-1- Technical Field The invention relates generally to audio signal
processing. The invention is particularly useful in low bitrate and very low
bitrate audio signal processing. More particularly, aspects of the invention
relate to an encoding method, and to a decoding method for audio signals
in which a plurality of audio channels js represented by a composite
monophonic ("mono”) audio channel and auxiliary ("sidechain")
information. Alternatively, the %@(}%gfﬁ&g&o channels is represented
by a plurality of audio channels and sidechain information.The invention
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have ranged from.about 10 kHz to about
channels are combined into a "coupling” or composite channel. The encoder generates

"coupling coordinates” (amplitude scale factors) for each subband above the coupling

frequency in each channel. The coupling coordinates indicate the ratio of the original



3500 Hz. U.S. Patents 5,583,962; 5,633,981, 5,727,119, 5,909,664, and
6,021,386 include teachings that relate to the combining of multiple audio
channels into a composite channel and auxiliary or sidechain information
and the recovery therefrom of an approximation to the original multiple
channels. Methods according to the pre-characterizing portion of claims 1
and 11 are known from the docunteiit WO 03/090208 Al that describes
encoding of N input audio channels to a monophonic audio signal and a
set of spatial parameters including a parameter representing a measure
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Invention In accordance with a first aspect of the present invention, there
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parameters relating to the N input audio channels, the method comprising
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input audio channels, namely interchannel level difference and a selected one of
interchannel time difference and interchannel phase difference. The monophonic
audio signal is derived from the N input audio channels by summing the N input
audio channels after a phase correction in accordance with interchannel time
difference. The corresponding decoding method disclosed in this document
synthesizes replica of the N input audio channels from the monophonic audio signal

and the spatial parameters.

Disclosure of the Invention
In accordance with a first aspect of the present invention, there is provided a method
for encoding N input audio channels into M encoded audio channels, where N is two or
more, and a set of one or more spatial parameters relating to the N input audio channels,
the method comprising a) deriving M audio signals from said N input audio channels,
b) determining a set of one or more spatial parameters indicative of spatial properties of

the N input audio channels, and c) generating M encoded signals comprising the M



is two or more, and a set of one or more spatial parameters relating to the
N audio channels, the method comprising a) receiving said M encoded
audio channels and said set of spatial parameters indicative of spatial
properties of the N audio channels, b) deriving N audio channels from
said M encoded audio channels, wherein an audio signal in each audio
channel is divided into a plurality of%%quency bands, wherein each band
comprises one or more spectral components, and c) generating a
multichannel output signal from the N audio channels and the spatial
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the present invention may be viewed as improvements upon the
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one of the N audio channels in response to one or more of said spatial parameters,
wherein said shifting is at least partly in accordance with said first parameter.
Embodiments of the present invention may be viewed as improvements upon the
"coupling" techniques of the AC-3 encoding and decoding system and also upon other
techniques in which multiple channels of audio are combined either to a monophonic
composite signal or to multiple channels of audio along with related auxiliary information
and from which muliiple channels of audio are reconstructed. Embodiments of the
present invention also may be viewed as improvements upon techniques for downmixing

multipie audio channels to a monophonic audio signal or to multiple



Goals include the reduction of coupling cancellation artifacts in the encode
process by adjusting relative interchannel phase before dowmnixing, and
improving the spatial 3 dimensionality of the reproduced signal by
restoring the phase angles and degrees of decorrelation in the decoder.
Embodiments of the invention should allow for continuous rather than
on-demand channel coupling and tekber coupling frequencies than, for
example in the AC-3 system, thereby reducing the required data rate.
Description of the Drawings FIG. 1 is an idealized block diagram showing
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arrangement em odying ts oft e present invention. FIG. 7 Is an

adjustfh@@l@@@@@@@h@@@@ﬁ@h@ﬁ@“@t@pﬁﬁ@ﬁé@&@ﬁmml@Wﬁ@t&@@;ﬁtéﬁ
x:M decoding arrangement embodying aspects of the present invention.
FIG. 8 is an idealized block diagram showing the principal functions or
devices of a first alternative x:M decoding arrangement embodying
aspects of the present invention. FIG. 9 is an idealized block diagram
showing the principal functions or devices of a second alternative x:M
decoding arrangement embodying aspects of the present



invention. Best Mode for Carrying Out the Invention Basic N: | Encoder
Referring to FIG. 1, an N:I encoder function or device embodying aspects
of the present invention is shown. The figure is an example of a function
or structure that -4- performs as a basic encoder embodying aspects of
the invention. Other functional or structural arrangements that practice
aspects of the invention may be emptoyed, including alternative and/or
dime RGeS URCUORAL QL BLUETLI Bl RUARgeMEBtSHASSGHERY HRlQWsEW,or
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PCM audio input channel is processed by a filterbank function or 10
device having both aR#cpinase ahthaldisadisdtre output, such as a
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. Simplcity in presentation, FIG. 1 shows only two input channels, "1" and
aXis’w.%l@\%ﬁwieSnng i%tse%fg'nk is implemented by an FFT, input time-domain
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showing decoding steps or devices performing functions of a decoding arrangement
embodying aspects of the present invention.
FIG. 6 is an idealized block diagram showing the principal functions or devices
of a first N:x encoding arrangement embodying aspects of the present invention.
FIG. 7 is an idealized block diagram showing the principal functions or devices
of an x:M decoding arrangement embodying aspects of the present invention.
FIG. 8 is an idealized block diagram showing the principal functions or devices
of a first alternative x:M decoding arrangement embodying aspects of the present invention.
FIG. 9 1s an idealized block diagram showing the principal functions or devices
of a second alternative x:M decoding arrangement embodying aspects of the present
invention.
Best Mode for Carrying Out the Invention
Basic N:I Encoder
Referring to FIG. 1, an N:i encoder function or device embodying aspects of the

present invention is shown. The figure is an example of a function or structure that
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25 subbands approximating critical bandwidths of the human ear, and
most sidechain information produced by the encoder, as will be
described, may be calculated and transmitted on a per-subband basis in
order to minimize processing resources and to reduce the bitrate. Multiple
successive rime-domain blocks may be grouped into frames, with
individual block values averaged or etherwise combined or accumulated
cross eagh. 30 frame, ta minimize the sideenain AR AL KARIES
per%é*rsngn Se%%?r%ﬁ%%?%ﬁ%ﬁ@é@&ﬁ%%ﬁnﬁp emented by an FFT, cc?r%%guou.s or _
strushmsformignnent rotpadtincnspishopiibebioerdicnegioupeapeyed, including
altef PGS A FEREOAI AR SEN O U A ONER BRGHAMERE A aftbed below.

ternatively, sidechain data may be sent on a more than once per frame

basiExe.or rosreeaystio ipuik clepecitire raphisid to-its: Shepderis Aeberphioh

. : . o p t

P

anapre/digslivplemincatioexfraplss disdesebhisteie aralisitabehagireenpioy hus,
E - :

o< 1 0 FROSS b erolegapGraten dbl mipl

sigmmiisliSBse Hitesaoiplesrmplo in gneofedentisrariislsesqedgimp ddaiandh M)

sigROUE A N SEERN ARt hBur AAn AUEHIPI cEMUENG Y RRERSIEUSR ction or

timings nor the emplog/lment of fixed length frames nor 10 their division

devinedhavinadothrandr-ohprsciestia avarialus SHipHb Sichee i dmppt windowed
for%‘f@f’&&@e%@ﬂ%@tl habpipnnaiern) ‘é@ﬂfﬁ%ﬁl@ﬁ[@d%?‘% BT SEREOT @nsform

per-frame basis is sent no less frequently than about every 40 .
(FFmlisBeo fidtsr rmlrmeyhecoesisiaseliteshy atimegrmpia teeavency-fymain
tranq%}ﬁmically. Variable block lengths may be employed as in the AC-3

system cited above. It is with that understanding that reference is made
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Iscrete low-frequency ¢hannels, are encoded, as for example by a
S'ya}ﬁ{_ﬁ may

apphedcepsiortissd tasnedseriiber bulkinekor ondevien: Tilimprkiife
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Moreover, if the 20 coder employs variable blo s such that there
theiis atsorardifg’ Bitienbarkswiachiresciring obaifnscriie agthed mhispel channels. For
simﬁ%{g B}epggs%ﬁ?%ﬁt £08.9" S8 meqﬁﬁl}%amels, “1” and “n™.

When a Filterbank is implemented by an FFT, input time-domain signals are

segmented into consecutive blocks and are usually processed in overlapping blocks. The
FFT’s discrete frequency outputs (transform coefficients) are referred to as bins, each
having a complex value with real and imaginary parts corresponding, respectively, to -
phase and quadrature components. Contiguous transform bins may be grouped into
subbands approximating critical bandwidths of the human ear, and most sidechain
information produced by the encoder, as will be described, may be calculated and
transmitted on a per-subband basis in order to minimize processing resources and to
reduce the bitrate. Multiple successive time-domain blocks may be grouped info frames,
with individual block values averaged or otherwise combined or accumulated across each
frame, to minimize the sidechain data rate. In examples described herein, each filterbank
is implemented by an FFT, contiguous transform bins are grouped into subbands, blocks

are grouped into frames and sidechain data is sent on a once per-frame basis.
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information as described herein is updated when such a block switch
occurs. In order to minimize the increase in data overhead upon the
updating of sidechain information upon the occurrence of such a switch,
the frequency resolution of the updated sidechain 25 information may be
reduced. FIG. 3 shows an example of a simplified conceptual organization
of bins and subbands along a (verticag)-frequency axis and blocks and a

frame alon orl nta eaxs When bins are divide |nto subbands
Al D 3ot (ot e FE SR ok B DRI S S IERRS WS (R, once
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o in‘?te(g % eﬁq%%%me%m Ve lgglt( Vet %%ﬁﬁgﬁ?% ﬁﬁ% n%fﬁfg%
(empitifdofs ffrtereaciple) iy ipronass mzbﬁmm@omqr@ @nﬂihkeatnmi ehdth 2 50%
eguencies.,In suc es the hannesma ed
v et B R S G i ot P e s e
thmedmsi‘anuﬁe%fn@éﬂtfaﬁi&arﬁbhﬂkﬂm mﬂmlmtbﬁcﬁdﬁi@mﬁ&wl@m
sybbands.constructe rou orm bins 10 into critical-b
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and B B By e RRIOVET R i the

requwe ownmixed mono au
AC Bfeyrsteani gited atoeling isnﬁﬁﬂnﬁiﬁbmfdemﬁmiwg&hbmfa&ﬂckh@r%@&ﬁém to
“Frams 1009 H%rq,[) e en,the bottom of the frequency band of the audio 15 signals
applle Ille encoder may be acceptable for some applications;

parﬁnmdydhoﬁélmhmmtow mtrmm@mmgml(spﬂmhe composite

o S OSSR s o
examplm:h’yta) ﬁbﬂ:ﬁpﬂﬁl’[@ﬂﬁﬂ;m destpimglijiemﬂe HEis Wmetﬁrtatﬁmpm? tie same -
frame and block configuration as employed in the perceptual coder. Moreover, if the
coder employs variable block lengths such that there is, from time to time, a switching
from one block length to another, it would be desirable if one or more of the sidechain
information as described herein is updated when such a block switch occurs, In order to
minimize the increase in data overhead upon the updating of sidechain information upon
the occurrence of such a switch, the frequency resolution of the updated sidechain
information may be reduced.

FIG. 3 shows an example of a simplified conceptual organization of bins and
subbands along a (vertical) frequency axis and blocks and a frame along a (horizontal)
time axis. When bins are divided into subbands that approximate critical bands, the
lowest frequency subbands have the fewest bins {e.g., one) and the number of bins per
subband increase with increasing frequency.

Returning to FIG. 1, a frequency-domain version of each of the n time-domain

input channels, produced by the each channel’s respective Filterbank (Filterbanks 2 and 4
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variable, it may depend, for example, directly or indirectly on input signal
characteristics. 20 Before downmixing, it is an aspect of the present
invention to improve the channels' phase angle alignments vis-a-vis each
other, in order to reduce the cancellation of out-of-phase signal
components when the channels are combined and to provide an
improved mono composite channel.-This may be accomplished by
. scontrollably shifting over time.the ;absolute le" of some or all of the
in A A T R A T R B g P07
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s S g A B e e el e
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Before downmixing, it is an aspect of the present invention to improve the

channels’ phase angle alignments vis-a-vis each other, in order to reduce the cancellation
of out-of-phase signal components when the channels are combined and to provide an
improved mono composite channel. This may be accomplished by controllably shifting |
over time the “absolute angle” of some or all of the transform bins in ones of the
channels. For example, all of the transform bins representing audio above a coupling
frequency, thus defining a frequency band of interest, may be controllably shifted over
time, as necessary, in every channel or, when one channel is used as a reference, in all but
the reference channel.

The “absolute angle” of a bin may be taken as the angle of the magnitude-and-
angle representation of each complex valued transform bin produced by a filterbank.
Controllable shifting of the absolute angles of bins in a channel is performed by an angle

rotation function or device (“Rotate Angle”). Rotate Angle 8 processes the output of
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Techniques for determining such angle shifts are described below. Such
techniques include time and frequency smoothing and the manner in
which the signal processing responds to the presence of a transient.
Energy normalization may also be performed on a per-bin basis in the
encoder to 20 reduce further any remaining out-of-phase cancellation of
isolated bins, as described further befow. Also as described further below,

.., energy.normalization may.als erformed on a per-subhand.basis (i
FilHRAHRARE 15 S5 SRAOTE LGy Ot HOP e e P AnE g A htve
Congisin@isdhelslnroaiithemie dipscabibes chatritptingfditaralsk Eacloitplits

channel has an gudio analyzer fungtion.qr device (" %0 Analyzer") 25,
I e A IV e b e
condinidier reonipdlingaiienamgunt eqoiegdderof pmtleniatatimnfapplicd tosthe: time

.channel.before,it s lied to the downmix summation 6. Filterbank..
perii e P EMET O A AT A7 AR o R AR P S bl
freqhértly Ahabizenthinfepeatiinatyay bemdatly déscitRlygmetatesthén FIG. 1).

sidechain information for channel, | and the amaunt of phase angle, 30 .

ot P BT A AA DL 4 S0 dPAES TEEHRAA i cospect
to ediclootiaiienapbecimpngllisiaddbthshafithay titeqilang lefretatiotrdusfoharzlor.

It will be understpod that such references.herein to 'angle; refet to phase
S L A R R R
freqabaiy daalyaeintesachlthaphahinaytisishtitdlypavAniplinde Statedf actoo -

"Amplitude SF"), an.Angle Control Parameter, 5 a Decortelation Scale . .
Pha%a&%%a@-wemﬁaﬁoh%g O R AR A .3&5559?%3“%0“5&@ ifthe
resulifig@gnalain oonpgsiGus reibisditéndifiormdsciatinay Pauwshiracdesizelatn employ

"spatial pargmeters,” indigative,af. .spatial properties of the channel
the BRI AE BPRGIAL oL UREEE TR R DRI O, B0 A gemmnel only
as nRaiiak peReessNE slahhsctounsitpimstiicenctilatsa, ithihsidteehaiix process and

. information applies tq.a sing|e,subband (except for the Transi Flag and
i A AL PR S0 B AP SO Kl LB A Py e Qeoder
Techhifine Faritmeayiiag nodtedsts sk feadsalemried below. Such techniques
include time and frequency smoothing and the manner in which the signal processing
responds to the presence of a transient.

Energy normalization may also be performed on a per-bin basis in the encoder to
reduce further any remaining out-of-phase cancellation of isolated bins, as described
further below. Also as described further below, energy normalization may also be
performed on a per-subband basis (in the decoder) to assure that the energy of the mono
composite signal equals the sums of the energies of the contributing channels.

Each input channel has an audio analyzer function or device (“Audio Analyzer”
associated with it for generating the sidechain information for that channel and for
controlling the amount or degree of angle rotation applied to the channel before it is
applied to the downmix summation 6. The Filterbank outputs of channels 1 and n are
applied to Audio Analyzer 12 and to Audic Analyzer 14, respectively. Audio Analyzer
12 generates the sidechain information for channel 1 and the amount of phase angle
rotation for channel 1. Audio Analyzer 14 generates the sidechain information for

channel n and the amount of angle rotation for channel n. It will be understood that such

references herein to “angle” refer to phase angle.
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in the examples described below, or upon the occurrence of a block
switch in a related coder. Further details of the various spatial parameters
are set forth below. The angle 15 rotation for a particular channel in the
encoder may be taken as the polarity-reversed Angle Control Parameter
that forms part of the sidechain information. If a reference channel is
employed, that channel may not require an Audio Analyzer or,

o RIS AR A, CAANEP BRI AGY BIAIRROAIY analyzer for

Ampli ctor si amn in ormat| n. It Is not necessary to"sen
eachafhﬁmqﬂlm@ﬁchﬂ@eFactor 20 if that scale factor can be deduced with

sufficient acc ciider fr e the Scale Factors of the
other, nona%%@ri/ggge Shine ?1: posg {o e to lce in the decoder the
approximate Aalpile dbtttmté‘heemﬂerghannel s Amplltude Scale Factor if

the energy r?é)rmall tlon in tl assur aﬁlgh? scale factors
SO Ay G AT

across ch& any su S an y sum‘square to 1, as
described dElansiditertiedunéd 25 approximate reference channel
Amplitude S actor va Iue Iﬁve errors as a result of the relatively
coarse qu?ﬂ%@gﬁ ¥ 3f1 pﬁﬂu&e Staléfactors resulting in image shifts in
Suchihedeehea mﬁﬁrmﬂﬂémhap bekﬁmhoteﬁmm‘fspataalwdataem;é mdzcaizve of

vironment, rtifa be m ept tha u5| H,l
Span[%?gga%%gsr %‘Pee ﬁé‘%‘hi ”'il? aehf’I lél\?{e]fgt’n eless, |¥ be
rele’@n® epsesl iproegstiag) eeulabbammk:ﬁam’m aanﬁ,ctlwmt;@émianﬂfamauon

reference | th Ieast A I|tud Fa tor

h

oo G AT U HRREER, COICOG SR e A s D iilon Flag, eac
of Mﬁcﬁ%ﬂpﬁuwaﬂmabmﬂﬁmmfﬂnet%mﬂn a:dbmayrbmmndatmdhmampﬂy ﬂame as
. ,analyze %hp lgThlS input be used b udio Analyz
st St et S GRS
code@xFuples de&@tshﬁdﬁwmmhamﬂmpmathsmﬁmmmmW (ke mgle

one 5 bit "Transient Fla n res e to a ent ern
mta*b‘&%é‘??b%ﬂ%ﬁﬂ?ﬁf%ﬁ&“%&ﬁw %ﬂgﬁy% P ﬁans A "rﬁ%‘?d
Mgm@tmﬁmmmamhmswmma&mm|o Analyzer

neetdt not recelve tim dom g)%hﬁ mono com 05|te audlo L\%

and ﬁée‘sfﬁfg‘?:ﬁ% 1l AR AR AS
AnaB¥eept taﬁdﬁaﬂieege ﬁh@&ﬂ@ﬁrmayhacﬁmpacalymsmmmab@mp rachplitude
Scalang.fg&nsz tggﬁ;[xom o%erfa Poer Eg%%%%gcregsea\%? ?o(sen an Mpf ciengce?lf}/ Factor
if that scale factor can be deduced with sufficient accuracy by a decoder from the
Amplitude Scale Factors of the other, non-reference, channels. It is possible to deduce in
the decoder the approximate value of the reference channel’s Amplitude Scale Factor if
the energy normalization in the encoder assures that the scale factors across channels
within any subband substantially sum square to 1, as described below. The deduced
approximate reference channel Amplitude Scale Factor value may have errors as a result
of the relatively coarse quantization of amplitude scale factors resulting in image shifts in
the reproduced multi-channel audio. However, in a low data rate environment, such
artifacts may be more acceptable than using the bits to send the reference channel’s
Amplitude Scale Factor. Nevertheless, in some cases it may be desirable to employ an
andio analyzer for the reference channel that generates, at least, Amplitude Scale Factor

sidechain information.
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storage, transmission, or storage and transmission, the various audio
signals and various sidechain information may be multiplexed and packed
into one or more bitstreams suitable for the storage, transmission or
storage and transmission medium or media. The mono composite audio
may be applied to a data-rate reducing encoding process or device 15
such as, for example, a perceptual engader or to a perceptual encoder
and an entropy coder (e.g., arithmetic or Huffinan coder) (sometimes

refeld th RO wslpssidashed dnerynsmbionnkiBpug lo aachomiisisnalyer from the
PCRIUARRCIBRGHARTIIES 91 A0 AR PR HPARAANNE. WRisTIONA may be nsed by

composite audio’and related sidechain information may be dérived from

the duipIénabiseefaAner amyriest e RdiueRededithy pesied ghmblock or
ﬁa%&%%ﬁ@éﬁ%ﬁﬂ%ﬁ@&&i%@cf'ﬁ&@ﬁﬂ%h 1D RRabeAse (HaRRHIMHEINFIEES a one-

elow the coupling frequency in each of the multiple input channels may

bit FErapsient Flagdhineanansaiea EmsisahsAliceentivelsts desauibgihbeloyy in the
corBERACIRPINGH OF PIGCESs etk S RO As LR AR AR B FriRRGkIn, in

herein. Such discrete or otherwise-combined channels may also be

whigh sres e die AauyrR Bercbash§eproteadiBIeaiREs RS, for
examl,qnaxﬂ%seiegaﬁk@m%ﬁ HMaP ok PE'GARSLERIONRLAIABall the

entropy encoder. The mono composite audio and the discrete

chapnglsdieaseiha dienacly eree tiswéersocarrharnpmaercipied transmitted, or
storeASAAINAQLRRIGE RIUALe RY€3¢ %é’kﬂe_eo(ﬁqsé&ﬂef’ﬁ.eﬁfe?iﬂﬂ%getp the

particular manner in which sidechain information is carried in the enc )
stolgReiEARAITY SHEMbrRIcHPTacthenh VenmSIPaetiretrinBssdicheignals and various

sid DN AHBAMAY PR EHURDIBEH A AP AR AL DR UG AR R treams

compatible with legacCy decoders (i.e., the bitstream is

suitgbledpn the HempatBrISIVHRNOnfioTace apdisrramissigsimpdurenmedia, The
motkPEGHBTYHE aﬁlﬁﬂhﬁ?@%’é‘@%ﬂs 2R PR e amRiNR WA HRISED XSl device

bits that are -10- ignored by the decoder. An examplée of such an

such gt fge fiemples atrerearival sreerstatds PreerpEsbmsodenint TREREAPY
cod&t @ég%ﬂﬂné%? HDFRAPR SPIIRIERRRE P AR Fe 8s P HRERES” coder)

-19,2004. Such bits may be replaced with the sidechain information.
priosfogteiagratrplendstien.hestiseanand IMosmisemmalspeas mentioned above, the

mm?éec%gﬁg&ﬁ@ DIEADYaRNGRAEE LIRS0 SORSER QIS HER B ALANAINGY, Hifftiple

sidechain information may be stored or transmitted Separately from the

inpyahianaschiscodpnivatind o ikaraensips dbey ete cariRjn dragcpeyraSooupling”
freqtﬁgﬂéﬂ.i Sﬁﬂﬂe@cﬁ&ﬁﬂg Rl @%@Q{%tMOWg E%iﬂiﬂiﬂng frequency in each of
the multiple input channels may be stored, transmitted or stored and transmitted as
discrete channels or may be combined or processed in some manner other than as
described herein. Such discrete or otherwise-combined channels may also be applied to a
data reducing encoding process or device such as, for example, a perceptual encoder or a
perceptual encoder and an entropy encoder. The mono composite audio and the discrete
multichannel audio may all be applied to an integrated perceptual encoding or perceptual
and entropy encoding process or device.

The particular manner in which sidechain information is carried in the encoder
bitstream is not critical to the invention. If desired, the sidechain information may be
carried in such as way that the bitstream is compatible with legacy decoders (i.e., the
bitstream is backwards-compatible). Many suitable techniques for doing so are known.

