
value for a previous block of digital audio samples in the media stream; and

modify the current block of digital audio samples by applying the gain value to the

digital audio samples in the current block of digital audio samples.
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