o0 OF-€ X
AL FOR MULTI DI MENSI ONAL SOUND
Fl ELDS R ; .’LR}H . "!ﬁ-‘ﬁ . to paged ..3{...- Technl Cal FI el d

The i nvegwig 93y1860% @nerél é»‘“‘f@ tﬁ%P?géé ‘é i1)g, transm ttpgy/US9TI00133
reproducm of mul t1l%}f%ﬁ‘§i>éna13“sfo%d lfPP@ed ntiended for huma heari ng.
Mor e n&rbrtml arly, Afpstraeint | drasedel Yt efspag?dt hE Fl gh-fidelity encoding and

' decodi ng of . si gnal s! ' [b.€PF. ESEIRECGIFIUCH.. S 5, Wherein the encoded
“signal s may bé carri&8d by & coNPosiTE au at i on signal and a
steering control signal. -

DESCRI PTI ON o =

- NCODER (¢)

5 E

The invention relates in general to the recording, transmitting, and reproducing of multi-dimensional sound
fields intended for buman hearing. Mors particularly, the invention relates to the high-fidelity encoding and

10 decoding of signals representing such sound fields, wherein the encoded signals may be carried by a composite
audio-information signal and a steering control signal.

Background Art
A. Goal of High-Fidelity Reproduction
15 A goal for high-fidelity reproduction of recorded or transmitted sounds is the presentation at another time
or location a faithful representation of an “original® sound field. A sound field is defined as a collecnon of
sound pressures which are a function of time and space. Thus, high-fidelity reproduction attempts to recreate
the acoustic pressures which existed in the original sound field in a region about a listener.

Ideally, differences between the original sound field and the reproduced sound field are inaudible, or if not

20 inaudible at least relatively unnoticeable to most listeners. Two general measures of fidelity are "sound
quality” and "sound field locatlization.”

Sound quality includes characteristics of reproduction such as frequency range (bandwidth), accuracy of
relative amplitude levels throughout the frequency range (timbre), range of sound amplitude level (dynamic
range), accuracy of harmonic amplitude and phase (distortion level), and amplitude jevel and frequency of

25 spurious sounds and artifacts not present in the original sound (noise). Although most aspects of sound quality
are susceptible to measurement by instruments, in practical systems characteristics of the human hearing system
(psychoacoustic effects) render inaudible or relatively unnoticeable certain measurable deviations from the
“original" sounds.

Sound field localization is one measure of spatial fidelity. The preservation of the apparent direction, both

30 azimuth and elevation, and distance of a sound source is sometimes known as angular and dei;th localization,
respectively. In the case of certain orchestral and other recordings, such localization is intended to convey to
the listener the actual physical placement of the musicians and their instruments. With respect to other
recordings, particularly multitrack recordings produced in a studio, the angular directionality and depth may
bear no relationship to any "real-life” arrangement of musicians and their instruments and the localization is

35 merely a part of the overall artistic impression intended to be conveyed to the listener. In any case, one
purpose of hi gh-fide!ity multi-channel reproduction systems is to reproduce spatial aspects of an on-going sound
field, whether real or synthesized. As with respect to sound quality, in practical systems measurable changes
in localization are, under certain conditions, inaudible or relatively unnoticeable because of characteristics of
bhuman hearing.