For example, many encoders generate a bitstream having unused or null bits that are



mono/stereo bitstream compatible with legacy decoders. Basic 1:Nand |
:MDecoder Referring to FIG. 2, a decoder function or device ("Decoder")
embodying aspects of the present invention is shown. The figure is an
example of a function or structure that performs as a basic decoder
embodying aspects of the invention. Other functional or structural
arrangements that practice aspects of the invention may be employed,
including alternative and/or equjv@lent functional or structural

. __arrangements described below. The Decoder receives the mono
eoE e B R APPSR 161 SV et
Patefr @B@hg@@@mﬁ‘iﬁxﬁ?@kgﬁ, I@f@@ﬂﬁ%ﬂdﬁ@ﬁfaﬂé t@%@@%ﬁ@iﬁdyeéfala I?ata .

composite audio si nd, related sidechain information is demultiplexed,
Frw%@@a&a&aﬁ%@%ﬁ@@ﬁé@&%a TR ph dhe Bderdisin ppggation.
Anoﬂ%ﬁ|d§aﬁﬁlﬁe%ye fﬁ@m{aﬁesm@n@m 'Mﬁ@i@ﬁlﬂiﬁyﬁhé@@&? iiém@f

indjvidyal audiq channels approximating respective gnes of the audio
encoigindie saﬁfﬁa%r @f@%@%&?ﬁ%ﬁ%ﬁﬁﬁ&i@@bmﬁ@n@eﬁ&m@y be
stord@ ehRigiesintdNe RIesantidye aiophat A inasldssir 6 1I60HRSe,

one may choose not to recover_ all of the chanpels applied to the encoder

techiifas (et BARASEIR onBARSRIES SNBSS Al A drosmadion dlenmeidhi

monadeifianiixtheanasmarnliad Woithadgaeodricmgsrpe derived from the
output of a Decoder according tQ aspects of the Ff)resent invention by

employing aspects of thelfertiohe ddsdib¥garehterational Application
PCRE&Z /361G, HlediEaRIMaDh &A% dBHRUINER AHEHSehthe@PAg aspects

designating the United States, and its resulting U.S. national application

of thg presesliB YR ATGuLhS ey IHHGHAMRIF Rk HEIASPIRY B ture that

perfRmb/AS0HSARIERofiled NAHEEHS, 293 Publish et Matsh GRAPHASINERI or
2004/019656, designating.the United States, and its resulting U.S.

struciuiih ARIRRSRIMCRi & N241ins 85064tS OFiled LxRDEM) Dy besmployed, including
alterkdiPRNBI8/IRCRATERMYRNDRSL QI RIARHGIAY ASRRL IS SA D EREEB A helow.

invention are_particularly useful in connection with the channel )
mulliBdafRME SRR MRISIRAINBRW uHSoriarRal apbieadishshrtinat
infdhfAesPYSIal ahaanslsobealyhavadsrilc Risseharnel ARRItdsnel, 1f

relationships but also have useful interchan.nel}s)hase relationships.

necoiineha RerRANE it sienal Adiiphiedisdsshaiemfepalipmigdemultiplexed,

unpacked and/or decoded. Decoding may employ a table lookup. The goal is to derive
from the mono composite audio channels a plurality of individual audio channels
approximating respective ones of the audio channels applied to the Encoder of FIG. 1,
subject to bitrate-reducing techniques of the present invention that are described herein.
Of course, one may choose not to recover all of the channels applied to the
encoder or to use only the monophonic composite signal. Alternatively, channels in
addition to the ones applied to the Encoder may be derived from the output of a Decoder
according to aspects of the present invention by employing aspects of the inventions
described in International Application PCT/US 02/03619, filed February 7,2002,
published August 15,2002, designating the United States, and its resulting U.S. national
application S.N. 10/467,213, filed August 5, 2003, and in International Application
PCT/US03/24570, filed August 6,2003, published March 4,2001 as WO 2004/019656,
designating the United States, and its resulting U.S. national application S.N. 10/522,515,
filed January 27,2005.



decoder to derive additional channels. The interchannel amplitude- and
phase- preservation aspects of the present invention make the output
channels of a decoder embodying aspects of the present invention
particularly suitable for application to an amplitude- and phase-sensitive
matrix decoder. Many such matrix decoders employ wideband control
circuits that operate properly only when the signals applied to them are
stereo throughout the signals'’ bander th. Thus, if the aspects of the
present invention are embodied in an N:l :N system in which N is 2, the

ChaiwielshanneleddooxEbecortbendiebas espray @Eﬂa@pii@éﬁoiﬁx%ﬁ«li@gﬁw
matrix decpder. Such channels may, have been discrete channels below a
RN S A RE R e e ot

and dlecopersal appéittdimwnn thtnelrtetisledinghianeampieiyaiixuseful

. . decoders known as "Pro Logic" and "Pro Logi¢ ]I decoders ("Pro Logic"
e e SR SRS BH S0 PR R Ot SRy Phebors of
relafRyashipgic Alesode stargadise osetidnnk -ﬁuﬁﬁiﬁéﬁﬁ(ﬁﬂ?&;%@%@d arélatrix
4.941,177. Aspects of Pro Logic 11 decoders are disglosed in. pending
deoq e T AE T AT R 0o, 1 SPPDCh A LI OARIERS for
pres&@dﬂ?g@pwﬁsﬁﬂfgﬁaéﬁﬁbl hiﬁé\?éﬁﬁ@iﬂﬁzﬁilﬂ tﬁW@d@ﬁiﬂJbﬁéiﬁ%@lz%loﬂ{a&lééé)ﬂ@d
March 22, 2000.and published as WO 01/41504 qn June 7, ,andin
e R L AL S DA 7w A e e SR bt
ampliMetboshipsitppacatisfeontwdiodddeddx Dregdineh filed -rebroask employ
5,2003 an(aléllubllsh d as US 2004/0125960 Al on July 1,2004. Some

wideRang-coniFoh SEHEIHEN ST ERE Lot AN e sighals amelerkie tan
are g¥Rlaihesudnoex@mplendknantiviavaibRie, ontiadelhy daberiadasinvention

website (www.dolby.com): "Dolhy Surround Pro Logic Decoder Principles
ot A o R aH Bt R BB o T I SR VKGR R the
decotiRe ABIe@Y Nl elimd HitSRD a e R sititRlIe 8GHY & IRAtEMARERAAES MAY been

. _include thaose described in ong or more of the following U.S. Patents and
disCiih RSARRF I RTOATB IR IPRIBE D QR EBL R e MARE dusiphissyctive
matrk2edie; Q882 kA oi#R 1P G 38 P ERB, 68F: RO ARIOSIR:s

5,428,687: 5,172,415: and WO 02/19768. Referring again to FIG. 2, the
knoydiaivddhhdisdecambokiie amifolEhderngiers AgpRdao®ira s EdsBrdighArolby
Labeatbsidsaniowiely TRsprtihie. ong afeacref thekesanaiad are disclosed in
U.S. Patents 4,799,260 and 4,941,177, Aspects of Pro Logic I decoders are disclosed in
pending U.S. Patent Application S.N. 09/532,711 of Fosgate, entitled "Method for
Deriving at Least Three Audio Signals from Two Input Audio Signals,” filed March 22,
2000 and published as WO 01/41504 on June 7,2001, and in pending U.S. Patent
Application S.N. 10/362,786 of Fosgate et al, entitled "Method for Apparatus for Audio
Matrix Decoding," filed February 25,2003 and published as US 2004/0125960 Al on
July 1,2004. Some aspects of the operation of Dolby Pro Logic and Pro Logic I
decoders are explained, for example, in papers available on the Dolby Laboratories'
website (www.dolby.com): "Dolby Smrround Pro Logic Decoder Principles of
Operation," by Roger Dressler, and "Mixing with Dolby Pro Logic II Technology, by
Jim Hilson. Other suitable active matrix decoders may include those described in one or

more of the following U.S. Patents and published International Applications (each
designating the United States):
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5 multiple audio channels is derived. Each channel-deriving path includes,

in either order, an amplitude adjusting function or device ("Adjust

Amplitude") and an angle rotation function or device ("Rotate Angle"). The

Adjust Amplitudes apply gains or losses to the mono composite signal so

that, under certain signal conditions, the relative output magnitudes (or

energies) of the output 10 channels d@rived from it are similar to those of
5,043%68280018-pidhe npul-of Me-encader sAllemnatiyalys Ynees aorigysignab 41s;

*"conditiods when randomized" angle Variations are imposed; as next

andd@$2 9BEP 7ATontrollable amount of "randomized" amplitude variations

mayralee-Be UBRESROrR themeRlle Al hireonpsd: e hamRRlin RS plied

improve its decorrelation with respect to other ones of the recovered

to apizrmiisof signed rashaE o greichgsrppichize ritandsedoriite meauered
muReiRSSRahERALIOAS iE itV AirreGIGIes il B auiRul #hanng!srder,

derived from the mono composite signal are similar to those of the

an gpplivdr adjwtinggunelemobhevge( Arivst A pliRuier Leanthn aghyotation
funEQAitians i BeqoRiselkablg grogunt of “randomized" angle variations is also

imposed on the angle of a recovered channel in order to improve its
decdhepdBrtimpEtylcs apreaimerdaesoiatbe s rameRsithegnad so that,

unddiSCHESEdiBHAD 86 REGUhs, RRISMIZRSuind jlgsle N@é@f%f&mﬁme output
include not only pseudo-random and trul% random variations, but also

chapeslsy Asriat Bmyogs aes sislarda 4k rEpBREE atfbedsprbatthsgncoder.

ALSIRIO0TRIAUP BLRANGEEHENEINEIRnE HiRda ‘HatURBRELTAARIDRIANIGhS are

. the Comments to Step 505 of FIG. 5A. 25 Conceptually, the Angt .
impapsiiasaeislenebed Asgrimlahisameunt ofhanpdonyzsle araniays variations

maf AEPES RGP JART CARHIRIIES A VBl ERGPBRIHEIES, BARS I Mbidve its
values for the channel. The Adjust Amplitude for each channel may be
decersatenedratheesnasy tnetheconered thrcerypraheBRIgS Scale Factor for
the pREteL AL ARnRE LBhININR S ARG 3R HiR SIRrRACeEhR NSl itions,

from the recovered sidechain Amplitude Scale Factor for the reference
the selafivepbaseameles Ambmgmgag@ﬁ&mﬁemm@mpem signal

are ;\Hﬁ&?@&%@&ﬂﬂs aealfFaaelsiRhiR sp&t@éneeaéf.efﬁf@emlﬁbaﬂai@ Sertain

ternatively, 13 to enhance decorrelation of the recovered channels,
sigithlecpaifitinnsnaptiontio ahle awowsy of “randomized” angle variations is also imposed

on the angle of a recovered channel in order to improve its decorrelation with respect to

other ones of the recovered channels.

As discussed further below, “randomized” angle amplitude variations may include
not only pseudo-random and truly random variations, but also deterministically-generated
variations that have the effect of reducing cross-correlation between channels, This is
discussed further below in the Comments to Step 505 of FIG. SA.

Conceptually, the Adjust Amplitude and Rotate Angle for a particular channel
scale the mono composite audio DFT coefficients to yield reconstructed transform bin
values for the channel.

The Adjust Amplitude for each channel may be controlled at least by the
recovered sidechain Amplitude Scale Factor for the particular channel or, in the case of
the reference channel, either from the recovered sidechain Amplitude Scale Factor for the
reference channel or from an Amplitude Scale Factor deduced from the recovered

sidechain Amplitude Scale Factors of the other, non-reference, channels. Alternatively,
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controlled by a Randomized Amplitude Scale Factor Parameter derived
from the recovered sidechain Decorrelation Scale Factor for a particular
channel and the recovered sidechain Transient Flag for the particular
channel. 5 The Rotate Angle for each channel may be controlled at least
by the recovered sidechain Angle Control Parameter (in which case, the
Rotate Angle in the decoder may substantially undo the angle rotation
provided by the Rotate Angle in the encoder). To enhance decorrelation

to pphpecesicsosidationcefibr recmesisbchemeln i Aédust Ammlignde sy also be
coﬁ%?%@?@@éﬂﬂ&&@@%@?ﬁﬁm e dpLvBH PR NG SSOVEISThm the

sidechain 10 Decorrelation Scale Factor for a particular channel and the

reqetEe ridesiair Reromdatirme elad astombpanistiat ahemaectnd the recovered
sidBandomizaskAnels.Gopi Barrusiehiana channel, and, if employed,

the Randomized Amplitude Scale Factor for a channel, may be derived

fromipe Fetaiodraglobuorelnsbmad anar heepvspticd ahlsandhy thepdrsovered
sideRBANEIaTErensa et Fiag oM ChRRA]IRY, eattialiaBleieaPHRlaiRbder may

function or device 15 ("Controllable Decorrelator"). Referring to the

subsiantipily grfedhoangleraiaiendrided bathsdintiainels infhreaceds). To
eni{ft BRI ALGIRTERRRR Rak 2Raiidichdesives ARgrhanpaliabdQmtrolled

and to a second channel audio recovery path 24, which derives the
by aBanlorizadai sie Gientsakh sameie sl v Apstigspsmvriebgidgchdinte
Delteitriéh 88alebadr VoL IPAHIuRR HRRIFRHAAM MY RESSUEI RN AIBC Y Ohsient

or device ("Inverse Filterbank™) 30. Similarly, audio path 24 includes an

Flag dpidhanssticider sharnelotdfie Ragromizethangls Pencd Jiiameteder gghannel,
and@R{IBYRISS i eRbatinfitRRTia Andaes SIS BRGIeHP AN EARRI ARMYINY derived

the caseof FIG. 1, onla; two channels are shown for simplicity in

fropy daerrernsmed Benogr stedlg Hastanfretheshmang) gnd ihgrepryered
Tr&RRM EiRe20r the LREYERY »dathainyRfarnatian e Hhedba Ghadviel

channel 1, may include an Amplitude Scale Factor, an Angle Control

(“Coahalidhis Deesaedpterdtion Scale Factor, a Transient Flag, and,

optignaihy ANNRERAAIPL B GS S AR ARSI hMERBRRHRR I Bu M is

description of a basic Encoder. The Amplitude Scale Factor Is applied to_
apphigflitst adiFsd phanadeudin éeépﬁ@afemﬂxéz?pdm@h Jergers thaphayael haudio, and
to LRIANA HHEANARGRCLISIBS/HAh 9% INKHIBR AR INNRHOR AnlUePAIB! Kudio

27 may be employed in order fo interpolate the Angle Control Parameter
pathbinchdgs an Adjasy Asapbsidndop m%q»ﬁa@aéngie 28, and, if a PCM output is
desired, an inverse filterbank function or device (“Inverse Filterbank™) 30. Similarly,
audio path 24 includes an Adjust Amplitude 32, a Rotate Angle 34, and, if a PCM output
is desired, an inverse filterbank function or device (“Inverse Filterbank™) 36, As with the

case of FIG. 1, only two channels are shown for simplicity in presentation, it being

understood that there may be more than two channels.

The recovered sidechain information for the first channel, channel 1, may include
an Amplitude Scale Factor, an Angle Control Parameter, a Decorrelation Scale Factor, a
Transient Flag, and, optionally, an Interpolation Flag, as stated above in connection with
the description of a basic Encoder. The Amplitude Scale Factor is applied to Adjust
Amplitade 26. If the optional Interpolation Flag is employed, an optional frequency
interpolator or interpolator function (“Interpolator™) 27 may be employed in order fo
interpolate the Angle Control Parameter across frequency (e.g., across the bins in each

subband of a channel). Such interpolation may be, for example, a linear interpolation of
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subband of a channel). Such interpolation may be, for example, a linear
interpolation of -14- the bin angles between the centers, of each subband.
The state of the one-bit Interpolation Flag selects whether or not
interpolation across frequency is employed, as is explained further below.
The Transient Flag and Decorrelation Scale Factor are applied to a
Controllable Decorrelator 38 that genarates a Randomized Angle Control
Parameter in 5 response thereto. The %??‘é% f the one S%‘éran&ent Flag

the big|apeles e Biechdlia GRIERES RIGHRSE 589 FAIFE FeHIritgcRelation
Flaglﬁ@mm@aﬁwﬁﬁw@@m&aﬁdﬂw@sgﬁem@ram@@bwﬂ ik Imaygined

mterpolat cross frequency if the Inte and the Int erpolator
&ﬂmof@& “gﬁaseﬁ%aﬁﬁar%%fﬂ GRS %?if:f Bioionate Faplicd
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Factor, in addition rating a Randomize eC eter
Contp B G R e R B AT TSABREY 1 TR BOTEoR Flag
and ﬁamﬂmﬁxbﬂmbmﬁbmlmﬂahmmmadd ifiveledDolitel Parameter are
Sum% EIHIQ&@A tloig{? 15 sh V;IIP; Qr%‘r)cllnegt wdgth% ontré r;g%éogd a

recovere cRamin orma
oontﬁﬁcsizmhbﬁa@@lhtebﬁﬁgielzﬁ mwmmwmmmmhm@mmmy

also %%@p C% 8%%[%%‘1%@ q agca%i%j on S%#egg&%(:é) tné 'Hz%?s%ent 59'1ag and
Dec@@é]ﬁﬁﬁh(ﬂbﬂdtﬁﬁbﬁ;ﬂmaﬂﬁtmab zgéxwunag Mmdaihczédnmglel €Gdadd
P OSBRI A ARIINS 5 D e g
Randﬁtﬁm@ia&@djﬂetdmg}ea@mmd)ﬂwam atlditiae rmﬁmqummmhmmglfunctmn (not
o eSS e s USRI A iR e o
DegafighalioRebeadecf silosinia aﬁbhﬁﬁﬁ@rafﬁcth‘ﬂf@liah{d Blecowkldiondd n, may
e i R A R T e R
Scal® Hﬁd@cﬁﬁ,vwmﬁisiﬁ n@m@fdpﬁm@% angipotiee Megdptiodeasited above in
TR T T O
appii%ﬂdﬁlvﬁlmﬁﬁ@ﬂe 32. A frequency interpolator or interpolator function
(“Interpolator”) 33 may be employed in order to interpolate the Angle Control Parameter
across frequency. As with channel 1, the state of the one-bit Interpolation Flag selects
whether or not interpolation across frequency is employed. The Transient Flag and
Decorrelation Scale Factor are applied to a Controllable Decorrelator 42 that generates a
Randomized Angle Control Parameter in response thereto. As with channel 1, the state of
the one-bit Transient Flag selects one of two multiple modes of randomized angle |
decorrelation, as is explained further below. The Angle Conirol Parameter and the
Randomized Angle Control Parameter are summed together by an additive combiner or
combining function 44 in order to provide a control signal for Rotate Angle 34.
Alternatively, as described above in connection with channel 1, the Controllable
Decorrelator 42 may also generate a Randomized Amplitude Scale Factor in response to

the Transient Flag and Decorrelation Scale Factor, in addition fo generating a
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combining function 44 in order to provide a control signal for Rotate Angle
34. 30 Alternatively, as described above in connection with channel i, the
Controllable Decorrelator 42 may also generate a Randomized Amplitude
Scale Factor in response to the Transient Flag and Decorrelation Scale
Factor, in addition to generating a -15- Randomized Angle Control
Parameter. The Amplitude Scale Facidr-and Randomized Amplitude

A ey SIS A ey A SN L SRR

In-oraer proviae tne con I’O S|gn
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funcliqaimod ﬁ?té‘}ﬁé@i%tgpgeg’s‘f "8it0; po o0 Hﬁ?k#éagst) iade 32.
g r smﬂ%ugeisw h@(&@g exampplegthes gmdmﬁsmlmass Amﬁlhdidaﬁée@ﬁ)n@ng
otate Angle 28 (3 rthe b
s B SR R S 8
achlgﬂ@ﬂh%r/imﬁé Wspeids desulie Ran dmmm magiaiamﬁmmam@ﬂemm (32)
otate Angle Iso be consider be three, rather t
SRR B ) ey S B AT e oo B e Rogee
MW??%&E@BM&S@&Q%@M@WWM enethraytiog rmp@lds to
an one ust Amplitu one that on e Amplifu S
the Rapdony m&%&oﬁﬁﬁfﬁa%tﬁe ég%%&t‘ﬁ é%‘ﬁ EJPI{ caleca:c gred to
be tﬁﬁ@%ﬂﬁ%@ﬁéﬁ?gﬂéfﬁﬁﬂz@&ﬁﬁ@mﬁiﬁr devisisiying f0 ﬂmpkumﬁeseiﬁﬁ‘l@ t6 described
phase, if a Randomize le Fact 1 loyed
beldoat L TR AR AR T TR e PR o o
one %Wﬁ@bﬁéfﬁ{gﬁ@r- @3& higdt iew;-ﬁedsan thnplitypdinidd «s@alttﬁanthe aafﬁe@he that
at the RandomizedAti Ie ter has on A
respgRdhior B 315?8%)? ?ﬁ? orref’éctgg% ca T&&%c%rs greater
seni%}ﬁﬁ@&&&?@%%@@&ﬁhﬂﬁggﬂm Panttamiaad-piasephygde\ BraeFbasicis
phase angle (rather, than addi met r20 ti .
e O PELE IHIE o LR ST AL AR B hL g Ragdomized
An@BeightrantfAlefrronianat diedadin aﬁpamumze@bamm iheleffhiftthat the
versus baS|c amplitude _shift rat er tha add| e%}a sfgkale fa&tor
ac

le Comeh sy §OGPREE 2 er al ernative process -

. or represen Ing the
ort I@g@zmbtmm@auan/saab|Emmg¢ma@mm@oimmme

ron ARy PSR KU R B AL o A ppaarn
repreSénties fahdomized phase angle to a parameter representing the basic phase angle),
and if also employed, the ratio of randomized amplitude shift versus basic amplitude shift
(rather than adding a scale factor representing a randomized amplitude to a scale factor
representing the basic amplitude) (i.e., a Variablé crossfade in each case).

If a reference channel is employed, as discussed above in connection with the
basic encoder, the Rotate Angle, Controllable Decorrelator and Additive Combiner for |
that channel may be omitted inasmuch as the sidechain information for the reference
channel may include only the Amplitude Scale Factor (or, alternatively, if the sidechain
information does not contain an Amplitude Scale Factor for the reference channel, it may
be deduced from Amplitude Scale Factors of the other channels when the energy
normalization in the encoder assures that the scale factors across channels within a
subband sum square to 1). An Amplitude Adjust is provided for the reference channel

and it is controlled by a received or derived Amplitude Scale Factor for the reference
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that channel may be omitted inasmuch as the sidechain information for
the reference channel may include only the Amplitude Scale Factor (or,
alternatively, if the sidechain information does not contain an Amplitude
Scale Factor for the reference channel, it may be deduced from
Amplitude Scale Factors of the other channels when the energy 30
normalization in the encoder assuresithat the scale factors across

chan ithin a subband,sum square . An litude Adjust,i
cha et RIS B AELTERREE SR APk SRRy e Adaiidfgm the
sidedbiivest Andplitudd foohledeaster fardhesetecdnetertficecotinnnel . iV\daethaslitude-
Et refergn channel's Am I{%udﬁ Scallle#'t: ctor istderiv.ed froEn th%. .
scalgtVAASION SF IRRGRCSETPHIL A EMING . tHe PSR RS ASq HErHUr &4 RHigRecaus
it isighamediengaiite der $raddtty ehatarelaf theatiomao composite channel. It does
not uire angle rotation use it is the reference.for the other .
e A e e S R e By provide o
modegtalepred chdevvetslmion pifawidé #onecaest tegredshideroiy disiyrtoifesult in a
used alone litude adju nt is likely to. result in a .reprodugced .
rop e S R SO TR e B o ol R Kt stgnal
condivinditi dng. (@. Yool dpaittineend Seld)dfiehiliAmip biljdd mei stmyeaffachynteraural
teve hiierauial Jovel differences.at e sar, whidh ie aniy.one of e cuce
psycﬁoacoué?ttlc GifeEtBRAT ches 0% %oyemﬁ/ T us, accoré“mg
emfiopspbgtthettne Thuentiorordartatio @pglesadjtistinyetenin icpresimagloeadijusting

o R TR T A SR SRS A ation
decarbtietidintcR eforame miay bratiddn torifebktdntintgthrei dasiilfieeviated comments
e A R SRR P o
operitions tehtingyteebnigliesdindescrited deithvaspecrioé dimmwititite Other
oo BB 28RS BEURL BSIRG B PSTENETR O 108 8
and agiyibeleraiieraidoinstead wfesil iddiieular thenediviipry alSbaiown as

e e e R R S S
c_ircﬁlamohmﬂmﬁm (atroéndwah rediedid by patoglemantelntiany | eAdtlifiinggh jzarerally,
o B L B R, SR O o
circiitvesdiorn paskcatiasynieadat redilied by complementary angle shifting in an
encoder and decoder. In addition, the effects of circular convolution may be tolerated in
low cost implementations.‘ of aspects of the present invention, particularly those in which
the downmixing to mono or multiple channels occurs only in part of the audio frequency
band, such as, for example above 1500 Hz (in which case the audible effects of circular
convolution are minimal). Alternatively, circular convolution may be aveided or
minimized by any suitable technique, including, for example, an appropriate use of zero
padding. One way to use zero padding is to transform the proposed frequency domain
variation (representing angle rotations and amplitude scaling) to the time domain, window
it (with an arbitrary window), pad it with zeros, then transform back to the frequency
domain and multiply by the frequency domain version of the audio to be processed (the
audio need not be windowed).

Table 1 ‘
Angle-Adjusting Decorrelation Techniques
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the plownmixing to mono or multiple channels occurs only in part of the
audio frequency band, such as, for example above 1500 Hz (in which
case the audible effects of circular 25 convolution are minimal).
Alternatively, circular convolution may be avoided or minimized by any
suitable technique, including, for exam

v

paddlng One way to use zero paddm&

le, an appropriate use of zero
IS to transform the proposed
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mnﬁleﬁmgglﬂ\f MMS,}? y- state Si ;nal signal components frequency
a—COMponen UII IS I:IIUL. |
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subband basisin a
channel

Controlled by or Basic phase angle is | Amount of Amount of

Scaled by controlled by Angle | randomized angle is | randomized angle is
Control Parameter | scaled directly by scaled indirectly by

Decorrelation SF; Decorrelation SF;
same scaling across { same scaling across
subband, scaling subband, scaling
updated every frame | updated every frame

Frequency Subband (same or Bin (different Subband (same

Resolution of angle | interpolated shift randomized shift randomized shift

shift value applied to all | value applied to value applied to all
bins in each each bin) bins in each
subband) subband; different

randomized shift
value applied to

each subband in

channel)

Time Resolution Frame (shift values | Randomized shift Block (randomized
updated every values remain the shift values updated
frame) same and do not every block)

change

For signals that are substantially static spectrally, such as, for example, a pitch

pipe note, a first technique (“Technique 1”) restores the angle of the received mono

composite signal relative to the angle of each of the other recovered channels to an angle

similar (subject to frequency and time granularity and to quantization) to the ori ginal

angle of the channel relative to the other channels at the input of the encoder. Phase angle

differences are useful, particularly, for providing decorrelation of low-frequency signal
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Controlled by or Basic phase angle is Amount of Amount of Scaled by
controlled by Angle randomized angle is randomized angle is Control
Parameter scaled directly by scaled indirectly by Decorrelation SF;
Decorrelation SF; same scaling across same scaling across subband,
scaling subband, scaling updated every frame updated every frame
Frequency Subband (same or Bin (different Subband (same Resolution of

angle interpolated shi domized, shift rangdomized shift. shift val .
conipgREal R ATORL A U5 6 e S ot e it Syl fhe audio
sigriainPirfatly sUbkiatighsubpandedifferanil sgdamnimditishiftoatoeidpplisdic

0 each subband in channel) Time Resolution Frame (shift values
angiR &Mtiomized shift Block (randomized updated every values remain the

shifFualigh-tipdadady Hame coapernt dbavet aboertyl BSCKy cliange dées not
foll%;?gﬁ? Svgggztﬂarecfe%b%é?%&? l){n?g %tll%te?z@i %sr ac';'Xd%‘f,'?C r\}ig\%tg%lr eér%%ﬂ:! efon a

Ipe note, a nique que restores the angle of the
critivetduetzino Bengatit signaltrefH4dthereigonisdmttenptoeideddry

o B D A Bl SR PR M e
shifrelatlyeitadberdiher witk Datbragted idpet métthbienbodevePhasefmighals

s A S SR S s
(“Tehnfqlie®s andiffthehhoyated’ oftreectindily) sidd al cPrtfdlaltiy affievhhidfue 1 '
randdise ! %Jgrllg %Er?z!tlti%igsn E‘)' ﬁ?engﬂ%?g aett%l%f)n\ég %}? ,Pgb':‘hl&q%gql %égéfll ‘certain signal
conditions, thereby causing a controllable amount of randomized envelope variations,
which enhances decorrelation.

Randomized changes in phase angle are a desirable way to cause randomized
changes in the envelopes of signals. A particular envelope results from the interaction of
a particular combination of amplitudes and phases of spectral components within a
subband. Although changing the amplitudes of spectral components within a subband
changes the envelope, large amplitude changes are required to obtain a significant change
in the envelope, which is undesirable because the human ear is sensitive to variations in
spectral amplitude. In contrast, changing the spectral component’s phase angles has a
greater effect on the envelope than changing the spectral component’s amplitudes —
spectral components no longer line up the same way, so the reinforcements and
subtractions that define the envelope occur at different times, thereby changing the
envelope. Although the human ear has some envelope sensitivity, the ear is relatively
phase deaf, so the overall sound quality remains substantially similar. Nevertheless, for
some signal conditions, some randomization of the amplitudes of spectral components
along with randomization of the phases of spectral components may provide an enhanced
randomization of signal envelopes provided that such amplitude randomization does not
cause undesirable audible artifacts.

Preferably, a controllable amount or degree of Technique 2 or Technique 3
operates aloﬁg vﬁth Techﬁique 1 under'certain signal conditions. The Transient Flag

selects Technique 2 (no transient present in the frame or block, depending on whether the



10

15

20

25

30

For high-frequency signal components above about 1500 Hz, the ear does
not 5 follow individual cycles of sound but instead responds to waveform
envelopes (on a critical band basis). Hence, above about 1500 Hz
decorrelation is better provided by differences in signal envelopes rather
than phase angle differences. Applying phase angle shifts only in
accordance with Technique 1. does-ni# alter the envelopes of signals

sufficiently to decorrelate high f ency,signals. The second and third .
e B e R P i Y g P it i e
framomnirblledite arhosirthefe mapdoritipbomodie vhoptatisnpdeadigie on whether or

ermined by Technigue 1. under certain.signal,, condijtions, thereby., .
mor e Ao o B el SR =
congohiahbesntisud e dtpee REmdplitirbdrehdogosiivphhsepaglesalag with the
gﬁ%i era ized 15 changes in,the envelopes of
. |gng%§%ﬂg%%flgﬁlcﬁa%}%§ﬁ\% o%%%ée%s%?tgq Ir]ﬁaa}tlfﬁ%%ltlg%ac fg}?‘ﬁe‘a particular
combinbtigneo? anspliaide foaedmphsesoofispectrsigreln onentsiditrharmonics,
ubband. Although changing.the amplitydes of spectral components within
s R R A S v
tranicobtagna ssignili cartppiangecdstahets evel qfiEchuliphe i3 timdesiredrleclaps in
e h ear | itive to,variations.n 2 trgl amplitude
= T e R R BB TR i SFaer o
mingraztendfis ctantiftiets checomePamdl Eenhimg ths dpeetidfenipbnentis
j ~ ral ¢ no langer, line up.the same way, sq the
e e B B o T2
seledifiénehenimeansivatdb potpmesing weereay Bopmiduithd ixpeltvedunben edransient
is gome envelope sensitivity, the ear is relatively 25 phase deaf, so the
povera’ll sound quality remains substantially similar. Nevertheless, for
sonfedigraichrbiividy shiftmiéamedgniiaati) nhef bihe aupiplitua ekaphshetlial

amoiATROAGALE &AY VAL LARR ANBRHON S IR RRER O SRET Brametor (o shift
componehts may provide an ennanced randomization of signal envelopes

if thplm_li@iedtdt)és strod. afptixptiencahfiothezdiedovd osthaohesase emadesitadpelated
para%g&g?l?s %gg;%%gﬁ;\%%%%%@&&%u%%%%”a%% %%[ﬁg.]%]n%ﬁ%rdig %516‘%%1 gvery frame.

chniqu chnique 3" opérates along wi chnique er

Congzeptairilyigrnah cuhtitivhs! dHock dhamsikndshgvealephtadsdfinidtlerdsfrot to other
charl 1S SINREESE 1 LIRE SN QRS HH PR M S B S, Dot Y500 1),
However, Technique 1, by itself, is unsuitable for a transient signal such as applause. For
such signal conditions, the reproduced channels may exhibit an annoying unstable comb-
filter effect. In the case of applause, essentially no decorrelation is provided by adjusting
only the relative amplitude of recovered channels because all channels tend to have the
same amplitude over the period of a frame.

Technique 2 operates when a transient is not present. Technique 2 adds to the
angle shift of Technique 1 a randomized angle shift that does not change with time, on a
bin-by-bin basis (each bin has a different randomized shift) in a channel, causing the
envelopes of the channels to be different from one another, thus providing decorrelation
of complex signals among the channels. Maintaining the randomized phase angle values
constant over time avoids block or frame artifacts that may result from block-to-block or
frame-to-frame alteration of bin phase angles. While this technique is a very useful

decorrelation tool when a transient is not present, it may temporally smear a transient
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Transient Flag is sent at the frame or block rate) or Technique 3 (transient
present in the frame or block). Thus, there are multiple modes of
operation, depending on whether or not a transient is present.
Alternatively, in addition, under certain signal conditions, a controllable
amount or degree of amplitude randomization also operates along with the
5 amplitude scaling that seeks to restdds the original channel amplitude.

(resH BT IAURIAI S iableripraam plex RanSRUOUSSgRaIS thadi ane sivkniing is
harmonics, such as massed orchestral violins, Technique 3 is suitable for
s e upeivetlr THBASHGHELRS A0EESE ek 0 GBFA IR PRy
TedlGGHR e 2 HRSISNERT B FIBR DR RRIMFSRES calkingtin Tsriablefadditional
_such signals). As explained further below, in %r%er 10 néin%pize au(dib(lieded to
shiffrhascalednnienis 2o5M sl Fmams At &R

the'6RQl Hﬁgléssiﬁﬁf(ﬁp‘v&ﬁlﬁqugqm&&&aﬂ@ eoVEsidtingse Tecnigoiéed ty the

selected when a transient is not present, whereas Technique 3 is select
Degar S G A O B2 8 PR BT SIS SR By Ry atacts.
sulhshinanaisin shaprehbheslbiamaeuniselid éaneetof tiarea sicvehithithe
controlled by the Angle Control Parameter (no shif(tg:f the?gar nﬁax?tler IS
PhaHe

Degeiig|ah@neXettetiihdrBEt iR i FRRECRLM By RRY e sthoothing,

e
as PARHEIES dfoapPA et deelkhiTsdreactisivbabrthdoaliivd pagbnshifrislue is
updated every frame. Consequently, eac subbarild of each Ehlannel nff?ﬁ

0

appitadel BRI thith RISDEP GO ARG BERTIAG A et

acrg%%giﬁieﬁﬁa %{dmrg%ﬁ@@ieﬁda@kpwmwo Hz). 20 However,
Technique 1, by itself, is unsuitable for a transient signal such as
appIRCRUTABE LOBFEIEH A LIRS 114 FORULED IhARR S
defodabit 38 annaYg wWistAe mkiditBlafiededn thelddsaibtiaphiausesach
essentially no decorrelation is provided by adjusting .only the relativ
sl e BB BB A OB AR VSR HiAe 5 R i common
to SRMAANElEUsievEl daeshariost ohyfikmevEbjesbaipis 2bepenplgvdes and
when a transient is not present. Techni 2 adds to the le shift of
Doty P B OB ) R A AL L AL G ok o
bidAn-Bybie Basisderchdinhasagiireristiadomitebeshificiraadonainirgt, reduce
causing the envelopes of the channels to be different frﬁ%n oneg aﬁ]oth e
stegdyssisitanal aenbrriiss amaechin pherng BFRSIS drsotpelafiehe
chMaainsesRaIR I abiRedRhaseraalsise easEsconstahanye idifreyuency
avoids block or frame artifacts that may result fr?g] blgctli,-to-block r .
resolution of the angle randomizing, from very fine (all bins different in a channel) in
Technique 2 to coarse (all bins within a subband the same, but each subband different) in
Technique 3 is particularly useful in minimizing “pre-noise” artifacts. Although the ear
does not respond to pure angle changes directly at high frequencies, when two or more
channels mix acoustically on their way from loudspeakers to a listener, phase differences:
may cause amplitude changes (comb-filter effects) that may be audible and objectionable,
and these are broken up by Technique 3. The impulsive characteristics of the signal
minimize block-rate artifacts that might otherwise occur. Thus, Technique 3 adds to the
phase shift of Technique 1 a rapidly changing (block-by-block) randomized angle shift
on a subband-by-subband basis in a channel. The amount or degree of additional shift is
scaled indirectly, as described below, by the Decorrelation Scale Factor (there is no

additional shift if the scale factor is zero). The same scaling is applied across a subband

and the scaling is updated every frame.
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frame-to-frame alteration of bin phase angles. While this technique is a
very useful decorrelation tool when a transient is not present, it may
temporally smear a transient _20- (resulting in what is often referred to as
"pre-noise" - the post-transient smearing is masked by the transient). The
amount or degree of additional shift provided by Technique 2 is scaled
directly by the Decorrelation Scale Fagfor (there is no additional shift if
the scale factor is zero). Ideally, the amount of randomized phase angle

addetitepyshdhssoglsrmgising lerhrigrenbaechest o enier 2
teclFRIUFOHAL BY, thgnDesaEpialion RealR A0 Mk FeARARIBATed as two

minimizes audible signal warbling artifacts. Such minimization of signal
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whithaiea del0k:S, daa\ 8yl Aashiba ARRI 6 RtRBHA ARPTORIEIS Ains s ragaiting,

as described below. Although a different additional randomized angle shift

Techpirs31 5V ajshmaxde ser nioa santrenisnae TaRreseBBE R A dprimigyes arc

tremBIER HMIPHRARRIRS @Rr0Ss a subband and the scaling is updated
evi%frame. Technique 3 operates in the presence of a transient in the

frame e ek haspttalsged asssameatiamiermigvrasnddnptifigetioss qf them
mall 50l ALIBE RiRsIR G IRRabINA shRoRel{iprasivek tastioalpwiting,

a unique randomized angle value, commaon 15 to all bins in the subband
FroRLRRFRY FRASINHRE BRI RIS ITURSISH AR GBS S AR R ey esk from an
endhifeSIgRBIRIAAS BgNRE! T 6RaNeSNItAvasRect KLONBFFHARNSIE R applied

block to block. These changes in time and frequency resolution of the
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funefihselanshieldR vies o BlalaB A eupharaelsibsRRiBlby vithodtrive

causing "pre-noise" artifacts, The change in frequency 20 resolutign of the

mulhiplfesignelsimg mum dediprrhenanl s amraralivly audia shapgis. Once such
mui'i?%l@ RiGUE hihROIAIER (RIbHISHY IR ASHEDBAE dPenSAMIT thehSAEH be

subband different) in Technique 3 is ?articularly useful in minimizing .
deogrelafsaritditrarest IORR AIHIRE g Skkes Sergdomifiie Penals g aplying
the GHARGRS MA@ Hie eANT{ASs MRRABUPIRIROEn SHANAE SpBlikation, each

acoustically on their way from loudspeakers to a listener, phase

derfypd aapide SBennship sxbish e drerielatiandechnighss Mtnpted@ar be switched
fro3¥eerddiBleopadhiastionaie bipastdhase Bieshiaken e Bvrkeanrigiée

3. The irﬁfulsive characteristics of the signal minimize block-rate artifacts

chagngl issHr ety d¥cthe operatiop g sighgresau technique (Technique

3) may be simplified to provide no shifting of the phase angles of spectral components
when a transient is present.
Sidechain Information
As mentioned above, the sidechain information may include: an Amplitude Scale
Factor, an Angle Control Parameter, a Decorrelation Scale Factor, a Transient Flag, and,,
optionally, an Interpolation Flag, Such sidechain information for a practical embodiment
of aspects of the present invention may be summarized in the following Table 2.

Typically, the sidechain information may be updated once per frame.

Table 2
Sidechain Information Characteristics for a Channel
Sidechain Represents Quantization Primary
Information Value Range (is “a measure Levels Purpose
of”)
Subband Angle | 0 >+2=n Smoothed time 6 bit (64 levels) | Provides
Control average in each basic angle
Parameter subband of rotation for




phase shift of Technique 1 a rapidly changing (block-by-block)
randomized angle shift on a subband-by-subband basis in a channel. The
amount or degree of additional shift is 30 scaled indirectly, as described
below, by the Decorrelation Scale Factor (there is no additional shift if the
scale factor is zero). The same scaling is applied across a subband and
the scallng IS updated every frame.-22- Although the angle adjustlng
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25 optionally, an Interpolation Flag. Such sidechain information for a
practical embodiment of aspects of the present invention may be
summarized in the following Table 2. Typically, the sidechain information
may be updated once per frame. Table 2 Sidechain Information
Characteristics for a Channel Sidechain Represents Quantization Primary

Information Value Range (is "a measupe Levels Purpose of') Subband

d tima-6-hit. (64 |e\vla|e) Drn\llr*lac r‘nnfr{ﬂ averaqe.

SI&C «'Iﬂ,clﬁl OTLVV \JIIIU\JLI oG u“li Bﬁ\vj 1 s ) Prim
basic gn rameter s %ﬂ?ﬁ‘f‘tfotatlc 24i98chain ary
Inigeprggents QE %Jﬁ%ﬁl léanf’) Bifvalue Ra?r{5 gelis "a Purpose

nnnnnnn .J'pcse ofY) } 'llﬂ’cnranro ach-binlin—between anale of
Tegg Sé%’%\e E”‘egatch i f(;[&rrﬁseé’r?ﬁﬁ’{ and ﬁh%\%’%i%ﬂ’é"ébﬁ)resp dRgfiefgines
bin in subban ’fuae/%%?ince T8 and [0 41 Spectral- 3 bjt*¢Bich
levels) Scales % tion T (BdRdead|ness of randomizedechnique for
Scale Factor b¥%S ion signal&fgle shifts Scale Factor is adding _
characteristics added to high pnly if over time in f basic angle both fdomized -
subband of afotation, and, angle shifts,
or both angle
shifts and
amplitude
shifts, 1s
employed
Interpolation 1,0 A spectral peak 1 bit (2 levels) Determines
Flag (True/False) near a subband if the basic
(polarity is boundary or angle
arbitrary) phase angles rotation is
within a channel interpolated
have a linear across
progression frequency

In each case, the sidechain information of a channel applies to a single subband
(except for the Transient Flag and the Interpolation Flag, each of which apply to all
subbands in a channel) and may be updated once per frame. Although the time resolution
(once per frame), frequency resolution (subband), value ranges and quantization levels
indicated have been found to provide useful performance and a useful compromise
between a low bitrate and performance, it will be appreciated that these time and
frequency resolutions, value ranges and quantization levels are not critical and that other
resolutions, ranges and levels may employed in practicing aspects of the invention. For
example, the Transient Flag and/or the Interpolation Flag, if employed, may be updated
once per block with only a minimal increase in sidechain data overhead. In the case of
the Transient Flag, doing so has the advantage that the switching from Technique 2 to
Technique 3 and vice-versa is more accurate. In addition, as mentioned above, sidechain
information may be updated upon the occurrence of a block switch of a related coder.

It will be noted that Technique 2, described above (see also Table 1), provides a
bin frequency resolution rather than a subband frequency resolution (i.e., a different
pseudo random phase angle shift is applied to each bin rather than to each subband) even

though the same Subband Decorrelation Scale Factor applies to all bins in a subband. It
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Spectral- channel (the if employed, Steadiness Spectral- also scales
Factor and the Steadiness randomized Interchannel Factor) and the
Amplitude Angle consistency in the Scale Factor Consistency same
subband of added to Factor are low. a channel of bin basic angles with
Amplitude respect to Scale Factor, corresponding and, bins of a
optionally, reference channel scales 8égree (the Interchannel of Angle

willY&/ BErRIRR HANBIRIGHEY SR BLUPRERE Qe Al oW FY)SIBYi8ESa block

bit (32 levels) Scales Amplitude integer) amplitude in Granularity is
frequapmtrgeobitioedicer adlifaem! ﬁ?@ﬁ@g%%@gﬁae&ngli.@%{Sﬁm@%ﬂﬁﬁh
blodampliude:Chapngl withdpRes 8RkH RessHRPAhIRA TDRbIB VRS Scale

respect to ener g46.5 dB plus channel amplitude or amplitude for final

Facjansepligfrtaghhaisg AR Sugh Eprhvidansogreaicrdban;the resolution of the
sidRBRFe ReRiAHAATIAL IR ey N HD AtiIRTLYENE FRRABYEESe dhifts may be

measure Levels Purpose of') Transient Flag 1, 0 Presence of a 1 bit (2 .
gcq@@éqg)lggt@?ﬁﬂﬁ@gand need not be known in t%e encoder (this is the case even if the
encoder also applies a randomized phase angle shift to the encoded mono composite
signal, an alternative that is described below). In other words, it is not necessary to send
sidechain information having bin or block granularity even though the decorrelation
techniques employ such granularity. The decoder may employ, for example, one or more
lookup tables of randomized bin phase angles. The obtaining of time and/or frequency
resolutions for decorrelation greater than the sidechain information rates is among the
aspects of the present invention. Thus, decorrelation by way of randomized phases is
performed either with a fine frequency resolution (bin-by-bin) that does not change with
time (Technique 2), or with a coarse frequency resolution (band-by-band) ((or a fine
frequency resolution (bin-by-bin) when frequency interpolation is employed, as described
further below)) and a fine time resolution (block rate) (Technique 3).

It will also be appreciated that as increasing degrees of randomized phase shifts
are added to the phase angle of a recovered channel, the absolute phase angle of the
recovered channel differs more and more from the original absolute phase angle of that
channel. An aspect of the present invention is the appreciation that the resulting absolute
phase angle of the recovered channel need not match that of the original channel when
signal conditions are such that the randomized phase shifts are added in accordance with
aspects of the present invention. For example, in extreme cases when the Decorrelation
Scale Factor éaﬁscs tﬁe hfghest degree of randomized phase shift, the phase shift caused
by Technique 2 or Technique 3 overwhelms the basic phase shift caused by Technique 1.
Nevertheless, this is of no concern in that a randomized phase shift is audibly the same as
the different random phases in the original signal that give rise to a Decorrelation Scale
Factor that causes the addition of some degree of randomized phase shifis,

As mentioned above, randomized amplitude shifts may by employed in addition to

randomized phase shifts. For example, the Adjust Amplitude may also be controlled by a

Randomized Amplitude Scale Factor Parameter derived from the recovered sidechain
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(True/False) transient in the which (polarity is frame or in the technique
for arbitrary) block adding randomized angle shifts, or both angle shifts
and amplitude shifts, is employed Interpolation 1, O A spectral peak 1 bit
(2 levels) Determines Flag (True/False) near a subband if the basic
(polarity is boundary or angle arbitrary) phase angles rotation is within a
channel interpolated have a linear acrgss progression frequency In each

D SR AR 8 S o
Fl@gﬁﬁlym@:ﬁeﬁ?ﬁaﬂﬂﬁa cmathne( ﬁ@ﬁﬁﬂﬁﬁﬁplﬁpﬂaﬁﬂfmﬂﬁ@yﬁg{eﬁi’am.two
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in lfga ﬁ&s@f&@ﬂ gerdtiﬁﬁﬂtp@fﬁﬂfﬁiﬁﬁﬁﬁﬁl&!ﬁ@)ﬁﬂlﬁ&fﬁﬁlﬁ)ﬁhﬂl@%iﬁﬂoﬂ)ﬁﬁ!@em@h time
an er an e, .l ecC e and
I A O O CESTa Ot R S TG AP g of 2
traﬁﬂdzﬂﬁh@ﬂme‘iatesohjhmk),ramgﬁmm&bueiplmmp ehnﬁlﬂm@hmy@cﬁmmglock-
gelgtl? of t ,E“?‘:fére t| %}9 e t e Trans%nt quﬁ%an%/% gliand (the

erpo erﬁmioye may eup ated once per
samem.hamﬁirl aﬁrm}senm sichdcindindidteeoifrheadbtantecagandh eﬁ\ithough the

s O U R g v
theaﬁmamﬂhmm Sbai@aiﬂnpﬂéﬁbéﬁ&wm dtimira paryi &l arsd ake fhoiporvahe should
canise egse:?r(r:z%htug R% %Wlt%ﬂeogo%rcre%la%t:? uggo zda%rdomzed phase shift resulting from
the same scale factor value in order to avoid audible artifacts.

When the Transient Flag applies to a frame, the time resolution with which the
Transient Flag selects Technique 2 or Technique 3 may be enhanced by providing a
supplemental transient detector in the decoder in order to provide a temporal resolution
finer than the frame rate or even the block rate. Such a supplemental transient detector
may detect the occurrence of a transient in the mono or multichannel composite audio
signal received by the decoder and such detection information is then sent to each
Controllable Decorrelator (as 38, 42 of FIG. 2). Then, upon the receipt of a Transient
Flag for its channel, the Controllable Decorrelator switches from Technique 2 to
Technique 3 upon receipt of the decoder’s local transient detection indication. Thus, a
substantial improvement in temporal resolution is possible without increasing the
sidechain bitrate, albeit with decreased spatial accuracy (the encoder detects transients in
each input channel prior to their downmixing, whereas, detection in the decoder is done
after downmixing).