40 Even with respect to those recordings in which the localization is inteaded to convey the impression of
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angul ar dir e&ﬂmﬂbﬂm’yd meepbnajstenuipmept ranging from the very simple to the very sophisticated. As another
example, a recording in stereo with surround sound for motion pictures is made with the expectation that
motion picture theaters will have either a known, generally standardized arrangement for reproducing the left,
center, right, bass and surround channels or, alternatively, a classic "Academy” monophonic playback. Such
20 recordings are also made;with the expectation that they will be presented in home listening environments with
equipment ranging from a television with one small loudspeaker to relatively sophisticated home surround
sound systems which closely replicate a theater surround sound experience.
A sound field captured for transmission or reproduction is at some point represented by one or more
electrical signals. Such signals usually constitute one or more channels at the point of sound field capture
25 ("capture channels”), at the point of sound field transmission or recording ("transmission channels”), and at
the point of sound field presentation ("presentation channels”). Although within some limits as the number of
these channels increases, the ability to reproduce complex sound fields increases, practical considerations
impose limits on the number of such channeis.
Early sound recording and reproducing systems relied on single transmission and preseatation channels.
30 Later, multichannel systems came into use, the most popular of which for music continues to be the
stereophonic system, comprising two transmission and presentation channels. Motion picture and home video
sound systems commonly employ four or more presentation channels. Techniques such as audio matrixing
bave been used to reduce the number of transmission channels, particularly for carrying audio information for
four presentation channels in the two track media of motion picture optical soundtracks and home video. Such
35 matrixing techniques permit an approximate reproduction of the sound field that would be produced from four
presentation channels carried by four transmission channels. Existing matrix techniques, however, result in
a degradation of the reproduced sound field, particularly with respect to the separation between presentation
channels, even when matrix enhancement circuits are employed in the recovery of matrixed sound signals.
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techni cal | wdgeit maftRBodsd e HuRBE QT trakshiffssion channels, and how the audio information is coded for
recording or transmission. The listener may choose the number of presentation channels, or the choice may
be dictated by the listener’s reproducing equipment, requiring, for example that a sound field recorded in a two
10 channel stereophonic format be played back or presented through a single monophonic channel system. The
listener may also choose where transducers or loudspeakers reproducing the channels are piaced in a listening
environment and whether to “enbance” or modify the sound by boosting or cutting portions of the sound
spectrum or by adding reverberation or ambience. In some cases, the listener has little control such as in
motion picture theaters. |
15  The number of channels employed by the system, however, should not be a source of concern to the listener
once the system is set up and operating. The listener’s attention should not be audibly attracted by such
technical details of the sound system any more than a viewer should be visibly aware that color television uses
only three colors rather than the entire visible spectrum.
Deviations between the desired sound field and the actually reproduced sound field often arise because of
20 a desire to minimize the amount of information required to achieve high-fidelity reproduction. One example,
mentioned above, is the use of a matrix to convey four channels of sound information on two track media.
There is a desire among workers in the audio art, however, to more exactly preserve the original sound fieid
while at the same time even further reducing the amount of information required to represent the sound field
during the transmission and recording process. By reducing the amount of required information, signals may
25 be conveyed by transmission channels with reduced information capacity, such as lower bandwidth or noisier
transmission paths, or lower storage capacity recording media. Ideally, such an arrangement with reduced
information requiremeats should allow the reproduction of a sound field audibly indistinguishable or nearly
indistinguishable from the originally intended sound field.

30 B. Information Reduction Techniques
Informational requirements can sometimes be reduced without loss of perceptible audio quality by various
techniques. Analog signals which have been subject to audio compression or dynamic range reduction, for
example, impose lower transmission information capacity requirements than such signals without compression.
Digital signals encoded with fewer binary bits impose lower transmission information capacity requirements
35 than coded signals using a greater number of bits to represent the signal. Of course, there are limits to the
amount of reduction which can be realized without audibly degrading audio quality. The following paragraphs
discuss limitations more particular to digital techniques, but it should be realized that corresponding

considerations apply to analog techniques as well.
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resolving ability remains substantially constant for frequency differences less than the bandwidth of the above

20 mentioned filters. Thus the frequency-resolving and direction-discerning ability of the human ear varies
according to the bandwidth of these filters throughout the audio spectrum. The effective bandwidth of such
an- auditory filter is referred to as a "critical band.” A dominant signal within a critical band is more likely
to mask the audibility of other signals, even signals with a different apparent direction, anywhere within that
critical band than it is likely to mask other signals at frequencies outside that critical band. See generally, the

25 Audio Engineering Handbook, K. Blair Benson ed., McGraw-Hill, San Francisco, 1988, pages 1.40-1.42 and
4.8-4.10.

Signal recording, transmitting, or reproducing techniques which divide the useful signal bandwidth into
. frequency bands with bandwidths approximating the ear’s critical bands can better exploit psychoacoustic effects
than wider band techniques. Critical band techniques comprise dividing the signal bandwidth with a fiiter bank,

30 processing the signal passed by each filter band, and reconstructing a replica of the original signal with an
inverse filter bank. Two such techniques are subband coding and transform coding. Subband and transform
coders can reduce transmitted information in particular frequency bands where the resulting coding inaccuracy
or noise is psychoacoustically masked by neighboring spectral componeats without degrading the subjective.
quality of the encoded signal.