As an alternative to sending sidechain information on a frame-by-frame basis,
sidechain information may be updated every block, at least for highly dynamic signals.
As mentioned above, updating the Transient Flag and/or the Interpolation Flag every
block resulis in only a small increase in sidechain data overhead. In order to accomplish
such an increase in temporal resolutionfor other sidechain information without
substantially increasing the sidechain data rate, a block-floating-point differential coding

arrangement may be used. For example, consecutive transform blocks may be collected
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15 It will be noted that Technique 2, described above (see also Table 1),
provides a bin frequency resolution rather than a subband frequency
resolution (i.e., a different pseudo random phase angle shift is applied to
each in rather than to each subband) even though the same Subband
Decorrelation Scale Factor applies to all bins in a subband. It -24- will also
be noted that Technique 3, describe&éabove (see also Table 1), provides
in gg%ﬁi#%%% J{fﬂé}(gp&%%%&' utigndingigaclifieiansiandemized hase Aigiech

is applied to each block rather than to each frame) even Eﬁ%égh %ﬂ&' Jues
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to the encoded mono composite signal, an alternative thatj desc;rigeqflil
vahigslisvyamireda BRI 18S RISt heSesls SrRh AN SHEXA SHTHRMMAYH s n
expORRAP LRI bR sBIR Gl AR I XGMANG Bobi i eliscarielatical Yatues are
technigues employ such granularity, The decoder may emplay, for st
desieas o foneaminisre- UG ERIe CF AREAER BT KHa e e v
casPBIRIRInG: Ahlimars By andieduRbey oRs@tinnsHierdesairaiation grebtened by
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Omlﬁt%ﬂ‘léﬁ!%b%%%r@&%#ﬁ?%ﬁ%ﬂ%ﬁﬁ?&ﬁﬁg&%ﬁ%%ggr}é/ Chertimed
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Aliqmabiychy ganaddiionidicratiab RRIME S5TAFS ﬁg&ﬂﬁgﬂwﬂﬁﬁy\%\%e%mp oyed by
senéﬁﬁgyﬁa@@kéﬂﬁ?i@?@?ﬁfé&%@%ﬂn@ﬁr@é@ﬂ%@pﬁwﬁwf below)) and a
ine time resolution (block rate) (Technique 3). It will also b%é%%preciated
thatVibatheresidpriaiadrieanatithg SARLey %ﬁé&?\% < B

ﬁa@'&ﬂﬁﬁ,f}mﬂ SIRIVES Rl ShanRskidim ahseheniase angidakiim Adrame.
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Linearglaspetetioprarasdimsmasisceapiones G fhpgear interpolation

a"“’aﬁ%%?%g thajihgfesulingabsolute phase angle of the recovered
channeln

eed not match that of the original channel when signal

conthtio nsi@@%ﬁnplﬂlmft%@fmrﬁﬁ @P@%ﬁ‘}fﬁh@@%@ﬁ?@ yreentgB gpploys
pro&%%%{g%%%% Btk ASREslR %Egl‘érﬂéﬁts%fr%é%%ﬁige F-p%@e@g@@ Rlgpdfand are

extre ses when the Decorrelation 25 actor causes,the

fimbtighelly delpted of nantiswhfaal. phiibenghithecapriisg aptideseding steps listed

below may each be carried out by computer software instruction sequences operating in

a

the order of the below listed steps, it will be understood that equivalent or similar results

may be obtained by steps ordered in other ways, taking into account that certain guantities

are derived from earlier ones. For example, multi-threaded computer software instruction

sequences may be employed so that certain sequences of steps are carried out in parallel.
Alternatively, the described steps may be implemented as devices that perform the
described functions, the various devices having functions and functional interrelationships
as described hereinafter.
Encoding
The encoder or encoding function may collect a frame’s worth of data before it
derives sidechain information and downmixes the frame’s andio channels to a single

monophonic (mono) audio channel (in the manner of the example of FIG. 1, described
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by Technique 2 or Technique 3 overwhelms the basic phase shift caused
by Technique 1. Nevertheless, this is of no concern in that a randomized
phase shift is audibly the same as the different random phases in the
original signal that give rise to a Decorrelation Scale Factor that causes
the addition of some degree of randomized phase shifts. 30 As mentioned
above, randomized amplitude shifts may- by employed in addition to

randomized phase shifts, For example, the Adjust Amplitude Iso.be .
bS5 O A TR0 T S o B e o g erbed
beldw)n e deepvares ddeghadifobatldaaamelatiomSiateté-acderdderaallowing the

particular channel and,the recovered sidechain Transient Flaqg for th
oo o SR e Bb RN Gt AR e i, SEWe I chname!
andioddés-inasi cnarStepaotiagaosdinghe appsti¢itiorodinapidpsTzed pbadescribed as

shifts example, .in the absence of a transient, a.r ized. , . .
oL A S P N et o B o e Bty n the
nathia 45 biberbRoteiffare atdrimctiontd biok dierimthd bresginSeepfA 9, FIG. 4

transient.(in the frame or block), a randgmijze plitude shift th .
ShoQYRAE0E 8RO 6T BB S RO RN 5 Blbg g puttint
chaghakghst fiescsuithaatitopsoiiiand ¢thposiermeshiftifprabbiips ior are matrixed

subband; different from subband to subbangd). Although the . amount or
OB BT A8 R VHET A R B SR € A ey b i zpmple
of F1¥5. 1) the Decorrelation Scale Factor, it is believed that a particular scale

factgr value should cause less amplitude shift than the corresponding

ran(%fﬁﬂz‘g p&%%&“ﬁff?&%‘ﬁﬂﬁ}g from the same scale factor value in

ordey, Eeafveid auciidataldttation WhisnROMvahsieni Magmapphiddoolannel.

frame, the time resolution wjth which the  Transient Flag selects
Technﬁﬁﬁé‘ 2‘&"%‘@8&{%{?@&%&?@? %gﬁgggqi)sp% énaa_nLgblock of a frame

for hpetameital transient detector in the decoder in order to provide a
temporal resolution finergé%n [ilﬂi.frame rate or even the block rate. Such
A}

a sUbPEMERTS FFEALIRE may detect the occurrence of a
trangigatrvatbRm0 OTu: Fofitid 6 phenne bEtne kit sindicfosigmadnessivedlfayused
. the decoder and such detection information,is tg%n nt{q each .
in S S ESEE B PR ad RSB SF ALY %ﬁ?ﬁ%@%ﬁ%ﬁ&a Fppfgeoder
may FHPHOR 20-5da0 ferfiseiirpnelithaggny dishissBibgestelai i sydichie sather
from Technique 2 to Teihnique 3 upon receipt Zg}the e o,deﬁ? Ioca@i h
thagy fepa ElFeLERIPRTEAR MY BRI RAIHORAGART dhfgrmation with a
molRBIRREAlJesRIWinats Possibiervdtitoulbisiewatidgdiased spatial accuracy, may be
accomplished without increasing the sidechain bitrate by detecting the oceurrence of
transients in the mono composite signal received in the decoder.

There is one transient flag per channel per frame, which, because it is derived in
the time domain, necessarily applies to all subbands within that channel. The transient
detection may be performed in the manner similar to that employed in an AC-3 encoder
for controlling the decision of when to switch between long and short length audio
blocks, but with a higher sensitivity and with the Transient Flag True for any frame in
which the Transient Flag for a block is True (an AC-3 encoder detects transients on a
block basis). In particular, see Section 8.2.2 of the above-cited A/52A document. The
sensitivity of the transient detection described in Section 8.2.2 may be increased by
adding a sensitivity factor F to an equation set forth therein. Section 8.2.2 of the A/52A

document is set forth below, with the sensitivity factor added (Section 8.2.2 as reproduced



sidechain bitrate, albeit with decreased spatial accuracy (the encoder
detects transients in each input channel prior to their downmixing,
whereas, detection in the decoder is done 25 after downmixing). As an
alternative to sending sidechain information on a frame-by-fi-ame basis,
sidechain information may be updated every block, at least for highly
dynamic signals. As mentioned ab'o%/%‘, updating the Transient Flag and/or

beldheidriafpoledianimiagevary thiaek/ xS oo ly asnrilibrieasailct form I
i&;ch in data gverhead. |n order to accomplish 30 such an increase in
1R b

FdSpiut Sher BrRepSTRSA Ot SSbstaftaflyas
corarRpgiBgdNRsidechadlatarptsidhlonkloaiingraaint diferentiahcnlding of

rrangement may be used, For example, consecutive transform blocks
0.2 %@ BB S SHHANSRLUGARIR Brrstisak SBodiReRipaseerial the
predafoimadignomay be sent for each subband-channel in the first block. In
subsequent blocks, only differential values may be sent, each the

the fi
TR B LS FAEHIER SIS SOR S RSB PSYG0. Patent
5,3RI0473aleq} Malkiapitiosa T PEM QischiQRiclibis KPRt B REYAPYY A8 ument

rate for static, 5 signals, such as a pitch pipe note. For more dynamic
tran%ﬁ‘?‘fd%}e&tﬁf:éﬁt%'fe?é‘?fg‘%e@fﬂdifference values is required; but at less

pre%@mﬁ&ﬂw&a%gﬁ%ﬁaﬁémwiﬁ@rﬁ%'@wm,%&}3@9%%dﬂﬁéémer

be sent first, using, for example, 3 bits, then differential values are
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omiBVE RAPWRIEIMEASE sﬁ@ﬁ&%‘i@iﬁ%@{@ f?é’qﬁ@ﬁ%'} adReer & e BHIthELw.
reduction may be obtained gﬁﬂ'lg omitting the sidechain data for a

refertsitdChaiedemaatd -dan'be derived from the other channels), as
diseugRashaGRE NI AN af R OKEMP Cr AR BSUCHASRG dow and convert

Alternatively ar in addition, differential coding across frequency may be

theghiperaaley feavang, Yahesarand iy énpleams e barma didle or
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basis or more 15 frequently, it may be useful'to interpolate sidechain
valbEEERHGES HEANsERY IRRHhsemplR S0 lalioTRb LNl foey be
maBHRIRY 8HdAIBR %gf&%@ﬁﬁﬁ&ﬁd&ﬂ%?ﬁﬁﬂ&éﬂ? L@fﬁ?]eﬁ%ﬂﬁ%ﬁﬁ@?y’ as
described below. One suitable implenjentation of aspects of the present
invenReBifiisys spHsERSERRY Gtepshor devices that implement the

respestidiePEOGResing, Stgps and are

Comments regarding Step 403:

Some of the following Steps use or may use, as an alternative, the energy of a bin,
defined as the above magnitude squared (i.e., energy = (a” + b).

Step 404. Calculate Subband Energy.

a. Calculate the subband energy per block by adding bin energy values within
each subband (a summation across frequency).

b. Calculate the subband energy per frame by averaging or accumulating the
energy in all the blocks in a frame (an averaging / accumulation across time).

¢. If the coupling frequency of the encoder is below about 1000 Hz, apply the
subband frame-averaged or frame-accumulated energy to a time smoother that operates
on all subbands below that frequency and above the coupling frequency.

Comments regarding Step 404c¢:



20 functionally related as next set forth. Although the encoding and
decoding steps listed below may each be carried out by computer
software instruction sequences operating in the order of the below listed
steps, it will be understood that equivalent or similar results may be
obtained by steps ordered in other ways, taking into account that certain
qguantities are derived from earfiéones. For example, multi-threaded

CompHesSRINAE (HBIMGHE RS JRAHERERDINRY: B8 1BV RIeYEEHS9 §tl%ands may

certain sequences of steps are carried out in parallel. Alternatively,
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boufl@asEd et inBionsthevay flﬁ\fg%s%ﬁ%l/g@e g%ﬁﬁ'&% OGN From the
mterrelatlonshl s as described hereinafter. Encoding 30 The encoder or
lowgs{dBemgen msalﬂ&ﬁa@@b@dﬁﬁf@rmmf&@ﬁ@wm&em the

single monophonic (mono) audio channel {in the manner of the example

the e enqohass aHeet i rocassiab)ico Pt atiheeshraaly grditde. A
suitheRRsRearaPRle RIS ﬁ%qtggﬁ &1 g N&IRMAL, {R91ROsubband is a

sidechain information may be sent first to a decoder, allowing the decoder

singlg Biyihsubbapr iR ritarRapdn) shascbe inbe graga e b Ofprlliseconds,
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steps ") may be described as 5 follows. With respect to encoding step

subbans eRearmpaisias #baE W OCH s thedlimatopassnnt Ay irfiRwah a0t

mil Bt BRElenALRIpgK diagram. Through Step 419, FIG. 4 shows encoding
steps for one channel. Steps 420 and 421 apply to all of the multiple

chahibighat Bre-esdsbimacbarvtiiadicothpssiasthorvasidesl buepsinge
smBdPAEMEE IQaRRE IR evide.mylliple,GRBRDRS, @R deRarRed sl in

connection with the example 10 of FIG. 6. Step 401. Detect Trarisients a.
respoapfoit ! fransianit stk aioroofiage samtbaruesyiban M@mi&gldﬂ@&ihmrwfdhe

if t
ana %ﬁaﬁrﬁ:s oRe-GitJiaRNeRLERRd He i sa%&%egg ggaatoggé%ﬂfdg 9By Blac &{mr

for the channel. 15 Comments regar he Transien

worHfa fostfadysbrgoHTs eheshiaborabinforlnddercatinds afsenueaedy and may also
be variable in response to transients. Alternatively, such smoothing may be applied in
Step 412.

Step 405. Calculate Sum of Bin Magnitades.

sm@ﬁﬁﬁ@%ﬂ%@@gﬁﬁ%gﬁ%ﬂﬁﬂmmgﬁim REBAUAR GRAIEISHRAd in which

a. Calculate the sum per block of the bin magnitudes (Step 403) of each subband
(a summation across frequency).

b. Calculate the sum per frame of the bin magnitudes of each subband by
averaging or accurnulating the magnitudes of Step 405a across the blocks in a frame (an
averaging / accumulation across time). These sums are used to calculate an Interchannel
Angle Consistency Factor in Step 410 below.

¢. If the coupling frequency of the encoder is below about 1000 Hz, apply the
subband frame-averaged or frame-accumutated magnitudes to a time smoother that
operates on all subbands below that frequency and above the coupling frequency.

Comments regarding Step 405¢: See comments regarding step 404¢ except that
in the case of Step 405¢, the time smoothing may alternatively be performed as part of
Step 410.

Step 406. Calculate Relative Interchannel Bin Phase Angle.
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in Step 411, as described below. Transient resolution finer than block rate
in the decoder may improve decoder performance. Although, as
discussed above, a block-rate rather than a frame-rate Transient Flag
may form a portion of the sidechain information with a 20 modest increase
in bitrate, a similar result, albeit with decreased spatial accuracy, may be
accomplished without increasing the Riddechain bitrate by detecting the

slents in the m Slt receive
o HEP R A1 T e PR PR CROEARET B BRSIQUF NS Of each block
by sbbﬁausegtﬁexdehweml anghediise:gabmine neneslsanitiyngﬁﬁmgleadif a reference
nds within that channel. ansient 25 detection m

chargiel SRR AR LM o BT S0y S0 IRCh a5t ACe PP
subteanticalihgrthe, deeistpmaiduhefiowiktianadiwedditgne aushskdHd@agihtit the

udio, blocks, but wijth a hi ?er %?nsmwty and with the Transient Flag
Tesu t’ﬁewf’cg ef f#‘t %ﬁf"% A& Prafisient Flag for a block is True (an

ACSi@wﬁfﬂeOdBtﬁm&tIamrehmma SubleakdBhise Wrdeticular, see
%tlon 8. of th ahov C|te AI52Atdocu t The ﬁt Sensnlwct:y?j el
transient ¢ efeg% ocesc K a6 8P maﬁﬁ/"t‘?eell creea"’s“édrﬁ/ %Im pon
phase aﬁgmtﬁutwfdmmbﬁm ﬁﬂltattsxn set forth therein. Section 8.2.2 of the

(Sectdh BE5 o WGV oS/ IS BEFORtLD BB Gt 403

Iomaﬁaﬁba‘ﬂtems@mcmmﬂwpﬁaétreﬁg]f@ﬂftSteﬂi BOter rather than
"form L ége ubli h A/52 document; tion 8,2.2 was cqrre
the calles S SSUSITS MBI ICRBI0 eR 4 LA L pBfnd
0.2shambxtion fevww ﬁ)ehem@,t)ttable value in a practical embodlment of
aspects, of the resen invention éer ativel |Iar
CetoctbATEBRA LR T2 U 107 & B Srp RS SRR tvo bns and
em@lmyﬁdh%bmma& paiempitescifaesfispedtant the W&d@mmenmplex
trans en g J@ i} ﬁreater detail. As Esf ther alternative, transients may
c? &4, quéﬁBgFégﬁ?élﬁ |3 H&t than in the time domain (see
the Co;mmeﬂ@émﬁtmﬂ@&hwtﬁhqieemm;ﬂ@i mayble semfbedahd
an alternagiv nc mal as descnbed below.
SR GG BN BB B DG B e
sara&meﬁtbta@ottmawmﬁﬁw)and convert
d. If the couplmg frequency 'of the encoder is below about 1000 Hz, apply the
subband frame-averaged or frame-accumulated complex value to a time smoother
that operates on all subbands below that frequency and above the coupling
frequency. |
Comments regarding Step 407d: See comments regarding Step 404c except
that in the case of Step 4074, the time smoothing may alternatively be performed
as part of Steps 407¢ or 410,
e. Compute the magnitude of the complex result of Step 407d as per Step 403.
Comment regarding Step 407e: This magnitude is nsed in Step 410a below.
In the simiple example given in Step 407b, the magnitude of 3 + j3 is square root
(9 +9)=4.24.
f. Compute the angle of the complex result as per Step 403.
Comments regarding Step 407f: In the simple example given in Step 407b,
the angle of 3 +j3 is arctan (3/3) = 45 degrees = n/4 radians. This subband angle



them to complex frequency values via a DFT as implemented by an FFT.
Step 403. Convert Complex Values to Magnitude and Angle. Convert
each frequency-domain complex transform bin value (a +jh) to a
magnitude and angle representation using standard complex
manipulations: a. Magnitude = square root (a2 + b2) b. Angle = arctan (b /
a) Comments regarding Step 403: Sohhe of the following Steps use or

may. use n alternative, il sl ingd asathe. ¥E Step 414
mad‘ﬁi%llﬁlmglch?e fed él%; ,Mgr}]e;%gi/sz g%y (E{)@Z?%tgggzm Calcylaf&epgubban% )
Enetggeac@tddhiatahandunelnContrd P pamsiesidy Qainigiomretieny oS
vallf:(%s vg hiH b%?Ch subband (a summation across frequency). b.

caldiiidthe WiBband energy per frame by averaging or accumulating the

enefgprval theabudite Bin fpectr @S teashagridiagtBumulation across
time). c. If the couplin SRNGRNEL I8 REIOW: ahOHERQT blEs 1 as
appelé%gacélu% naﬁ@ Pagarﬁée%%%{ggg%?ame-accumulated energ%gto a
follire: smoother that operates on all subbands below that frequency and

above the coypyng IageNR:GREPPASRGALnD.RIAReSS g 4Bime

smoothing fo provitie inter-frame smoothing in low frequency subbands
may be usdfuL éhypreamimespoidiagititesmitg cnd s Ay bosEween

bin values at subband i8S, | @yﬁ% HEGIH HRERRVR / x0)’;
progressiveﬁyfgé{&%gﬁh?g#{n%ﬁir%%g from the lowest fr((a%uenc)y )

subband entdihpdssing andiatoBenRy couitinarpliednEyctaria & am) s
smoothing m?ﬁ%aife a_sl niﬁfe%”%}%@ﬁ%&&ﬂﬁf@ﬂﬂﬁe@s@@ﬁfrmeﬂUenCy
i ing'e

subband inW & tiM&°smoo ect Is measurable, but inaudible,
althapghn iratyguoidies Atguidie time constant for the lowest frequency

L

(e. Eregerssivaipfiireasingitime smdthieg nvey dontindip ShestighSfeadiness
FagBR 10MATGOGon A 0Gy S CHEJEAAE fme constant may e

Spectral Steadiness may also be taken as an indicator of whether a transient is
present. A transient may cause a sudden rise and fall in spectral (bin) amplitude overa
time period of one or more blocks, depending on its position with regard to blocks and
their boundaries. Consequently, a change in the Bin Spectral-Steadiness Factor from a
high value to a low value over a small number of blocks may be taken as an indication of
the presence of a transient in the block or blocks having the lower value. A further
confirmation of the presence of a transient, or an alternative to employing the Bin
Spectral-Steadiness factor, is to observe‘: the phase angles of bins within the block (for
example, at the phase angle output of Step 403). Because a transient is likely to occupy a
single temporal position within a block and have the dominant energy in the block, the
existence and position of a transient may be indicated by a substantially uniform delay in
phase from bin to bin in the block — namely, a substantially linear ramp of phase angles as
a function of frequency. Yet a further confirmation or alternative is to observe the bin
amplitudes over a small number of blocks (for example, at the magnitude output of Step
403), namely by looking directly for a sudden rise and fall of spectral level.

Alternatively, Step 408 may look at three consecutive blocks instead of one block.

If the coupling frequency of the encoder is below about 1000 Hz, Step 408 may look at
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Although a first-order smoother is suitable, the smoother may be a
two-stage smoother that has a variable time constant that shortens its
attack and decay time in response to a transient (such a two-stage
smoother may be a digital equivalent of the analog two-stage smoothers
described in U.S. Patents 3,846,719 and 4,922,535. In other words, the
steady-state time constant may be s8aled according to frequency and may

iable i t ' A ' ing .
mord i YonXB BRI ITERUINS T HEHREEN A BN SHER S K i
considaficul ateryheitu fegeetsip ekobf tthe thinnmedeit grieb S nacayef adble
t} I T
A S e S R
fronpmagritidesrot Slepky (sadgtadsmihbaiookicit, afrmstal ¢aeribsd rapngd

deteﬁﬁfﬁ%alﬂ%%pa&g{%émat J&g&&%@ﬁgrﬁyﬁﬁﬂlﬁ%ﬁm&% eful for

Interchannel Angle Consistency Factor in Step 410 below. c. It the
detegbuglirRptieefisency of the encoder is below about 1000 Hz, apply the

SubRan i ABEAAURIAGH B’iﬁmféﬁ@g&%‘é%?ﬁ%Qdﬁ?s%%‘g?ﬁi}&ﬁagmﬁ]des.
smoother that operates on all subbands below that frequency and above

theABHpliAdmisn eHeyatumientionanmpt e s decisimiidatscting
tech QX AGSIPHEPEE68 AR IR LA %ﬁg\%lgtg%é Q9g, the time

smoothing may alternatively be performed as part of Step 410. Step 406.
CafttsinédReGvapnte Sbbared BpecinakStradincsgBadaiulate the

relgtiye inter | | in of
A L O ko 1 by
forminge ferenuditvdanmelglitadarsnaptcotithe i ShaptmeSteadinestFastowitithin each
itions: or ti rein, is taken modulo (it, -it)
Subb%g%r%g lfgxé/etad inag&gﬁslﬁu%ggglér?ag %ﬁﬁ‘rﬁ% the 5 result is within the desired
rargyd of aaah bing. @legato thequivivetof theBimnetisusiisadimsagactor of Step

zﬁ)%g,{ﬁdﬁﬂé g&c%&%%%&%ﬂq a frame-rate amplitude-weighted

average Interc ase angle for each subband as follows:
b. Sum the products within each subband (a summation across frequency).

c. Average or accurnulate the summation of Step 409b in all the blocks in a frame
(an averaging / accumulation across time).

d. If the coupling frequency of the encoder is below about 1000 Hz, apply the
subband frame-averaged or frame-accumulated summation to a time smoother that
operates on all subbands below that frequency and above the coupling frequency.

Comments regarding Step 409d: See comments regarding Step 404¢ except that
in the case of Step 4094, there is no suitable subsequent step in which the time
smoothing may alternatively be performed.

e. Divide the results of Step 409¢ or Step 409d, as appropriate, by the sum of the
bin magnitudes (Step 403) within the subband.

Comment regarding Step 409¢: The multiplication by the magnitude in Step
409 and—' the division 'by the sum of the magnitudes in Step 409¢ provide amplitude
weighting, The output of Step 408 is independent of absolute amplitude and, if not
amplitude weighted, may cause the output or Step 409 to be controlled by very small
amplitudes, which is undesirable.

f. Scale the result to obtain the Subband Spectral-Steadiness Factor by mapping



a. For each bin, construct a complex number from the magnitude of Step
403 10 and the relative interchannel bin phase angle of Step 406. b. Add
the constructed complex numbers of Step 407a across each subband (a
summation across frequency). Comment regarding Step 407b: For
example, if a subband has two bins and one of the bins has a complex
value of 1 +j 1 and the other bin haé%@éomplex 15 value of 2 +j2, their
the z@ﬁgaoﬁ@fb xﬁ%l&B}*tbﬁ{@.-..%}(ﬂ%ﬂﬁ;@dyﬂ@@f%@ﬁﬁﬁﬁt i% aﬁ:@@g&&lg 2,
number sum for each subband of Step across the blocks of eac
subtfagiigdn %‘inﬁé@iﬁﬁlgrreé i %H%?P&FB@SY%.‘H%Q}‘ the coupling

freqgensinebineeensanny Sidelnwanub 1000 Hay 2rnidhe i8Q; Bat
o OB PG G SRS DO AR ERy At Db e

COU@W&MW@W@{% maﬁag@@p 407d: See comments

crmo b R s AR BUCpoTas e e bPeiee qFadgies in
speciDcemposiioiae tnagint debhildercaropien e Aicoh2ed v Aiigeas BEan
o R SR R R S e NSRS = et 0
02/0877§B i8 salesienndty (Be DatedsdRs) GambetamipRanvte aidherompales]
e 051 AR A0 COMMenl eneing B AT DIC P 1 0
U.S degeees pplidatasiasl. Thid Ri5banGlehtlevdibis 3lpasieperdentiyd States'
R S A A ST A P e
thesd@saibochtrel applftepAQShEalspiatedBiro SpectrakGiesdinERS tactitiont of
cact{ 20 SRR R MRS PR SATREL:Psadines Fadtor i e o o',
example). Then the magnitudes of corresponding bins (in dB) in consecutive blocks are
subtracted (ignoring signs), the differences between bins are summed, and, if the sum
exceeds a threshold, the block boundary is considered to be an auditory event boundary.
Alterpatively, changes in amplitude from block to block may  also be considered along
with spectral magnitude changes (by looking at the amount of normalization required).

If aspects of the incorporated event-sensing applications are employed to measure

spectral steadiness, normalization may not be required and the changes in spectral
magnitude (changes in amplitude would not be measured if normalization is omitted)
preferably are considered on a subband basis. Instead of performing Step 408 as
indicated above, the decibel differences in spectral magnitude between corresponding bins
in each subband may be summed in accordance with the teachings of said applications.
Then, each of those sums, representing the degree of spectral change from block to block
may be scaled so that the result is a spectral steadiness factor having a range from 0 to 1,
wherein a value of 1 indicates the highest steadiness, a change of 0 dB from block to
block for a given bin. A value of 0, indicating the lowest steadiness, may be assigned to

decibel] changes equal to or greater than a suitable amount, such as 12 dB,



follows: a. Let xm = bin magnitude of present block calculated in Step 403.
b. Let ym = corresponding bin magnitude of previous block. c. If xm > ym,
then Bin Dynamic Amplitude Factor = (ym/xm)2; 10 d. Else if ym > xm,
then Bin Dynamic Amplitude Factor = (xm/ym)2, e. Else if ym = xm, then
Bin Spectral-Steadiness Factor = 1. Comment regarding Step 408:
"Spectral steadiness" is a measutéd of the extent to which spectral

for %@ﬁg@aeméséwu@%ﬁal ficiegs, ampin m@ts@lﬁgﬁ%%?éfc%%@ﬁ%ﬁw in

in Spectral-Steadiness 15 Factor of 1 indicates no chahge over a’give
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fall in spectral (bin) amplitude over a time period of ohe o e
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FacfoPBEEYLY niaghangsdnibe RinSRertakhSieadinasehaegyr J{%{@ﬁ%@fme

high value to a low value over a small number of blocks may be

ranggPinbadsiuesd preSienctBriatiankiettansivatimsokher dologksidvinge
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an alternative to employing the Bin Spectral-Steadiness factor, Is to
exagpderfeltHadraiaspehstat Bl omtrinh rstpisirgser example, at the

phaseaindie QRM ALSIRRH0SHIR H&sm@ﬁﬁ%%gg fsaﬁﬁﬁjﬁﬁ?d%&&' Step

25 single temporal position within a block and have the domihant energy

408 pnghesblierRisthideserabeeridterat yosithppot( wasks ishermaifsberindicated:inble
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namely, a substantially linear ramp of phase angles as a ftinction o
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increases as the
- Alternatively, a randomness metric may be employed (for example, as described

in U.S. Patent Re 36,714 instead of a measure of spectral-steadiness over time.
Step 410. Calculate Interchannel Angle Consistency Factor.
For each subband having more than one bin, calculate a frame-rate Interchannel
Angle Consistency Factor as follows:

a. Divide the magnitude of the complex sum of Step 407e by the sum of the
magnitudes of Step 405. The resulting "raw" Angle Consistency Factor is a
number in the range of 0 to 1.

b. Calculate a correction factor: let n = the number of values across the
subband contributing to the two quantities in the above step (in other words, "n"
is the number of bins in the subband). If n is less than 2, let the Angle
Consistency Factor be 1 and go to Steps 411 and 413.

¢. Letr=Expected Random Variation = 1 /n. Subtract r from the result of
the Step 410b.
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subband frequency range decreases. If the Bin Spectral-Steadiness
Factor is obtained from more than one block, the detection of a transient,
as just described, may be 5 determined by separate steps that respond
only to the number of blocks useful for detecting transients. As a further
alternative, bin energies may be used instead of bin magnitudes. As yet a
further alternative, Step 408 may emplgy_an "event decision" detecting
technique as described below in the comments foJIowing Step 409. 10

Step 408 Boslins Sindiarl Speen 4l dedyhuding tdl THmpltresult has 2
framgrigigonaRRG S pe Clialitiessinessnagiican 0 Soadedatao 1 by

forming an amplitude-weighted average of the Bin Spectral-Steadiness

FacthomansdesatdutanteB S the blocks in a frame as follows: a.

F]?rS %E%ﬂ%@f@bﬁsm@ﬂuﬁpﬁ m@fagm&g(%maﬁgﬁaﬂﬁn@%&%aﬁmel
(0] te N the bin agnitude o te_p R OR umt e pro ucts
Phaseane &ff‘sﬂ{bﬁgﬂhaiﬁb&ﬁ%ﬁ%ﬁ ereeLFrRh @R b Mferchpnps! ansles of

theag®ibandaie the simemplignteichian< 0diyis el dbribieKsaticr KR WBbreas, if

averaging / accymulation acrgss time). d. If the coupling frequency of the

thedptesahanag) apgles AEs ePHeB Y AR pisHEe S5 Le BRI & Rreraged
or grgm%%?%ﬁwm@mmmaﬁcy?@MMﬁmmﬁm&aﬁmgﬁm e
subbands_below that requer)cy and, a ovet e cqQu ing requency.
bett?swfm&%%:ﬁg%es% YR logmbemit lﬁe%esmﬁhﬁe éqé%eﬂsa%afe the
cha®Xept Hpiginvillecasecated iemdaPiniberaisape filiable sidepegdantoteher

. in.which the time smoothing may alternatively be performed. 25 e. Divide
sighial GRUBRLEEFYSp 409¢ or Step 409d, as appropriate, by the sum of the

bin magintblast¢deai4ha SoibiadrengubbsndistepsyPantbicaridith atemgle
AT T TR
all vieightiegaddigpaHineiBpRIEP AR ihindeacncanihé aksoliialaBliyde same
e TP s i e e QUL 1S 4 o
intdRSialiie] QR Bhe soubbaadapeelnnk Steaslinesalractaudbyaaniiigvectors
having different angles) results in at least partial cancellation, so the magnitude of the
sum is less than the sum of the magnitudes, and the quotient is less than 1.

Following is a simple example of a subband having two bins:

Suppose that the two complex bin values are (3 + j4) and (6 + j8). (Same angle
each case: angle = arctan (imag/real}, so anglel = arctan (4/3) and angle2 = arctan (8/6) =
arctan (4/3)). Adding complex values, sum = (9 + j12), magnitude of which is
square root (81+144)=15.

The sum of the magnitudes is magnitude of (3 + j4ytmagnitude of (6 +j8) =5+
10 = 15. The quotient is therefore 15/15 = 1 = consistency (before 1/n normalization,
would also be 1 after normalization) (Normalized consistency = (1 - 0.5}/ (1 - 0.5)=1.0).

If one of the above bins has a different angle, say that the second one has complex
value (6 —j 8), which has the same magnitude, 10. The complex sum is now (9 - j4),
which has magnitude of square_root (81 + 16) = 9.85, so the quotient is 9.85/ 15 =0.66 =
consistency (before normalization). To normalize, subtract 1/n= 1/2, and divide by (1~
1/n) (normalized consistency = (0.66 - 0.5) / (1 - 0.5) =0.32.)
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-33- the range from {0.5...1 } to {0...1 {. This may be done by multiplying

the result by 2, subtracting 1, and limiting results less than 0 to a value of

0. Comment regarding Step 409f: Step 409f may be useful in assuring that

a channel of noise results in a Subband Spectral-Steadiness Factor of

zero. Comments regarding Steps 408 and 409: The goal of Steps 408

and 409 is to measure spectral steadifiess - changes in spectral

co Siti ver.time in a nd of ti aspects. of
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may A P BARS g B AR Gl 30 SUTBMAER ” rhis oy b
accaigpishdtdyliffmmneethbetamdtnGoms synddidufored] istippligrhto Steps 4035
and & eeds a threshold, the block boundary is considered to be an auditory
event boundary. Alternatively, changes in amplitude from block to block

mafiasd bk Mﬁdéﬁﬂnﬂ@wﬁﬁs@@%m&gﬁﬁuﬂ&changes (by
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loogng At the, amodntel nar %{%ﬁ%%%%%erd%of%

incorporated event-sensing applications are employed to measure

spectral $tefadinfssnaorn Sixatioh SheadinothEacquirt8tamd@8é changes
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Insteaa.cfjpay thafiag Stee 508 mmd Mtioaet:tbo\Seath & adoibel(l - x) * (1 ~v),

d'ffeﬁ?&‘c%%r'ﬁ %%ggﬁla[plgqr.utude between corresponding bins in each

subban mayebe summed Ih accordance with the teachings of said
apliontimesis FhgadinglSoftide sums, representing the degree of

A S D A O s o
signdl iclticatizsishiesnybetitsi dadinedssl offanhefe (B BprvisiddkcadibkasikF actor)
and [ 3 SO Al S O RSIF R ARG YRR RIS MY o
corresponding bins of a reference channel (the Interchannel Angle Consistency Factor).
The Subband Decorrelation Scale Factor is high only if both the Spectral-Steadiness
Factor and the Interchannel Angle Consistency Factor are Iow.

As explained above, the Decorrelation Scale Factor controls the degree of
envelope decorrelation provided in the decoder, Signals that exhibit spectral steadiness
over time preferably should not be decorrelated by altering theﬁ envelopes, regardless of
what is happening in other channels, as it may result in audible artifacts, namely wavering
or warbling of the signal.

Step 412. Derive Subband Amplitude Scale Factors.

From the subband frame energy values of Step 404 and from the subband frame
energy values of all other channels (as may be obtained by a step corresponding to Step
404 or an equivalent thereof), derive frame-rate Subband Amplitude Scale Factors as

follows:
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decibel changes equal to or greater than a suitable amount, such as 12
dB, -34- for example. These results, a Bin Spectral-Steadiness Factor,
may be used by Step 409 in the same manner that Step 409 uses the
results of Step 408 as described above. When Step 409 receives a Bin
Spectral-Steadiness Factor obtained by employing the just- described
alternative event decision sensing techhique, the Subband

Spectral-Steadiness r alspaheeueeshas Pihjidlisadanels.
ofa%eﬁ]ogig%%ﬁgg%(nagﬁ%g@ %?l%r%%?gﬁg%%élues produced b Stig%gOQ )
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[ %?Egﬁr}ﬁﬁ gg%%%?\%ﬁa?ls%% tral unstealgliness. I wiII%% appreciated that the
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identifi s an event, Alt i "IQ'E%W@ mt@z, apply the
empﬁiﬁf&ﬁﬁé‘? exan %qg%%i%ﬁ%fgﬁ%% Patent Re 36,714 ins eEng of
sulsbmgbBunecafspadasivatiremyouiedraasnibylen v e ppoother that

Interchannel Angle, Consi ] E Qéﬂi@t&tﬂcg] ReqIES;.
OPHRE So%%%ﬁ?,‘%g%tﬁ%téi §{$rta&r%g)§§(?§ﬁ%grgﬁh%%%8el Angle _ohr]g/stegg @
Factalasiativs/segmDivig Step ﬂ&mﬁ%&m@l&%ﬁ%&%ﬁ#%’r%&%ﬁ“wﬁ that

. 407e by the sun,of t It f diBs resHitinoheum thing
1 ﬁ}?gcfg%ggglts %%?/%El%ﬁgsq{g %%%%r%ltﬁtﬁgﬁ?aﬁrﬁgte (ﬁ;f Oto 1. b. Calcglzjl'tléoO

m@@@féﬁﬁiﬁmﬂgb@pﬁ@mdhe number of values across the subband

contriQuting to, the t piities in the above step (in other words, "n" is
the n§ re(')lft%?r%\%%ﬁé&%ubband). If nis less than 2, let the Angle
Although the granularity (resolution) and quantization precision indicated here

have been found to be useful, they are not critical and qther values may provide
acceptable resulis.

Alternatively, one may use amplitude instead of energy to generate the Subband
Amplitude Scale Factors. If using amplitude, one would use dB=20%log(amplitude ratio),
else if using energy, one converts to dB via dB=10*log(energy ratio), where amplitude
ratio = square root (energy ratio).

Step 413. Signal-Dependently Time Smooth Interchannel Subband Phase
Angles. |

Apply signal-dependent temporal smoothing to subband frame-rate interchannel
angles derived in Step 4071

a. Let v = Subband Speciral-Steadiness Factor of Step 409d.
b. Let w = corresponding Angle Consistency Factor of Step 410e.
c. Let x = (1 —v) * w. This is a value between 0 and 1, which is high if the

Spectral-Steadiness Factor is low and the Angle Consistency Factor is high.
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Consistency Factor be 1 and go to Steps 411 and 413. c. Let r = Expected
Random Variation = 1 In. Subtract r from the result of the Step 410b. -35-

d. Normalize the result of Step 41 Oc by dividing by (I - r). The result has a
maximum value of 1. Limit the minimum value to 0 as necessary.

Comments regarding Step 410: Interchannel Angle Consistency is a
measure of how similar the interchard®t 5 phase angles are within a

subband pyer a frame gig%hlﬁﬁg IR nSiehanRsd Pﬁt&kﬁ%ﬁﬁ%ﬁﬁﬁb@@@@
are thér}igr%%,( the In’f’elyéﬁan el Angle Consistency Factor is 1.0; whereas,

if tiizisisteianbfettanisiéerare randomly scattered, the value approaches
zero. The gubband Apgle.Copsistengyhactanledisalesdithere isid also in the

phantori image “betiveen the channels. If the consisfency is low, then it is
desirageabiechr eiatkenied o dncRrEMBANS IS iFlavAiEacL Anstapt:

image. lon s ndenendens of gihee sianakiGhacacieristics; It wil
be notefl'd t at%t e S%%%aﬁhqgggng%ecﬁf-sistency Factor, although an angle
paranmetepoisiigtéorifstiimsicansanbin WerRsagiR Rt s AnFHENT

ntercharPELATHIER 218 AR GIe GOmBS PR RRdhermis
agnitude yields

taking the'm the same 15 result as taking all the

magaitsaselamd dfhg freste SonistepptiBretiy 1s Mehdarkérehtherenele

angles are scattered cigw ﬁge complex values (such as adding vectors
hav%ﬁ%nsoliﬁglr]g{t%r% g% resgt ' in at least partial cancellation, so the

magnitidbiofithebplim & sty the(sarin thendaghudes, and the
quotient ig less.than 1, Following. i Implerexal Qf BusuhibansineMinging
two bin%:%ogz%%s%l?gg% ﬁ]%ﬁ%%oﬁgsr?]ég;ex bin va uese are (3 +j4) and EG

+i8)sitBathedavalie ehiglcassindaigiedForressh fbkaed At angleos Step 4071
arctan,(4(3) and gﬁg{%ﬁﬁ(ﬁéﬁ%@@ﬁm&f GLAT (N AR NewR SA
J u

Va|uaé'§1, sum = fg , magnitude of which is square_root(81+144) = .
15. Ehkesuew ofalne ofi dgnitunkésgismrnihed dechs, (enjiNawhsrin B 3 B2+ A
j8) =5 +.2510 = 15 The quatient is t [ =\ GO0RISIEREY
(befgre— T)hsﬁﬁ?rxgﬁlzea%%ﬁs%vguﬁ%ag JE%@% ?eéﬂfa)ﬁgalization _
(Noprakzsihg dnsiléneing (lock. SY#¢IRINSS the ggnal-dependently time-
smoothed angle output of Step 413,
Comments regarding Step 413:

When a transient is detected, the subband angle update time constant is set to 0,

allowing a rapid subband angle change. This is desirable becanse it allows the normal
angle update mechanism to use a range of relatively slow time constants, minimizing
image ‘wandéﬁﬂ.g duﬁng static or quasi-static signals, yet fast-changing signals are treated

with fast time constants,

Although other smoothing techniques and parameters may be usable, a first-order

smoother implementing Step 413 has been found to be suitable. If implemented as a first-
order smoother / lowpass filter, the variable “z” corresponds to the feed-forward
coefficient (sometimes denoted “ff0”), while “(1-z)” corresponds to the feedback

coefficient (sometimes denoted “fb1).

Step 414. Quantize Smoothed Interchannel Subband Phase Angles.
Quantize the time-smoothed subband interchanne! angles derived in Step 413i to

obtain the Subband Angle Control Parameter:

a. If the value is less than 0, add 2, so that all angle values to be quantized are
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If one of the above bins has a different angle, say that the second one has
complex value (6 -j 8), which has the same magnitude, 10. The complex

sum is now (9 - j4), which has magnitude of square root (81 + 16) = 9.85,

so the quotient is 9.85/ 15 = 0.66 = 30 consistency (before normalization).

To normalize, subtract 1/n = 1/2, and divide by (1- 1/n) (normalized
consistency = (0.66 - 0.5) / (1 - 0.5) z4»32.) -36- Although the
above-described technique for determining a Subband Angle Consistency
FacitrthadaB8e R #837 useful, its use is not critical. Other suitable
techniguepimay BeRspIgnaahoLEP RRSIORAC HHEE MY BIER: / 64 radians,

standayd deviation of angles using _standargxformulae. In any case, itis _.
desfABIEPHIE HABYLASHTIURPIEISIHRRE 16 G thaldife COBRSRRRNINE to
signglsipmifrgicairidated consistency value. In addition, an alternative
derivation of the Subband Angle Consistency Factor may use energy (the

squirBBIeREs ﬁf&é‘ﬁﬂﬁtﬁgﬁﬂs’q{éﬁd of magnitude. This may be

accaraplishad 2y sauw v erdacinaoniiuaadmve ireded Ledaraallyisvay to
applied to Steps 405 and 407. 10 Step 41]. Derive Subband ]
quaplizs iA9 ARsIF St dmendtde TRGNESHIR LR SRS R Qadfh2m if less

thafr actahltaieaehsubansl@sdolamis2 R, bellX byfengdaiRrity (resolution), and
S&ectral,—Steadine_ss, Factoy of Step,409f b. Lety = frame-r
1’01.12\

pdnisRn S ety peiapisingethet irﬁ%gpﬂ{&h%‘é@?ée gL Pe done

withgcariglatisslcdesleppeial be @ecoshiplished byl bealigbbenbatwesndT ardangle
1. Comments regarding Step 411: The Subband Decorrelation Scale

srapilary G, CRRYPEIIEE SRR SREIRIR8ES t6re agpareRt s dionthepoint

ang®Y eAdiRE ihasokbany ofier ciidonel (hehe parifal-fieadingssthaeian: idurther
the consistency in the same subbgpjg]%}a channe| of bin angles w

ith
usercSiboneh sy LAY At PBiRe Anele Groarl K BraTRiEr GRa e found
to ORBERTORERE gEMReH isThe Sibarddererglatiomicaaragiesiide
high only if both the Spectral-Steadiness Factor and the Interchannel
accepfghlectidiStency Factor are low. As explained above, the Decorrelation

Scala P41y, cQulRIESIAWEE DEBRMAlARM ARG RIRISAProvided in

the decoder. Signals that exhibit spectral steadiness
Quantize the Subband Decorrelation Scale Factors produced by Step 411 to, for

example, 8 levels (3 bits) by multiplying by 7.49 and rounding to the nearest integer.
These quantized values are part of the sidechain information.

Comments regarding Step 415:
Although such quantization of the Subband Decorrelation Scale Faciors has been

found to be useful, quantization using the example values is nof critical and other

'quantizations may provide acceptable results.

Step 416. Dequantize Subband Angle Control Parameters.

Dequantize the Subband Angle Control Parameters (see Step 414), to use prior to
downmixing. .

Conunent regarding Step 416:

Use of quantized values in the encoder helps maintain synchrony between the
encoder and the decoder.

Step 417. Distribute Frame-Rate Dequantized Subband Angle Control
Parameters Across Blocks.

In preparation for downmixing, distribute the once-per-frame dequantized
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25 over time preferably should not be decorrelated by altering their

envelopes, regardless of what is happening in other channels, as it may

result in audible artifacts, namely wavering or warbling of the signal. Step

412. Derive Subband Amplitude Scale Factors. From the subband frame

energy values of Step 404 and from the subband frame 30 energy values

of all other channels (as may be obtaified by a step corresponding to Step

04,0, eguivalent thereof), derive e-rate.Suhband lityde . Sc

s e L e D T e B i btow
withfmthe fiensss all input channels. b. Divide each subband energy value per

fra 404 m of the energy values across all input

chﬁgﬁg{%ﬁg% tgpgﬁ}‘f%%c% grtléate values in the range ofOtol. 5 c.

CorVsrsane tﬁqani@ wtal_vd@r,niwthe ssmgedtocadh Blodk Divideftanthe Attmatively,
it mf3UOLGEATMI HYepNGR MY AR Alis Bl S1AMA fcﬁﬁﬁgg%;g{)%@ the

t0 yield a non-negative value, limit to a maximum value w may or

blocksamrpfaas. (Lénsinisrpeision) ovet touneney breneeystimdhenaraeané the
linedl et Ale AL ggcl\ﬁ(,;ﬁgée&ggggg{%gw-rate Subband Amplitude

Scale Factors and are 10 conveyed as part of the sidechain information.

e. IBtep €bhipintefieejatmblock Srebbaoddbn o ElontrabBara0sery taBins
h - f - itud i
t wﬂhm&ﬁm&e&%ﬁ%ﬂ Wﬁ%ﬁ@g%ﬁgﬁ%gﬁ% NS

smoother that operates on a at and above

chargl eeopH ieetisnsarioyhias wreferiblyaginginyteptapotatvemednsmdrg below.
rega gyﬂgeﬂ@pe%%&iﬁg%g%%ﬁé 15 in the case of Step 412e, there is no :

suitable subsequent step | h the time smoothing may alternatively

be Bdinsanwdcrpolainarieress Segpanty indnplatedn8igpaHiianiyimizes phase

T e e i A e
artifaetsul & ohliénpeartidrpolationanaydes anbil adgl doinetanhlof andegsribed below
folloWilE %@e&&%r%fpotﬁagyswp 422. Subband angles are calculated independently of

one another, each representing an average across a subband. Thus, there may be a large

change from one subband to the next. If the net angle value for a subband is applied to all
bins in the subband (a “rectangular” subband distribution), the entire phase change from
one subband to a neighboring subband occurs between two bins. If there is a strong
signal component there, there may be severe, possibly audible, aliasing. Linear
interpolation, between the centers of each subband, for example, spreads the phase angle
change over all the bins in the subband, minimizing the change between any pair of bins,
so that, for example, the angle at the low end of a subband mates with the angle at the
high end of the subband below it, while maintaining the overall average the same as the
given calculated subband angle. In other words, instead of rectangular subband
distributions, the subband angle distribution may be trapezoidally shaped.

For example, suppose that the lowest coupled subband has one bin and a subband
angle of 20 degrees, the next subband has three bins and a subband angle of 40 degrees,
and the third subband has five bins and a subband angle of 100 degrees. With no
interpolation, assume that the first bin (one subband) is shifted by an angle of 20 degrees,
the next thre¢ bins (another subband) are shifted by an angle of 40 degrees and the next
five bins (a further subband) are shifted by an angle of 100 degrees. In that example,
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Amplitude Scale Factors. If using amplitude, one would use
dB=20*log(amplitude ratio), else if using energy, one converts to dB via
dB=10*log(energy ratio), where amplitude ratio = square root (energy
ratio). 25 Step 413. Signal-Dependently Time Smooth Interchannel
Subband Phase Angles. Apply signal-dependent temporal smoothing to
subband frame-rate interchannel angigs derived in Step 407f: a. Let v =
Subband Spectral-Steadiness Factor of Step 409d. 30 b. Let w = )
thegg 1 SpRNaRGARGHIEIR SRTBRE, Tom Ripdr 8 fip 21 01t ¥Rear infgrppjation, the
firsbihhigliS Askatied Betwean R andoldymieh mdigkifthens are shifted by about 30,

Spectral-Steadiness Factor js low and the Ar&glfe Consistencg Factor is
= t

40,10 S0xdeereesppd-the peytilyRHng S5bitY MU/ Fadd0 il and 133
deg@Bék Al feRNSISIERISIn T ABIIE ishiVis thel e byitRh¥RRKEAYEA Bi-to-bin

constant, which may be = 0.1. z is also in the range of 0 to 1, but skewed

chapgp s AU JdtHBEES a slow time constant. 5 If the Transient Flag

(Stepgitinaioy, tBeagbasBehispRhdeckant bedes BB HE thachasicimm with
_congtant in the presence of a_transient.q%. Compute lim, a maximum .
tﬁ:ilgﬁgfgmar

thissedvathrer Stapidsesiihpg horeinpsoh g5 SRRt A MBS b6 i&g
intdpplatere TaYhFACI M dwiigh, 1 hd) hdheHnglassonsigtensydoaatertisleends to

(0). 10 h. Ljmit z_by.lim as nec¢essary: if (z > lim) then z = lim. i. Smooth
be BV S IBBTPAPOR B S OB B SR 2 hiing
smosihied MaluepiipFala s AN RetlRToaae Bid DDA fbrf - Valede R Channel.

Step 407f and RSA = running smoothed angle value as of. the previous
Do A PRIRRESFAC EIHIAD 0 BN T K A5 Rrgle,

then: NgWRBA=RSAEIE foAthlSHh adpalhnedlie DR S8iS
subsequentlr){ set equal to NewRSA before processing the following block.
New RSALE We stgnal-dependently time- smoothed angle output of Step

413. Cammshfuted4dinySteapAidde complex phase rotation scale factor with

angle y, z = cos (y) +J sin (y).

d. Multiply the bin value (a + jb) by z.

Comments regarding Step 419:

The phase angle rotation applied in the encoder is the inverse of the angle derived
from the Subband Angle Control Parameter. -

Phase angle adjustments, as described herein, in an encoder or encoding process
prior to downmixing (Step 420) have several advantages: (1) they minimize cancellations
of the channels that are summed to a mono composite signal or matrixed to multiple
channels, (2) they minimize reliance on energy normalization (Step 421), and (3) they
precompensate the decoder inverse phase angle rotation, thereby reducing aliasing.

The phase correction factors can be applied in the encoder by subtracting each
subband phase correction value from the angles of each transform bin value in that
subband. This is equivalent to multiplying each complex bin value by a complex number
with a magnitude of 1.0 and an angle equal fo the negative of the phase correction factor.
Note that a complex number of magnitude 1, angle A is equal to cos(A)+j sin(A). This
latter quantity is calculated once for each subband of each channel, with A =-phase
correction for this subband, then multiplied by each bin complex signal value to realize

the phase shifted bin value.
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When a transient is detected, the subband angle update time constant is
setto 0, 20 allowing a rapid subband angle change. This is desirable
because it allows the normal angle update mechanism to use a range of
relatively slow time constants, minimizing image wandering during static
or quasi.'static signals, yet fast-changing signals are treated with fast time
constants. Although other smoothing 48chniques and parameters may be

usalie: SREAAL . amoolushipie BRIACSITRIAASNGS BRERIQUAdbove).

to be suitable. If implemented as a first- order smoother / lowpass filter,
Whiltecistitsieonvobeticasmenidie toetatdatspsnm apniaatneidgnds ifannyeereate
spu8899§95¥£"éomsﬂﬁéxé-@} coigsRondsiedhederubagknsRAfliRant a pitch

(sometimes denoted "fbl"). Step 414. Quantize Smoothed Interchannel

pipQ wiserd PRt ef JoroieattifcliferarPRitpanslas sifheadgfor different
subbigichaRRctanales desivediniaRddSidaveriaRdNg: SHRAINE ANGISy be

Control Parameter: a. If the value is less than 0, add 27; so that all angle

emplanpdsorie HanriantBlagenao biwmelexrg Sbolirt, Brsiamplsy weearbfe
Tra@SfRY ﬁ%ﬁi&@ﬁ%ﬁ%ﬁ!@ IEh SRYiBE R4S RAFPBRN B RRILAO YRS 4R 8bbands

integer. The maximum value may be set at 63, corresponding to 6-bit_
in aghapnebmey usetbenemaRhsgroRTRY G FA8104- SPRR 2 74HE 26 & vandeTRIzed
valijieated as a non-negative integer, so an easy way to quantize the angle
is to map it to a non-negative floating point number ((add 2n if less than 0O,
mafip hidraRgEmMIXess than) 2ac)), scale by the granularity

(reselamixapshsREBY iRIAA RIS meiptiiede % RekIBALIBIAgEross

(which could otherwise be done 10 with a simple table lookup), can be

chanpels iqinrbgaR Bear P astaherelomrdevargis tgmulinipchiersls by
matFRAVEHEhBIQRAARERTINE IHRASHIAIA RPDRGAINKE JIaatRALAHIE HMBIE:. 6, as

(again, range 0 to 2ic), after which it can be renormalized to the range +x
desggbadritedoviuse. Although such quantization of the Subband Angle Control

PargmaineRasbestuiny e Lseful, such a quantization is not critical
and other quantizations may provide 15 acceptable results.
In the encoder, once the transform bins of all the channels have been phase

shifted, the channels are sumimed, bin-by-bin, to create the mono composite andio signal.
Alternatively, the channels may be applied to a passive or active matrix that provides
either a simple summation to one channel, as in the N:1 encoding of FIG. 1, or to multiple
channels. The matrix coefficients may be real or complex (real and imaginary).

Step 421. Normalize.

To avoid cancellation of isolated bins and over-emphasis of in-phase signals,
normalize the amplitude of each bin of the mono composite channel fo have substantially
the same energy as the sum of the contributing energies, as follows:

a. Let x = the sum across channels of bin energies (i.e., the squares of the bin

magnitudes computed in Step 403).

b. Let y = energy of corresponding bin of the mono composite channel,

calculated as per Step 403.

c. Let z = scale factor = square_root (x/y). Ifx =0 theny is 0 and z is set {0

d. Limit z to a maximum value of, for example, 100. If z is initially greater

than 100 (implying strong cancellation from downmixing), add an arbitrary value,
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Step 415. Quantize Subband Decorrelation Scale Factors. Quantize the
Subband Decorrelation Scale Factors produced by Step 411 to, for
example, 8 levels (3 bits) by multiplying by 7.49 and rounding to the
nearest integer. These quantized values are part of the sidechain
information. 20 Comments regarding Step 415: Although such
guantization of the Subband Decorrelagon Scale Factors has been found
to be useful, guantization using the example values is not critical and

othePrFamt4i0d magrarevitetdze dpthskeabsnttdmaginmum garts of the mono
Deqsffgsic whhansiANgla G:eHoRAIAINRIE!S cASuBIetBEEeRAZed by the

Subband Angle Control Parameters (see Step 414), to use prior to
dowfHHRIHEE Et8Fhment regarding Step 416: Use of quantized values in the

encodeg halpsipia i@ SyNehresyRaiwe e 1Bienae et and the decoder.
30 Step 417. Distribute Frame-Rate Dequantized Subband Angle Control

Par&rABIBIEE FsansinaS R Sdparation for downmixing, distribute the
Oncﬁﬂgédwgg&i@ﬂﬁi}ﬁgsi@ﬂ§m% LloRY e Eararpetig @heoding

Step 416 across time to the subbands of each block within the frame.

anddgradiag: Fygaidmartiag shoiopnd e sHhbindmbass cerrRc{epy AuG Graasyse
oneSRGRAOsKdbIBfEame cAligEMRIYE Wit dtRAsbE e ebub s dntralalethe the

Subband Angle Control Parameter values across the blocks in a frame.

encpdediais iRt din Rhase difbieged sivptt Hsmssfosmghon a

subliRBaLAMErRRIAIPDIATASS TRHIRNGY.AS Hesprarhhe ek GeR fbBited bins in
Interpolate block Subband Angle Control Parameters tQ Bins Distribute

the gReedsEmaY BEARECAR YIS EYRtSIRhRE e AR SR EhOA S bR Hpych less
thart BRNARLBGASS GeaieRawiahinshRIRie YL LSIROFRRRNIYC TPl PR @Yy not

described below. Comment regarding Step 418:_If linear interpolation

necgsEYS G eIV R AR selalRd s astertiandariivhiin Jhe dasedet, inasmuch as isolated

bins usually have little effect on overall image quality. A similar normalization may be
applied if multiple channels rather than a mono channel are employed.

Step 422, Assemble and Pack into Bitstream(s).

The Amplitude Scale Factors, Angle Control Parameters, Decorrelation Scale
Factors, and Transient Flags side channel information for each channel, along with the
common mono composite audio or the matrixed multiple channels are multiplexed as may
be desired and packed into one or more bitstreams suitable for the storage, transmission
or storage and transmission mediom or media.

Comment regarding Step 422:

The mono composite andio or the multiple channel andio may be applied to a
data-rate reducing encoding process or device such as, for example, a perceptual encoder
or to a perceptual encoder and an entropy coder (e.g., arithmetic or Huffman coder) .
(sometimes referred to as a “lossless” coder) prior to packing. Also, as mentioned above,
the mono composite audio (or the multiple channel audio) and related sidechain |
information may be derived from multiple input channels only for andio frequencies
above a certain frequency (a “coupling” frequency). In that case, the audio frequencies
below the coupling frequency in each of the multiple input channels may be stored,
transmitted or stored and transmitted as discrete channels or may be combined or

processed in some manner other than as described herein. Discrete or otherwise-
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angle changes from bin to bin across a subband boundary, thereby
minimizing aliasing artifacts. Such linear interpolation may be enabled, for
example, as described below 15 following the description of Step 422.
Subband angles are calculated independently of one another, each
representing an average across a subband. Thus, there may be a large
change from one subband to the nex#4if the net angle value for a subband
is:applied to all_bins,in the, y lac. istrinuts
G E e o s SR

suctoesuier lsatngde, il gnnalis argiesgeRiusighuéshipériemaieny,
encdIEFE T, &18%‘6%?%%933% %fiﬁgemﬁk'ﬁﬁlg QrbiRRREMIBRAAHR Y screte

etween the center each subband, for example, sprea@s the phase
multinpenchandie ovayr allthermlieditothe ntetsated PersrPIRM §erdingmpgaerceptual

and %g{%%%dg{%;p%Pégssor%@ﬁ%;gi%r%%&& he angle at the low end of

asu with the angle at the high end of the subband below it,

whif@ptigmadFiterpelatioar Hing¥at shewsiniilés fle 25 given
calqyiarsdistbbans angl uéﬂé}t%?&méoggaciaﬁa%e%fgié%ﬁﬁwwimﬁmﬂe

distributions, the subband angle distribution may be trapezoidally shaped.

Subbardefagiel6ontind Sseameterhamiserahipia an BamipaS et and/ar in
the ﬁgpﬁ%ﬁ%ﬁ 8f BAARI RS ioRE R haa 4P eeBiRmaRRneter may

sub e of 40 degrees, and the third subband has five bins and a

be esyibyied angrablinpintespplasioninthadsorinergoihaoiedatemiation fleg or
aneﬂg%ﬁ D Sh M%ﬁ%%@%%ﬁxﬁ%g%s%@%s%%ﬁﬁega@xtme that

ree bins {another subband) are shifted by an angle of 40 degrees and

becapes thsEfivedpirizagatassnde Saturby hie kiidled Wﬁ#ﬁ'&rﬁ@f&%@ﬁﬂi dterpolation
val@?%%‘?%@ﬁ@@&@f%@ bt SHUsRicRRITMPBINARERers in the

rom bin 4 to bin 5."With linear’interpolation, the first bin still is shifted
sideplain nfigteaio® degrees, the next 3 bins are shifted by about 30, 40,

andraQ deorses - ARt hRRESLINE RING &feARRARY BRAHESS: B2 BO®der may

117, and 133 degrees. The average subband angle shift is the same, but

be etteblerhidnfonesmpiebhitiee néfycfadlcstited cocendiéepe st istionally,
changes in-amg '%‘x??.?PQ%&HHQ%EQL&%&%BQ&?&?@&% NSCHER WBP nihiS the

and other steps described herein, such as Step 417 may also be treated
in shovmifaryintmpokubhartds ehhassebeantiatiy dideisat nhasa saistiendgmele

o) Qg&%%ﬁ%gggre tends to be more natural continuity in amplitude from
one subband to the next.
Reason: without interpolation, a large phase change at the boundary may

infroduce a warble in the isolated spectral component. By using interpolation to
spread the band-to-band phase change across the bin values within the band, the
amount of change at the subband boundaries is reduced. Thresholds for spectral
peak strength, closeness to a boundary and difference in phase rotation from
subband to subband to satisfy this condition may be adjusted empirically.

Condition 2. If, depending on the presence of a transient, either the
interchannel phase angles (no transient) or the absolute phase angles within a
channel (transient), comprise a good fit to a linear progression.

Reason: Using interpolation to reconstruct the data tends to provide a
better fit to the original data. Note that the slope of the linear progression need
not be constant across all frequencies, only within each subband, since angle data

will still be conveyed to the decoder on a subband basis; and that forms the input



10 Step 419. Apply Phase Angle Rotation to Sin. Transform Values for
Channel. Apply phase angle rotation to each bin transform value as
follows: a. Let x = bin angle for this bin as calculated in Step 418. b. Lety
= -x; ¢. Compute z, a unity-magnitude complex phase rotation scale factor
with 15 angle y, z = cos (y) +j sin (y). d. Multiply the bin value (a +Jb) by
z. Comments regarding Step 419: Thé3hase angle rotation applied in the

encqdey. is;the_ inyerse,of t e derived fr he Subband Angle

o S Bp T e P B B e o it

an esatodgitics enadifing procalss beribstéemdowheniyinig{Brep 420) have

sev advantages: (1) they minimize cancellations .of the channels that

are M SRR R R S e, e el ot
intetpabriela, d@pshdyequcieyz clieliaxisenr efidigywownalitiahie iusb inprdidhlsd may
d éﬁ} I{Q(%% %%compensate the decoder inverse phase angle rotation,

n
> be ﬁ%? y reducin 0ng‘%ising. 25 The phase correction factors can be applied

in the encodentitisutitraisganghsdatidandhipeatay tatinedval ue deaithe
e SRR P SR o U R R
magaﬁﬁgt&nﬁﬂs() and an angle equal to the negative of f[he phase _
caual 10 coltAs BT I SRR P LAY e MEARARe B Qo ped pee
10 sublgzuidrof Pasimetan (ebipith 7S teppligcao facinbias GFs sybpdithin the
L e T ST .
convotation 4agleneotionadatibiegudbliie. circular convolution may be
componentol S Ab S PSSR ek e S A RERATS T AP gipe e
or maygeatise bluping S kpAsEiritaiftendDE Phasengiesang beedddto find
15 ConfolHGH HFEk7 G CUPHBIS) B ORISR ransiont Flag may be employed
such that, iobediiap(E, Whéshthding on the presence of a transient, either the
interchannel phase angles (no transient) or the absolute phase angles within a
channel (fransient), comprise a good fit to a linear progression.:
if the Transient Flag is not true (no transient), use the relative interchannel
20 : - bin phase angles from Step 406 for the fit to a linear progression determination,
and ‘ |
if the Transient Flag is true (transient), us the channel’s absolute phase
angles from Step 403.
Decoding
25 The steps of a decoding process (“decoding steps™) may be described as follows.
With respect to decoding steps, reference is made to FIG. 5, which is in the nature of a
hybrid flowchart and functional block diagram. For simplicity, the figure shows the
derivation of sidechain information components for one channel, it being understood that
sidechain information components must be obtained for each channel unless the channel
30  is areference channel for such components, as explained elsewhere.
Step 501. Unpack and Decode Sidechain Information.

Unpack and decode (including dequantization), as necessary, the sidechain data
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Transient Flag is True, the angle calculation results may be overridden,
and all subbands in a channel may use the same phase correction factor
such as zero or a randomized value. 10 Step 420. Downmix. Downmix to
mono by adding the corresponding complex transform bins across
channels to produce a mono composite channel or downmix to multiple
channels by matrixing the input chartels, as for example, in the manner

of the le,of FIG. 6, sgribed be epis.re i
con g Y e e A e
Factvegraphd¥enshiftdtiaghéoc haﬂnﬁl&:w@é_mh@w,rm#i-m #haumc}ehmh_m FIG.
5). 441 ﬁ%@%ﬁ dio.sapa c@éfg[ﬁ%}\\ﬁ% 18 NRANRIRIRY REAPPIGH o1
to a passivé or attive matrix that provides “either a simple summation to
Paramet@haﬁﬂé?fﬁa@jiﬁiﬁﬁ@mﬁwﬁé‘@dtﬂg;of FIG. 1, or to multiple 20 channels.
Th%ﬂﬂﬂ%ﬁ??@%ﬁlﬁo@%%i?%%ﬁ Rl 850L a7d FIBAIRANMhaIERis

421 Normalize."To av8id cancellation of isolated bins and over-emphasis

emrdﬁwbﬁhséiéﬂghais,dmrfmmfer@ﬁ@rmrrtm@fr@@cnqjimhuﬂeetmgmgle Control
ParfAGARS I IRRRL AR BlAl iigcaRig £neroy as the sum of

the contributing energies, as follows: 25 a. Let x = the sum across

chabitep S62.bhnnnsiyul(Decaie Mo £ ovtpneits or ivheltichannel Audio
Sig&ﬁmputed in Step 403). b. Let y = energy of corresponding bin of the

mono composite channel, calculated as per Step 403. c. Letz=scale

factdnpasljaadedeorde dy naesssay temnpasOcampesideser nanlgohengel srdio
A | : is.jnit g 00

I AMBAND YAVR &?&?ﬁlgéﬁt A FEE{% Y NAD

Slgt%mgﬁ%mg stro‘ngfc{:anceﬁgﬁ from owﬁlr%%(ing%f aéﬂ an agﬁrary value,
compBitoperultslarod rediqsigeatoot (x) to the real and imaginary parts of

the&q 9 e b 'giﬁ_will assure that it is large enough to be

ﬂ&g%)y t#e ‘?gﬂ v%ltn )

normalize step,
Step 501 and Step 502 may be considered to be part of a single unpacking and

decoding step. Step 502 may include a passive or active matrix,
Step 503. Distribute Angle Parameter Values Across Blocks.
Block Subband Angle Control Parameter values are derived from the dequantized
frame Subband Angle Control Parameter values.
Comment regarding Step 503: |
Step 503 may be implemented by distributing the same parameter value to every
block in the frame.
Step 504. Distribute Subband Decorrelation Scale Factor Across Blocks.
Block Subband Decorrelation Scale Factor values are derived {from the
dequantized frame Subband Decorrelation Scale Factor values.
Cominent regarding Step 504: |
Step 504 may be implemented by distributing the same scale factor value to every
block in the frame. _
Step 505. Linearly Interpolate Across Frequency.
Optionally, derive bin angles from the block subband angles of decoder Step 503
by linear interpolation across frequency as described above in connection with encoder

Step 418. Linear interpolation in Step 505 may be enabled when the Interpolation Flag is

used and is true.
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e. Multiply the complex mono composite bin value by z. 5 Comments
regarding Step 421: Although it is generally desirable to use the same
phase factors for both encoding and decoding, even the optimal choice of
a subband phase correction value may cause one or more audible
spectral components within the subband to be cancelled during the
encode downmix process because thaphase shifting of step 419 is

performed o ubband, ra than a hin basis. In this.case, a

Hitfchirp %ﬁéé%&%ﬁ%ﬁéﬂﬁﬁg %ﬁ“ﬁ?%éﬁé%@%%’@‘ﬁ&%@ed if it is

detekieddhaiatie stith Eacigynod Spugksbiitedsabuieh) wss thamtheRnerdyg
._.sum of the individual channel bi t that frequency. lt.is generally no
ind R A A Ll A R EB AR AP IS Y B g ced by Step
503paghvhchashsotbecn Hinsulp ity jodaedititecsi deioamoyaralSisnges, a

uality. A similar normalizatio be 15.applied if, multiple channels

ron R ST B CRAFTOP RS LIt L Sp o PAEL B A BHoe
indinéotBif seefumiisin Tiie Hepplitude Scale Factors, Angle Control

Parameters, Decorrelagion Scale Factors, a ransient Flags side

channeﬁrrifgi;r%a—ti%l;? %ﬂgﬁéﬁﬂ@ﬁﬁ%ﬁc %lﬂﬂ %fﬁet 3Gt85'mmon mono

compositelaudie oFthevheasrspdmuttpieachabneiamisieruliiplexei disobayn the

20 be desired a acked info one pr more hitstr s, suitable for th

cCorb R R s B 5P B DTSSR BB AR AT of

Conmndohigdrdanathie el thh®atonelatompPseile Bacter oulineishiliiple

channel apdjo may be,applied to a data-rate redycin cading proces

o clovidhs L 32 TN ATV DEF BSPTAr D dB DO roR Sepasately for

percephahshaatiel artl Bladntropy coder (e.g., arithmetic or Huffinan

coder) (sametimes referred. tq as a "lgssless; coder) prior.to packing. Also,

me montlo Aoy S TR HEL R ek BT VARS OGN to 2dd

audijcanized aigit stfeehaiueiateoriitignoMaydqierd/aokifoph fultiple

inpldﬁtgchannels only fqQr al:ﬁio freguencies above a certain frequency (a

"Co ﬂﬂémﬁ’éfﬁfe‘i%ﬁ‘ﬁg WPALE the audio frequencies 30 below the

coupling fiEspiepey tnrddy ehebe sl uliddarinpkil Chethe s, Meaw densitedtangles

transmitted or stqred, and transmifted as discrete channels or,may b ,
(or CEHBLP o BB e & DA L LS ARG R ggrrelation
ScaRFHEs aiBthetMitEeni4nly pseudo-random and truly random variations, but also
deterministically-generated variations that, when applied to phase angles or to phase
angles and to amplitudes, have the effect of reducing cross-correlation between channels.
Such “randomized” variations may be obtained in many ways. For example, a pseudo-
random number generator with various seed values may be employed. Alternatively,
truly random numbers may be generated using a hardware random number generator.
Inasmuch as a randomized angle resolution of only about 1 degree may be sufficient,
tables of randomized numbers having two or three decimal places (e.g. 0.84 or 0.844)
may be employed. Preferably, the randomized values (between —1.0 and +1.0 with
reference to Step 505c¢, above) are uniformly distributed statistically across each channel.

Although the non-linear indirect scaling of Step 506 has been found to be useful,
it is not critical and other suitable scalings may be employed — in particular other values
for the exponent may be employed to obtain similar results.
When the Subband Decorrelation Scale Factor value is 1, a full range of random

angles from -7 to + 7 are added (in which case the block Subband Angle Control
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combined channels may also be applied to a data reducing encoding
process or device such as, for example, a perceptual encoder or a
perceptual encoder and an entropy encoder. The mono composite audio
(or the multiple channel audio) and the discrete multichannel audio may
all be applied to an integrated perceptual encoding or perceptual 5 and
entropy encoding process or device-pgr§or to packing. Optional

Inte oIa lon Fla 1G. 4 nter, oIa f
Par?ﬁe Eéé’.% e an I?[s pég\alllz ed" ﬁ% o, }b Angﬁet{-egﬁ’tggf‘xdo
Dedoare] atiete &:mydmeoe wahiedaurelaeeEtmmﬂdrz(ﬁteﬁmmmIdfmdmmgle offset also
decrcggesq%w(ardegeg)?%scgbseﬂgﬁw eouﬁgu? tl?%?éﬁrgs Iatlc?\pelt?cl)a c{gega 38?1 Angle

parameter may ployed*tor enanting |n rpolatlon |n
Confiith dlathmétee xpblat prodiagdbysitenstfing flag similar to the Interpolatlon
Fla llg e gﬂ!{:]mg rgcé‘og 3%8';[/% H‘lgt S5 ad ?atsrc]:%lfu{]ran 0 lzed offset
access to data evel, may (e different nterpolation values
in atisardtmeDeitb&aghelgoh Briltetb@ katgk Binfsmxﬂwﬂw\m gla@ehtrefore
aramete i he sidec infgrmation, ,15.The use
dwgcross%tre?ﬁ)({e}1 y|n 1@? e qcarstﬁanf)etle}c% élr%ay %egcenab? gf%yf 50 be
beneﬁenaiﬁrg isighrow ofg Hecfopiokmogitity obtidittmcs daeatrdde@dedition 1. If a

ft
S S R PR LA DRRE (R ©
assIgm@fmdsmB@ RidaJeohnittho QI ifesenodd tidn va, | sugen rﬂhm@eanbangElag does
not {REiIBRYAIARCIEAY ARIQMIER 2. 3'&8'%}1% 2 1%%%%913%83% 187RRAEN

By using interpoldtionto” s re"a the ban hase change across

Parapnstisin mmmnwﬁem Btdhéoér(ﬁiapﬁﬁﬁabmgesam}mwm&mnsient
Fiaé’) 'ﬂ%%éke g(%{ge d;Ii;Per%ﬁp 9 §J1%12Q‘é?ie gﬁge ’\Jfgﬁ'ikg (%Bh gﬂ? Ydtoirelation
oundary a n

erence In phase rotation rom

Scahm:t{tbembﬁygtmescbﬁdm amaytifertidhsta mtigrigafly. Condition
2. I, depe ?ggg%éﬂ%%gﬁl%&;ftﬁ ‘%so?ute ﬂglﬁ%{ the interchannel

phase angles (no transient ase ang es within a

channdl. @r@;ns&nﬂ)mdnnprmblmmbedmﬁmmmda@ pndgrbSsidmsRessmanately for
Usi gc%%p%l%&&] ég reconstruct the data tends to provide a 30 better fit

to t e origina 018 that the slope of the linear progression need
c. Then, the value added to the block bin Angle Control Parameter to add a

randomized angle offset value according to Technique 3 isx * pi * y.

Comments regarding Step 507:

See comments above regarding Step 505 regarding the randomized angle offset.

Although the direct scaling of Step 507 has been found to be useful, it is not
critical and other suitable scalings may be employed.

To minimize temporal discontinuities, the unique randomized angle value for each
bin of each channel preferably does not change with time. The randomized angle values
of all the bins in a subband are scaled by the same Subband Decorrelation Scale Factor
value, which is updated at the frame rate. Thus, when the Subband Decorrelation Scale
Factor value is 1, 2 full range of random angles from -z to + x are added (in which case
block subband angle values derived from the dequantized frame subband angle values are
rendered frrelevant). As the Subband Decorrelation Scale Factor value diminishes toward
zero, the randomized angle offset also diminishes foward zero. Unlike Step 504, the

scaling in this Step 507 may be a direct function of the Subband Decorrelation Scale
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not be constant across all frequencies, only within each subband, since
angle data will still be conveyed to the decoder on a subband basis; and
that forms the input -45- to the Interpolator Step 418. The degree to which
the data provides a good fit to satisfy this condition may also be
determined empirically. Other conditions, such as those determined
empirically, may benefit from interpolggion across frequency. The
existence of the two conditions just mentioned may 5 be determined as

FadietiowseCBatiticamples a Stdhrnd Rnsselspeattle Hrapiotdvedafor
proggﬁfomkgﬁédﬁggﬁ%%mm%%%%ﬁﬁa@bﬁ}@gt_antialIy different

hase ro n angle assignments: for the Interpolation Flag to be used by

the e srrdedirmndubizedangligrealuo monthsnhs afddetete b eatlsdpm
decdad) saprs68 erabihe.OlaiaR A R dhiR e JHC A0S a iR QMBI QT RIBR. In

413 before quantization may be used to determine the rotation angle from

the suptsapeIQb S TERen BT e Ten SRYSIPFIRganRrTb e AuaHEmsient

pm}{g{p&‘r{%&gpoder, the magnitude output of Step 403, the current DFT
magnitudes, may be used to find 15 isolated peaks at subband

bouHdtesized Obadmenrer dessaibed ahnyomaealie séd éeserlediandpamized offset

in CHRGLIRE JRtRrPhANDGLEPASHANAIER (RN AbIDARRRIME PN BRfng so
angles within a channel (transient), comprise a good fit to a linear .
mayiopressishasicamsctiaimdniireeadest Eﬁf@%{é’%ﬁ%hﬁéﬁﬁﬁﬁﬁ%@ five improving

he SHRUNEIRIRICHARRSL 2RI AP asE,aB0IeS from Step 406 for the fit to a

lihear progression determination, and if the Transient Flag is true

(traféen?P &ssiesmadide A wplityied atmEacttsies from Step 403,
Decqginthize Aspbicie SEACPLIHIodRERERIRARACAsing: HepSIMAYRR to 1.

described as follows. With respect to decoding steps, reference is made
to FiongngMidezerd e HERAYS! a hybrid flowchart and functional block

diagfanx EALRMPYGY HBRAEUES @ RYSANEzed scale factors of -3.0 dB (=2 *
granularity of 1.5 dB) (.70793), the sum of the squares is 1.002, Dividing each by the
square root of 1.002 = 1.001 yields two values of .7072 (-3.01 dB).

Step 509. Boost Subband Scale Factor Levels (Optional).

Optionally, when the Transient Flag indicates no transient, apply a slight
additional boost to Subband Scale Factor levels, dependent on Subband Decorrelation
Scale Factor levels: multiply each normalized Subband Amplitude Scale Factor by a
small factor (e.g., 1 + 0.2 * Subband Decorrelation Scale Factor). When the Transient
Flag is True, skip this step.

Comment regarding Step 509:

This step may be useful because the decoder decorrelation Step 507 may result in
slightly reduced levels in the final inverse filterbank process.

Step 510. Distribute Subband Amplitude Values Across Bins.

Step 510 may be implemented by distributing the same subband amplitude scale
factor value to every bin in the subband. '

Step 510a. Add Randomized Amplitude Offset (Optional)

Optionally, apply a randomized variation to the normalized Subband Amplitude
Scale Factor dependent on Subband Decorrelation Scale Factor levels and the Transient

Flag. In the absence of a transient, add a Randomized Amplitude Scale Factor that does
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derivation of sidechain information components for one channel, it being
understood that sidechain information components must be obtained for
each channel unless the channel 30 is a reference channel for such
components, as explained elsewhere. Step 501. Unpack and Decode
Sidechain Information. Unpack and decode (including dequantization), as
necessary, the sidechain data _46_ -cgé@mponents (Amplitude Scale
nof SIS ARAIE.CORUAL Rarameters, Dageuclation. Scale, Baglors and,
ran agf??or chehiframe of eac ARnel (one channe
prefd®@e Ef aTiaitIlelémd) Kinpherizanizecu dboki)), dddodB shdofmrplitudepHoale Scaie Factor
| ntrol, Payamete d De orr tign, Scale Fac
O A R T BRI S rom

sublsahip leydunh é]mchantmahidafarfﬂl Ham@eraﬂﬂmn&gaﬁfkkm&ﬁ*m&lsubband to

suB H eé& ’gi‘ Contr | Parameters, Decorrelation Scale Factors, and
ransient Iag8 0%&% £a V%e%ode Mono Composite or

Mulﬁ&mmmi%anﬁxgﬁteﬂﬁlﬂlmpack and decode, as necessary, the
te rmultlch d|o s aI| for

coe#clzlent oﬁr{eg% Patr?s oI bin o Té mon co‘r{ngpgg’s Xk r%uéfﬁ%%’é% P

confroblies1 iy ribe. Bonromradatioa GualinBaSiep ib62b Sieyed Hann g:btepladeadayactor
[ acking and..15 decodin

v R RO SRR e swin
Wm&h@@mnvwabsmams&ﬁbnkmﬁmkasbm&fﬁmtrol

Par$gn§t§ﬂ/a es.are derived from the dequantized frame Subband

onirol Parameter values. Comment regarding Step 503: 20 Step
503 may ba ﬁmplmbmwﬁya@bumpmahﬁéam@mmamlum”aﬁma scale

e e R R B R R R s

valuieerab€ Hethvaplifnoin ﬂ{eosléq@nlrigdﬂrémlﬁ))bband Decorrelation

Scale Faciprygl WGch output channel, multiply the complex bin value and the
complex upmix scale factor to produce the upmixed complex output bin value of
each bin of the channel.

Step 512. Perform Inverse DFT (Optional).

Optionally, perform an inverse DFT transform on the bins of each output channel
to yield multichannel] output PCM values. As is well known, in connection with such an
inverse DFT transformation, the individual blocks of time samples are windowed, and
adjacent blocks are overlapped and added together in order to reconstruct the final
continuous time output PCM audio signal.

Comments regarding Step 512:

A decoder according to the present invention may not provide PCM outputs. In
the case where the decoder process is employed only above a given coupling frequency,
and discrete MDCT coefficients are sent for each channel below that frequency, it may be
desirable to convert the DFT coefficients derived by the decoder upmixing Steps 511a
and 511b to MDCT coefficients, so that they can be combined with the lower frequency
discrete MDCT coefficients and requantized in order to provide, for example, a bitstream
compatible with an encoding system that has a large number of installed users, such as a

standard AC-3 SP/DIF bitstream for application to an external device where an inverse
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25 Comment regarding Step 504; Step 504 may be implemented by

distributing the same scale factor value to every block in the frame. Step

505. Linearly ]Interpolate Across Frequency. Optionally, derive bin angles

from the block subband angles of decoder Step 503 30 by linear

interpolation across frequency as described above in connection with

encoder Step 418. Linear interpolatia in Step 505 maybe enabled when

the Interpojation Flag is used and is true. -47- Step 506. Add_ Randomized
gl RN EAFCERCIABEERSS T UBRACS G CE g ognes of the
outslasdiibadiaboyroviepahe duignsient Flag indicates a transient, add to

the block Subband Angle ,Cogé%ole%g?meter provided by Step 503, which

may have been linearRFfH&t oLt RS by Step 505, a 5
randomized offset valugigesiegibyitheesorrBlaiaigcale Factor (the
scaling may be indirect as _set forth in this Step): a. Let y = block Subband
Decorrelation Scale Factorz.;'g:&t(ifﬂn—mﬁg, 658y is a constant, for

examplgierfs ZratlcalsRdmithékl raagevtithtehlnhelt skonke t6\Wadili®when to
levels of 10 randomized variation_unless the

.reflecting a bias toward Jow le

switsh i Shihrisna. el %&mmfﬁi\gﬁhpﬁ g nedformanstitHghprab fftered

verdk@!)ciﬁmf%mé‘ ﬁi@n@l@hﬂe@lxﬁﬁﬂﬁﬁidd l(fj%@@ﬁh@@’é‘dl %ri@ﬁnﬁét;%lﬂbﬁilﬂr@fsﬁﬂﬁlack time-
ock. d, Then, ue added to the plock Subband Angle Cantrol .| .

segBehbif é’?&r‘{%g’%ﬁé’ﬁ%ﬁ ﬁ#&%’éaﬁﬁﬁ?ép BFé@FS‘?f&RPé‘%’&c%ﬁ%ﬁ?g p transtent 15

detetRA Guies30snd hpifof ah e BRI Y e QRERING SiRRIRAGIASWIIIHRS to a short
preciate those of ordinary, skill in t t, "randomized" angles. (o

blod Ok R ko RO PAIATASS e S SPANE ML oy s ate hes

a cobgepifelpitnny sealkiiaciaronday iocidided ity pseddad anaddiaandiiuhe

. random variag[%;ls, ut also deterministically-generated variations that,
INCTEASE ALISPIRT 40 BIAEE My les or to phase 20 angles and to amplitudes,

havelbe afieaitdteclocingissass-casplationheivwe swictanoals ISseRansform

bloc@%j?%ﬂ 399) N R o M R R S5 T Sperare i 573 AR %o? every

audio block. This is done in two passes, with each pass processing 256 samples. Transient

detection is broken down into four steps: 1) high-pass filtering, 2) segmentation of the
block into submultiples, 3) peak amplitude detection within each sub-block segment, and
4) threshold comparison. The transient detector outputs a flag bikswin] for each full-
bandwidth channel, which when set to "one" indicates the presence of a transient in the
second half of the 512 length input block for the corresponding channel.

1} High-pass filtering: The high-pass filter is implemented as a cascaded
biquad direct form II IR filter with a cutoff of 8 kHz.

2) Block Segmentation: The block of 256 high-pass filtered samples are
segmented into a hierarchical tree of levels in which level 1 represents the 256
iength block, level 2 is two segments of length 128, and level 3 is four segments
of length 64.

3) Peak Detection: The sample with the largest magnitude is identified for
each segment on every level of the hierarchical tree. The peaks for a single level
are found as follows: |

P{jj{k] = max(x(n))
forn=(512 % (k-1}/27), (512 x (1) /2%) + 1, ..(612 x k/27)) - 1
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random number generator with various seed values may be employed.
Alternatively, truly random numbers may be generated using a hardware
random number generator. Inasmuch as a randomized angle resolution of
only about 1 degree may be sufficient, 25 tables of randomized numbers
having two or three decimal places (e.g. 0.84 or 0.844) may be employed.
Preferably, the randomized values (b&2ween -1.0 and +1.0 with reference
to Step 505¢c, g&%}@l fre Upi f?Iy distributed statistically across each
channel. Although the hon linear indirect scaling of Step 506 has been
found to be usehue: |bc$1)wﬁtthcm¢hlsmqﬂetimﬂ1&ﬂﬂ)ler@§hlhigddnay be

employed - in particular pther v . t%e one may be
employed to obtain slmllglrlzl’ésltﬁ ?oﬁlec & eé“orrelatlon
Scale Factor value isyl= mﬁgb@a@ﬁ ﬁ{,ﬁgjﬁﬂ@nﬁmm&ﬂom -nto + it are
added (in which case the block Subband Angle Control -48- Parameter

values produced b%ﬁt&ptﬁﬂﬂ@]a (ﬁé}dﬁ#@d iﬁr&éﬁiz&ﬂt}ohs thelﬁabbamlde last
Decorrelation Scaf ecre ard z r(% he ran ized
owa cu

angle offsét 88 ot e ou? PPt ep gﬁgnem

to move tommﬁdibﬁianﬂ[mg]en@m@bammIS\/EﬂBI}{Q]pmdlmﬂrent
by Step 503. 5 If desired, the encoder described above may also add a

scaled ranHS?mzed offset in accordance with Technique 3 to the angle
shift applie) thheeshaldrebipieie M Aixinga2aifghealnalidi Rianparins

cancellation in the decoder. I, also neficial for improvin
oy OHFEIGR PR 1B HLEE0E B ot PR g s done
Phagsoeﬁgiaﬁgﬂ@é (ﬂ?@ﬁﬂl}ﬁﬂl& Qélub(b hnacsOleeneesnithldgchnidttichee

o WAETPRH, L S O R AN Ghe ORI BB enco

fram&&l&ﬂtﬂ&%ﬁ%&%@@%@@ﬂeﬁﬂﬁmﬁgw@&ﬁﬁ boviparthecheaksibotrelative

Ine SBRS AR i Bt TR oo el

hermﬁdrbﬂuﬁgstﬁ@) adjé&ntgégmeﬁb@h Mﬂe@@rr@da&m Seadedefined
(%D aran ed umber between +1.0 and -1.0, hosen
a%raf AR e T kg {Hgsient in

b|0@fdhﬂrﬁﬁfﬁ 1256081 sh Bﬁfm 143i86lerd compared as follows:
mag(P [;]'][k]) x T[§1> (F * mag(P[jl[(k-1)])) [Note the “F” sensitivity

factor]
where: Tj] is the pre-defined threshold for level j, defined as:
T[1]=.1
T[2]=.075
T[3] =.05

If this inequality is true for any two segment peaks on any level,
then a transient is indicated for the first half of the 512 length input block.
The second pass through this process determines the presence of transients
in the second half of the 512 length input block.

N:M Encoding

Aspects of the present invention are not limited to N:1 encoding as described in

connection with FIG. 1. More generally, aspects of the invention are applicable to the

transformation of any number of input channels (n input channels) to any number of
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randomized angle offset value according to Technique 3 is x * pi *y. 20
Comments regarding Step 507: See comments above regarding Step 505
regarding the randomized angle offset. Although the direct scaling of Step
507 has been found to be useful, it is not critical and other suitable
scalings may be employed. To minimize temporal discontinuities, the
unique randomized angle value for eagfy 25 bin of each channel
preferably does not change with time. The randomized angle values of all

ouipatshanpels (onpapyt shevelRdbihamanmaecs filHaAd Be OGN ERuneding).
Beefiae ﬁ%feﬁ[y\é%l&iﬁxd&img}gliéaﬁﬁﬁﬁ%@ A BMBRBhaNR NGRS, than the

Subband Decorrelation Scale Factor value is 1, a full range of random
nugphseefirsip b Fhennas e hadbd pnanding casmastBert Hidtion @ srifibe referred .
o \4@|@W§ﬁiﬁ§ﬂgﬁ%} %ﬁ%@@tjﬁ%g@ygﬁybband angle values are 30 . ‘

rendered irrelevant). As the Subband Decorrelation Scale Factor value

dimiftstesingiare Astsiiatd Bkt dmingacd i smeina s enipispéRotate Angle
8 4AWRIAE AN EIBIIKRISIAR RAditHNE CRAARNNEIS KYSHARPPRASBAKRG ATHFEQ! those

function of the Subband Decorrelation Scale -49- Factor value, For o
OUERHFTIR, BesBHAA o tuTETHTRASEA derisESF FHIGERSK §. 6 Downmix Matrix”).

DAVRRAKTRNANKY. PAHES HEYPAIARIGM ARG MARTAHEN F% Cdes BRSCAGRple
randomized angle value magbthen be added to the bin angle from

SUBNERIRT} tStEP SR Fle 9 éR Shfehitl Fnerding oA &P vhige 1 plitsrcbprecls. The
mdI8k E8BMR IR Mhe eranes QimpleanalaNhidaiiing fraRetisstepdaa

skipped, to avoid transient prenoise artifacts. If desired, the encoder
fupgiontiad o 0anmal ie e asimiba FiHad msusemeat apd dbew fpwi dhe same
refMithEeahnigyr 2 to the angle shift applied before downmixing. Doing so

may improve alias cancellation in the decoder. It may also be beneficial

for insresvrx Metrg &yt ermilgeor hibdd donmicasrdrneadent Stapfisoguch that
it IOVRAZR AR Mgl ARSIl m@&%%@%ﬁfaégé%@hmds

across channels so that they sum-square to 1. ‘Comment regarding Step

in gdparenexEptd2itold dFurmampleybadeyerurlingdirayaetyrelofogarample,

1065817 thd DERIHR Watll e HBY b8k SR 18 SR 8% Soupling
1.002. Dividing each by the
frequency the Downmix M)étn'x 6’ may provide one channel. By employing two channels

below the coupling frequency, better spatial fidelity may be obtained, especially if the
two channels represent horizontal directions (to match the horizontality of the human
ears).

Although FIG. 6 shows the generation of the same sidechain information for each
channel as in the FIG. 1 arrangement, it may be possible to omit certain ones of the
sidechain information when more than one channel is provided by the output of the
Downmix Matrix 6’. In 31)1116 cases, acceptable results may be obtained when only the
amplitude scale factor sidechain information is provided by the FIG. 6 arrangement,
Further details regarding sidechain options are discussed below in connection with the
descriptions of FIGS. 7, 8 and 9.

As just mentioned above, the multiple channels generated by the Downmix Matrix
6’ need not be fewer than the number of input channels n. When the purpose of an
encoder such as in FIG. 6 is to reduce the number of bits for transmission or storage, it is
likely that the number of channels produced by downmix matrix 6’ will be fewer than the

number of input channels n. However, the arrangement of FIG. 6 may also be used as an
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square root of 1.002 = 1.001 yields two values of .7072 (-3.01 dB). Step
509. Boost Subband Scale Factor Levels (Optional). Optionally, when the
Transient Flag indicates no transient, apply a slight additional boost to
Subband Scale Factor levels, dependent on Subband Decorrelation 20
Scale Factor levels: multiply each normalized Subband Amplitude Scale
Factor by a small factor (e.g., 1 + 0-254 Subband Decorrelation Scale

._Factog). When the Transient Flaq is True, skin. #u
TG DA H: T R A U e 1 M BOE Y hannels m
procﬂﬁ:@ﬁ@ﬁi@?&ﬁ&mﬁﬁm B dsitiore2baslifiatiprabiocet iy shisntedstihal
inverse filterba racess. Step 510. Distribut ityd
Vel BEAETS 48 BB e B e R AT S 6 may
alsmmedwhbmm@mud@sdat@rf@@odingmmmievmﬁmtﬁet@mmriﬂthe
audig)te 0511%1%%,0Adadncl:l\) Q:ds? e'%%%l@mﬁr%%%%n? : (@&%‘3@3%33911995’.%@3&& would
pply a randomize Variation to the normalized Subband Amplitude Scale
proﬁdemmmmo TBusbatmobsudrredletiomSutierrtsh hevseddn domeove the
ransient Flag. In the.ab 0 ' ' .
r AL AP AT ARSI ORI o
dechiinbyshitvina sisttittarenictiotivhirceidihy, perdomede fprexemplegpmevery block

T T T
inf@iﬁﬂk&madﬁtaagmsﬁ@@sw%@nmmbband (the same shift for all bins
funélfgreehl whicheanmdoyizé ddvansigedasin ibenepatisbpansaetsss are not stored
o SR P P P e B S e o
spafiHeapRUtngidvotain indshphtes, shit sl Qenbsuitingciroatitheveeiibbsaget for the
DR P TR BLATs A SoNat oot ot S At o
decoding function of FIGS. 2, 5 or 6 in that the decoder would have both the ability to
recover spatial-parameter sidechain information for frequencies above the coupling
frequency from the incoming bitstream but also to generate simulated spatial-parameter
sidechain information from the stereo information below the coupling frequency.

In a simplified alternative to such local-decoder-incorporating encoder examples,
rather than having a local decoder or decoder function, the encoder could simply check to
determine if there were any signal content below the coupling frequency (determined in
any suitable way, for example, a sum of the energy in frequency bins through the
frequency range), and, if not, it would send or store spatial-parameter sidechain
information rather than not doing so if the energy were above the threshold. Depending
on the encoding scheme, low signal information below the coupling frequency may also
result in more bits being available for sending sidechain information.

M:N Decoding

A more generalized form of the arrangement of FIG. 2 is shown in FIG. 7,
wherein an upmix matrix function or device (“Upmix Matrix™) 20 receives the 1 to m
channels generated by the arrangement of FIG. 6. The Upmix Matrix 20 may bea

passive matrix. It may e, but need not be, the conjugate transposition (i.e., the
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factor from the amplitude of decoder Step 508 and the bin angle of
decoder Step 507: (amplitude * (cos (angle) +j sin (angle)). 15 b. For
each output channel, multiply the complex bin value and the complex
upmix scale factor to produce the upmixed complex output bin value of
each bin of the channel. Step 512. Perform Inverse DFT (Optional).
Optionally, perform an inverse DFT traffsform on the bins of each output

nnel 20 multichan Iy
CO ﬁfélgfﬁi] f/ﬁwg&w w@e%% Eﬁ’? ransgr%%é%%%jé pﬁgg the
U@%xém??ﬁmp@mammmmxwmwm@memp@mm m
adde rinor to reconstruct fi
COﬁt‘?WESBg B’&EH% hente regal:dlng%t::p 5%%%%%%%18%8%1 its
reﬁﬁ@drshm@m&mmmmydmm ma;plwt eroivigetedihe pwasniy Mastx or it
R P A L DL SLERe, MR SRR BB eGP Bihpplicd

coe C|en S are sent for each channe
astsal@mthaﬁ@qmenw tis ooaydiethd esljakdmopdnde R Bngectfiditentional)

d
Iﬂé%gﬁf ﬁme qﬁ%%%?c{ev%%x'ﬂ?ﬂ? as%él;{elt X Qi’rg? M%Etwe matmx,

ey can be com In wer frequency 30
pﬁﬁiﬁé@ﬁﬁdﬂﬁﬁ&m@ffwmﬁmdquudmmbm ordeppOproVigs)| tothe channels

ap%% btltStre g%ggrns%tlc?tl%l Iﬂ ns‘iadl:%?x %mgﬁ%gfﬁeaapphed to

ers suc as a stan AC 3 SP/
thbIh‘&iieamefﬁbamjdimmmmmmﬂmerhaﬂmevm,vﬂhm arplhoéfse Agjust Amplitude,

RS e peomet AnJaVeroe RET ransioup ey, bRgialicsis

0 provide outputs. Section 8.2.2 of
eﬁﬁﬂﬁ%ﬁ@&h%fﬁ&ﬁhﬂdlﬂm@m}sﬁhawm o sholidug B degree Pfapndamized

detection Transients are detected the JI ban
o BB SO O SHE  B oo 6 % Bfecton
erqugam@;d-ﬂgh pass filtered versions of the signals are examined for

S LR PO AR BT E e o8 PRPLARAPG190. 7 may be
characterized as a “hybnd matrix decoder” for operating in a “hybrid matrix
encoder/decoder system.” “Hybrid” in this context refers to the fact that the decoder may
derive some measure of control information from its input andio signal (i.e., the active
matrix responds to spatial information encoded in the channels applied to it) and a further
measure of control information from spatial-parameter sidechain information. Other
elements of FIG. 7 are as in the érrangemerit of FIG. 2 and bear the same reference
numerals.

Quitable active matrix decoders for use in a hybrid matrix decoder may- mclude
active matrix decoders such as those mentioned above and incorporated by reference,
including, for example, matrix decoders known as “Pro Logic” and “Pro Logic II”
decoders (“Pro Logic” is a trademark of Dolby Laboratories Licensing Corporation).

Alternative Decorrelation

FIGS. 8 and 9 show variations on the generalized Decoder of FIG. 7. In
particular, both the arrangement of FIG. 8 and the arrangement of FIG. 9 show
alternatives to the decorrelation technique of FIGS. 2 and 7. In FIG. 8, respective
decorrelator functions or devices (“Decorrelators™) 46 and 48 are in the time domain,

each following the respective Inverse Filterbank 30 and 36 in their channel. InFIG. 9,

3



10 detected in the second half of an audio block in a channel that channel
switches to a short block. A channel that is block-switched uses the D45
exponent strategy [i. e., the data has a coarser frequency resolution in
order to reduce the data overhead resulting from the increase in temporal
resolution]. The transient detectqr is used to determine when to switch
from a long transform 15 block“éér‘lgth 512), to the short block (length
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Schroeder-type reverberators are well known and may trace their origin to two journal
papers: "Colorless' Artificial Reverberation" by M.R. Schroeder and B.F. Logan, IRE
Transactions on Audio, vol. AU-9, pp. 209-214,1961 and "Natural Sounding Artificial
Reverberation" by MLR. Schroeder, Journal 4.E.S., July 1962, vol. 10, no. 2, pp. 219-223.

When the Decorrelators 46 and 48 operate in the time domain, as in the FIG. 8
arrangement, a single (Z.e., wideband) Decorrelation Scale Factor is required. This may
be obtained by any of several ways. For example, only a single Decorrelation Scale
Factor may be generated in the encoder of FIG. 1 or FIG. 7. Alternatively, if the encoder
of FIG. 1 or FIG. 7 generates Decorrelation Scale Factors on a subband basis, the
Subband Decorrelation Scale Factors may be amplitude or power summed in the encoder
of FIG. 1 or FIG. 7 or in the decoder of FIG. 8.

When the Decorrelators 50 and 52 operate in the frequency domain, as in the FIG.
9 arrangement, they may receive a decorrelation scale factor for each subband or groups
of subbands and, concomitantly, provide a commensurate degree of decorrelation for such
subbands or groups of subbands.

The Decorrelators 46 and 48 of FIG. 8 and the Decorrelators 50 and 52 of F1G. 9
may optionally receive the Transient Flag. In the time-domain Decorrelators of FIG. 8, the

Transient Flag may be employed to shift the mode of operation of the respective



tree. For example, P[3][4] in the preceding tree is P[3][0] in the current
tree. 4) Threshold Comparison: The first stage of the threshold
comparator 10 checks to see if there is significant signal level in the
current block. This is done by comparing the overall peak value P[11[1] of
the current block to a "silence threshold". If P[11[1] is below this threshold
then a long block is forced. The-silence threshold value is 100/32768. The
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information, it may be acceptable to reduce the number of sidechain parameters. For
example, it may be acceptable to send only the Amplitude Scale Factor, in which case the
decorrelation and angle devices or functions in the decoder may be omitted (in that case,
FIGS. 7, 8 and 9 reduce to the same arrangement).

Alternatively, only the amplitude scale factor, the Decorrelation Scale Factor, and,
optionally, the Transient Flag may be sent. In that case, any of the FIG. 7, 8 or 9
arrangements may be employed (omitting the Rotate Angle 28 and 34 in each of them).

As another alternative, only the amplitude scale factor and the angle control
parameter may be sent. In that case, any of the FIG. 7, 8 or 9 arrangements may be
employed (omitting the Decorrelator 38 and 42 of FIG. 7 and 46,48, 50, 52 of FIGS. 8
and 9).

As in FIGS. 1 and 2, the arrangements of FIGS. 6-9 are intended to show any
number of input and output channels although, for simplicity in presentation, only two

channels are shown,

It is contemplated to cover by the present invention any and all modifications,

variations, or



5 Referring to the details of FIG. 6, instead of summing the outputs of
Rotate Angle 3 and Rotate Angle 10 in the Additive Combiner 6 as in the
arrangement of FIG. 1, those outputs may be applied to a downmix matrix
device or function 6' ("Downmix Matrix"). Dowmnix Matrix 6' may be a
passive or active matrix that provides either a simple summation to one
channel, as in the Ni encoding'osfﬁ?lG. 1, or to multiple channels. The 10

eqURAENS AR IEIAVSHRMBRJIGR BF ARMBISHUTER Aghitnaginary). Other
devices and functions in FIG. 6 may be the same as in the FIG. |
arrangement and they bear the same reference numerals. Downmix
Matrix 6' may provide a hybrid frequency-dependent function such that it
provides, for example, mn_Q channels in a frequency range fl to f2 and
mQ.fl channels 15 in a frequency range 2 to f3. For example, below a
coupling frequency of, for example, 1000 Hz the Downmix Matrix 6' may
provide two channels and above the coupling frequency the Dowmnix
Matrix 6' may provide one channel. By employing two channels below the
coupling frequency, better spatial fidelity may be obtained, especially if the
two channels represent horizontal directions (to match the horizontality of
the human 20 ears). Although FIG. 6 shows the generation of the same
sidechain information for each channel as in the FIG. 1 arrangement, it
may be possible to omit certain ones of the sidechain information when
more than one channel is provided by the output of the Downmix Matrix
6'. In some cases, acceptable results may be obtained when only the 25
amplitude scale factor sidechain information is provided by the FIG. 6
arrangement. Further details regarding sidechain options are discussed
below in connection with the descriptions of FIGS. 7, 8 and 9. As just
mentioned above, the multiple channels generated by the Dowmnix Matrix
6' need not be fewer than the number of input channels n. When the
purpose of an 30 encoder such as in FIG. 6 is to reduce the number of
bits for transmission or storage, it is likely that the number of channels
produced by downmix matrix 6" will be fewer than the number of input
channels n. However, the arrangement of FIG. 6 may also be used as an
-54- "upmixer." In that case, there may be applications in which the
number of channels m



produced by the Downmix Matrix 6' is more than the number of input
channels n. Encoders as described in connection with the examples of
FIGS. 2, 5 and 6 may also include their own local decoder or decoding
function in order to determine if the 5 audio information and the sidechain
information, when decoded by such a. decoder, would provide suitable
result& 'I;g%_results of such a determination could be used to improve the
parame(f'ers by employing, for example, a recursive process. In a block
encoding arthakbtodngdistdhninaeursiio daautasions Fostdd:d audio
Chggrféigmxg élfgf\]ex%%gle on ev?e&block efore the next _bl?ck_ends in
SRS to TR 28 tRe et ATt A6 OR5F SRitie! PERRS Hation
reiandgttodbsd¢imted spditadiparaizetbesnéthadranaementin which the
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M.NDecoding A more generalized form of the arrangement of FIG. 2 is

shown inEIG, 0 ein an ypmix matrix function or device ("Upmix
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mEHGreoTntetnprmirdVigitdsc 20 ghayimel acity is a measure of the similarity of the
mterchannel phase angles of spectral components of a first input audio channel relative

to the corresponding spectral components of another input audio channel.



passive matrix. It maybe, but need not be, the conjugate transposition
(i.e., the -55- complement) of the Downmix Matrix 6' of the FIG. 6
arrangement. Alternatively, the Upmix Matrix 20 may be an active matrix -
a variable matrix or a passive matrix in combination with a variable
matrix. If an active matrix decoder is empiayed, in its relaxed or quiescent
state it may be the complex conjugate of the Downmix Matrix or it 5 may
be independent of the Downmix Matrix. The sidechain information may be

appligd 188 shawia REYRink 30 4% heantialihe Adivs-Anpiivds 79

ta?ne‘[ers
Angle, and (optional) Interpolator functions or devices. In that case, t@e

furthsmiralrdena fathacpvameienkesppasitesdibe pbaseatgles tie sidechain
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some or all of the sidechain information may be applied to 10 the active

CoratRRIeIRAS St bpemnReis iharsaiber somi andid ehitrenaldjust
Amplitude, Rotate Angle, and Interpolator functions or devices may be
omitted. The Decoder example of FIG. 7 may also employ the alternative
of applyitig enetbgebel staramdorhiensth saibiudeliasigiiohsitndeneattaim said N

s S onditions, 1] in.c tion _with FIGS. 2 a. .

D L A e R A G

aughayhsanchdratenized wsaatthyteid ofiatiik leded pdrfonaperating in a
"hybrid matrix encoder/decoder system." "Hybrid" in this context refers to
the fact that the decoder may derive some measure of control information
from its input audio signal (i.e., the active matrix responds to spatial
information encoded in the channels applied to it) and a further 20
measure of control information from spatial-parameter sidechain
information. Other elements of FIG. 7 are as in the arrangement of FIG. 2
and bear the same reference numerals. Suitable active matrix decoders
for use in a hybrid matrix decoder may include active matrix decoders
such as those mentioned above and incorporated by reference, 25
including, for example, matrix decoders known as "Pro Logic" and "Pro
Logic 1" decoders ("Pro Logic" is a trademark of Dolby Laboratories
Licensing Corporation). Alternative Decorrelation FIGS. 8 and 9 show
variations on the generalized Decoder of FIG. 7. In



particular, both the arrangement of FIG. 8 and the arrangement of FIG. 9
show 30 alternatives to the decorrelation technique of FIGS. 2 and 7. In
FIG. 8, respective decorrelator functions or devices ("Decorrelators™) 46
and 48 are in the time domain, each following the respective Inverse
Filterbank 30 and 36 in their channeff FIG. 9, -56- respective
decszrrﬂ@ﬁ{é&ﬁ@@@ﬂ@ﬁﬂ%ﬁ@&ﬁ%@ﬁ@&ﬁ@fﬁ@é&ﬁﬂé@%ﬁ&%ﬁ%@%ﬁ
ilterban

frequency domain, each preceding the respective Inverse

SPeclif QUIRABNS A aribnt hsasbanerd rad 18 nmwirawtio diranglements, each
of the Decorrelators (46,48, 50, 52) has a unique characteristic so that
their Ol{t&%gts are mutually decorrelated with respect to each other. The

Decorraltisirbediefrastonarlchinsdd © sdmion wrlerkmpiEo tignmsiere
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the Transient Flag may also be used to shift the mode of operationof the

matheeerfaisdY, 188 adlaiabanselsw. In both the FIG. 8 and FIG. 9
arrangements, each Decorrelator may be a Schroeder-type reverberator
having its own unique filter characteristic, in which the amount or degree

of réverdi&iIRAY aerArdirgIByIRONGeoeEms dnlkkaalghfactgherein the set of

parkRLSEIGAIRA RRAIANBiE M CORPURIVO R ARUISE A uic iy the
Decorrelator output forms a part of a'linear combination of the

a UpRsdeREdifo b it R Blithahamedratively, other controllable
decorrelation techniques may be employed either alone or in combination
with each other or with a Schroeder-type reverberator. Schroeder-type
reverberators are well known and may trace their origin to two journal
papers: "'Colorless' Artificial Reverberation" by M.R. Schroeder and B.F.
Logan, IRE Transactions on Audio, vol. AU-9, pp. 209-214,1961 and
"Natural Sounding Artificial Reverberation" by M.R. Schroeder,
dournalA.E.S., July 1962, vol. 10, no. 2, pp. 219-223. When the
Decorrelators 46 and 48 operate in the time domain, as in the FIG. 8
arrangement, a single (i.e., wideband) Decorrelation Scale Factor is
required. This may be obtained by any of several ways. For example,
only a single Decorrelation Scale Factor may be generated in the encoder
of FIG. 1 or FIG. 7. Alternatively, if the encoder of FIG. | or FIG. 7
generates Decorrelation Scale Factors on a subband basis, the Subband.
Decorrelation Scale Factors may be amplitude or power summed in the
encoder of FIG. | or FIG. 7 or in the decoder of FIG. 8.



When the Decorrelators 50 and 52 operate in the frequency domain, as in
the FIG. 9 arrangement, they may receive a decorrelation scale factor for
each subband or groups of subbands and, concomitantly, provide a
commensurate degree of decorrelation for such subbands or groups of
subbands. The Decorrelators 46gnd 48 of FIG. 8 and the Decorrelators
50 and 52 of FIG. 9 may optionally receive the Transient Flag. In the

t
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. Decaoyrelator. For example, the Decorrelator may operate as a

mpy 3R reverberator in the absence of the transient flag but upon
its receipt and for a short subsequent time period, say 1 to 10
milliseconds, operate as a fixed delay. Each channel may have a

predéteTiunaciivédudelayngrithenslelay sialabasvarigdiatiespaasedehe measure

| . plurality of transients wijthin a short time period. In the frequency-domain
o B e GRS AR oy B CRRIBIR 1 Safrauency
banthef Radd€:ef bpeiatiomedithadrésnaetiveDeCorreiatarhtoweyRisin i

. _gase, the receipt of a transient flag may, for example, trigger a short, .
S A A SERBREL) A SR L AP A EFTAG) Rt inpu
chafieg) dativeed dpcbeth tomfrierisand 9 RFEaPGRIREN R RRABIEEROIBPEAE another

: 33%, controlled by the optional Transient Flag, may provide interpolation
MpY 8884 Fquency of the phase angles output of Rotate Angle 28 (33) in a
manner as described above. As mentioned above, when two or more

channels are sent in addition to sidechain information, it may be
acceptable to reduce the number of sidechain parameters. For example,
it may be acceptable to send only the Amplitude Scale Factor, in which
case the decorrelation and angle devices or functions in the decoder may
be omitted (in that case, FIGS. 7, 8 and 9 reduce to the same
arrangement). Alternatively, only the amplitude scale factor, the
Decorrelation Scale Factor, and, optionally, the Transient Flag may be
sent. In that case, any of the FIG. 7, 8 or 9 arrangements may be
employed (omitting the Rotate Angle 28 and 34 in each of them). As
another alternative, only the amplitude scale factor and the angle control
parameter may be sent. In that case, any of the FIG. 7, 8 or 9
arrangements may be



employed (omitting the Decorrelator 38 and 42 of FIG. 7 and 46,48, 50, 52
of FIGS. 8 and 9). As in FIGS. 1 and 2, the arrangements of FIGS. 6-9
are intended to show any number of input and output channels although,
for simplicity in presentation, only two channels are shown. It is
contemplated to cover by the presentif¥ention any and all modifications,
variations, or -58- equivalents that fall within the scope of the appended
claims. -59- Claims: 1. A method for encoding N input audio channels into

M entbdbddngthid fendperdngivbracodsdwodie sismmaintepresningny audio
chiREShaial RAFaMBBFmliiating aosé%ma%ﬁafﬂé%@dﬁai El%nﬁ@&  relating
method comprising a) deriving M audio signals from s nput au
to é'%hr@iéicbﬁ}g%“@}%lﬂmgm@@ﬁdi%m@@mﬁore spatial parameters
indicalvealaneaty NPBRUSS LIS MR aUdlioE IR els, R )

generating M encoded signals comprising the M au l0 signals derived in

pa@t@pﬁ@rsamaievgétf@pspahmcm@me@é@@&@ma@hammlep b),
charagtgrized INRRENY 5 QMR QBRI S AR AR Eﬁ%ﬁ“(}w&em an

said séet of on% or more spatia ]?parame'gers SUC|C'IE}) that it |n %es firs
augduratgatrehveapgonsie QbamehMGSdﬂdimtadﬁnr@usgéM@mdm

wiEEIEhJ5.A ERSLIE G106 Bijent (uleh. spects) gameanenfy chanoe

over time, and interc ase angle’similarity e me
accod gﬁglftmtﬂam mw!ﬁhrémmmheutwﬁswbﬁm&hhéﬁaeﬂsp@m@ls and the

sp e'ft?t &Sa measure of changes over time of the amplitude or energy

ectr components in a first input channel. 3. The method according

to clalhanagteciamun #iadrein the measure of interchannel phase angle
smﬂM% 96{‘%%%@@ the similarity of the i nterchannel phase angles
of spectral components of a first input audio channel relative to the
correspdadingsppistraircomiponenisdf afivthpaimpatcauciporisannel measures of

intrachannel spectral steadiness which is a measure of the extent to which spectral

components change over time, and interchannel phase angle similarity, and

step ¢) includes shifting the phase angles of spectral components in the audio
signal in at least one of the N audio channels in response to one or more of said spatial
parameters, wherein said shifting is at least partly in accordance with said first

parameter.

12. The method of claim 11 wherein said N andio channels are derived from
said M encoded audio channels by a process that includes passively or actively

dematrixing said M encoded audio channels.



-59a- 4. The method according to any one of claims 1-3 wherein the set of
parameters further includes a further parameter responsive to the phase
angles of spectral components in a first input audio channel relative to
phase angles of corresponding spectral components in another input
audio channel. 5. The method of €f##m 4 wherein said M audio signals are
derived from said N input audio channels by a process that includes
modifying at least one of said N input audio channels in response to a
funtlionhefeaibddidheaparametese 801 Htwihermethoghafaldin Sudergimnels
_said madifyin difies % angles % pectral components of said at

are G P L ) CHORRERS 3 i oG O RS et ey

denmekririsclsabvWieredo dedltiple @edlimsigeals are derived from said N input
audio channels by a process that includes passively or actively matrixing
said N input audio channels. 8. The method according to any one of
claitds Thihrestibdroitiatein shetsetlef (RaremetarsribitheriReiidess@partly in
parameter responsive to.the occurrence of a transient in a first input audio

St S S?&ﬁa%ef&%%%wﬂéms 1 through 8
wherein the set of parameters further includes a parameter responsive to
the amplitude or energy of a first input audio channel. 10. The method
according to any one of claims 1 through 9 wherein the measure of
intrachannel spectral steadiness are with respect to spectral components
in a frequency band of said first input channel, and the measure of the
interchannel phase angle similarity are with respect to spectral
components in said frequency band of said first input - channel relative to
spectral components in a corresponding frequency band of said another
input channel. -62- 11. A method for decoding M encoded audio channels
representing N audio channels, where N is two or more, and a set of one
or more spatial parameters relating



to the N audio channels, the method comprising a) receiving said M
encoded audio channels and said set of spatial parameters indicative of
spatial properties of the N audio channels, b) deriving N audio channels
from said M encoded audio channels, wherein an audio signal in each
audio channel is divided into a pluradjty.of frequency bands, wherein each
band comprises one or more spectral components, and c) generating a

muiichaR R BAH SRl freRs N Lt ERdhR RS IRG samiss at least -

parthPR 2BpiSe ehaactarizad ibrthal MisiangLameigand, said set of spatial
parameters include a first parameter responsive to measures of

intrachannel spectral steadiness which is a measure of the extent to which

spegtral components change pver time, an .inctyerchaunel ase angle )

e R e oL S S e tance with
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i response to one Qr mote of said.spatial .parameters,.wherein said shifting
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ncoded.audio channels by a process thatincludes passively or actively
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from said M encoded audio channels b rocess that includes actively
mode, 5 SRRFRING DA e R A R AR Mo ST APRT SR G gudio
signalthereirndbei deraatiikingopaiesaiieastadiiivinaiesPRrRs8dime resolution.

characteristics of said M encoded audio channels. -63- 15. The method of

claim 13 or claim 14 wherein the dematrixing operates at least partly in

resporisedmened®odriasiol Saitl epatidlpriametars: keolilermethed @in the

claim 11 wherein said shifting is performed in accordance with
first time resolution.

18. The method of claim 16 wherein the second frequency resolution is coarser
than or the same as the first frequency resolution, and the second time resolution is finer

than the first time resolution.

19. The method of claim 17 wherein the first frequency resolution is finer than the

frequency resolution of the spatial parameters.

20. The method of claim 18 or claim 19 wherein the second time resolution is

finer than the time resolution of the spatial parameters.

21. The method of claim 11 wherein said shifting is performed in accordance
with a first mode of operation or a second mode of operation, said first mode of operation
comprises shifting the phase angles of spectral components in at least one or more of the
plurality of frequency bands, wherein each spectral component is shifted by a different
angle, which angle is substantially time invariant, and said second mode of operation
comprises shifting the phase angles of all the spectral components in said at least one or
more of the plurality of frequency bands by the same angle, wherein a different phase
angle shift 1s applied to each frequency band in which phase angles are shifted and which

phase angle shift varies with time.



a first mode of operation or a second mode of operation, shifting the
phase angles of spectral components in the audio signal in accordance
with a first mode of operation includes shifting the phase angles of
spectral components in the audio signal in accordance with a first
frequency resolution and a first time-fdsolution, and shifting the phase
angles of spectral components in the audio signal in accordance with a
second_mode of operation includes shifting the phase angles of spectral

comporidift&FHAE at dmsigrshsice b rdiheecanthiBsSORPsakoB Heg phase
angf@sofufienandanpreend Umeiresaidiahcl bahberaatReaielRim iuce phase

wherein the second time resolution is finer than the first time resolution.
anglpg hpnges BB SRACEBI PR MBS hspRe S TaRAESIEREp Tea dlaaBenRY band
boufidarser than or the same as the first frequency resolution, and the

second time resolution is finer than the first time resolution. 19. The

method of claim 17 wherein the first frequency resolution is finer than the
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. .18 or claim 19 wherejn the second time resplution is finer than the time
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shifted by E%fferr%%t_ ar}éale, which an%je Is substantially time invariant,
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of all the spectral components in said at least one or more of the plurality

of frequency bands by the same angle, wherein a different phase angle
shiftts dplSi awéézéyﬁlwe%ﬁfe% @ﬁmirﬁ%wh%ﬁas“@%ﬁ&l@%@%ﬁf?@a
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claim 21 wherein in said second mode of operation the phase angles of
spectral components within a frequency band are interpolated to reduce

phase PRIIRShGNaESINAM SRAFS CORRAERE KT SRECHM GAPRLISRing is
con Sg{?asbsl g frequency band boundary.

26. The method of any one of claims 16-25 further comprising shifting the
magnitudes of speciral components in the audio signal in response to one or ones of said
spatial parameters in accordance with a first mode of operation and a second mode of

operation.

27. The method of claim 26 wherein shifting the magnitude includes a

randomized shifting.

28.The method of claim 26 or claim 27 wherein the amount of shifting the

magnitude is controllable.



23. The method of claim 11 wherein said shifting is performed in
accordance with a first mode of operation or a second mode of operation,
the first mode of operation comprises shifting the phase angles of
spectral components in at least one or more of the plurality of frequency
bands, wherein each spectral cagponent is shifted by a different angle,
which angle is substantially time invariant, and said second mode of
operggsogrhcomprises o shifting of the phase angles of spectral

n

com DBADPALHRN AN BOAFBRE dPcradRSEIsE dHseriion@f the

mSUETLheAhase ARplesRicreskial SQMPINaHE includes a randomized
shifting. 25. The method of clan 24 wherein the amount of said

randomized shifting is controllable. 26. The method of any one of claims

16-23 furtherhernpasingaiiing Wik re1agRiudes-abeneciR! SRMPOINSration
. in the audio signal in response to one or ones of said spatial parameters

18 P SRUBHISIOTIRATE SS90 det B et atforaig dudie st mode of
operation. 27. The method of claim 26 wherein shifting the magnitude
includes a randgmized shifting. 28. The method of claim 26 or claim 27

wheréin e dneshied of SmHirgand deagsitie Rlcohssmamecsstion of ithe
mBRIGpEAMLPRE REFRIESIE 2 2@ MhsT el g pelection of the mode of

operation is responsive to said audio signal. 30. The method of claim 29
wherein the selection of the mode of operation is responsive to the

presencerpt afeansiest ihsaidaudiosignal; 34-3ThgReathed:od anyieneahel

claims 16 - 30 wherein a selection of the mode of operation is responsive
OURP Yt sheml Sigh Hheddnerlomaiihod of any one of claims 11 to 31 wherein
said multichannel output signal is in the time domain. 33. The method of

any one of claims 11 to 31 wherein said multichannel output signal is in
the fr@w@h%mm,@f any one of claims 11 to 31 wherein said multichannel

output signal is in the frequency domain.