35 Subband coders may use either analog or digital techniques, or a hybrid of the two techniques. The
subband coder filter bank can be implemented by a bank of digital bandpass filters or by a bank of analog
bandpass filters. ' ' :

For digital filter subband coders, the input signal is sampled prior to filtering. The samples are passed
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enpl oyed i n t Feropghewthe follgwingdiscussion, the ern Ssubhend coder” shall refer to true subband coders,

transform coders, and other coding techniques which operate upon portions of the useful signal bandwidth.
The term "subband” shall refer to these portions of the useful signal bandwidth, whether implemented by a true
subband coder, a transform coder, or other technique.
15 The term "subband block" shall refer to the representation of the spectral eaergy across the useful signal
bandwidth for a given interval or block of time. For true subband coders implemented by a digital filter bank,
a subband block comprises the set of samples for all subbands over a given time interval. For true subband
coders implemeated by an analog filter bank, a subband block comprises all of the subband signals for a time-
interval segment. For transform coders, a subband block comprises the set of all transform coefficients
20 corresponding to a signal sample block.
The inventors have determined experimentally that, for practical purposes, once the signal has been split
into subbands having bandwidths on the order of or narrower than the ear’s critical bands, when sounds within
a subband appear to come from one speaker or presentation channel, or from some poéition between two
speakers or presentation channels, then the ear does not perceive any sound within that subband coming from
25 anywhere else. This effect is illustrated conceptually in Figure 1; listener 101 is perceiving that sounds within
a subband come from point 111 between loudspeakers 102 and 104 even though sounds within the subband
actually come from Joudspeakers 102 through 110.
When each of two acoustic signals separated in frequency by substantially more than a critical band is
réproduced by separate presentation channels such as loudspeakers or headphone transducers, a listener is able
30 to perceive that each of the two signals originates from a distinct source. As the separation in frequency
between two signals diminishes to within a critical band, however, the ability of a listener to perceive them

as originating from distinct sources also diminishes.

%

Thus, the informational capacity required to convey multiple channels of audio signals represeating a sound

field may be reduced by splitting the audio signal channels into subbands with bandwidths substantially the’

35 same or less than that of the ear’s critical bandwidths, transmitting or recording each subband as a composite

signal comprising spectral amplitudes and directional information, and generating at the time of playback or
presentation a set of signals which preserve the amplitudes and directions of each subband.*

Additional techniques may be employed to further reduce the information capacity required to achieve a
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with enhanced decoding but which conserve substantial bandwidth relative to such prior art discrete and matrix
15 systems. In accordance with the present invention, an encoder may produce a composite audio-information
signal representing the sound field to be reproduced and a steering control signal. The composite audio-
information signal has its frequency spectrum broken into a number of subbands, preferably commensurate with
the critical bands of the human ear. The steering control signal has components relating to each of the
subbands. Although the invention may be implemented using analog or digital techniques or even a hybrid
20 arrangement of such ﬁeéﬁ;iqus, the invention is more conveniently implemented using digital techniques and
the preferred embodiments disclosed herein are digital implementations.

"It should also be understood that although the use of subbands with bandwidths commensurate with the
bhuman ear’s critical bandwidths allows greater exploitation of psychoacoustic effects, application of the
teachings of the present inveation are not so limited. It will be obvious to those skilled in the art that these

25 teachings may be applied to wideband signals as well; therefore, reference to subbands throughout the
remaining discussion should be construed as one or more frequency bands spanning the total useful bandwidth
of input signals.

In a first embodiment of the invention, an eacoder receives a plurality of input channels and provides at
its decoder the same number of outpdt channels. The encoded information may include for each subband a
30 discrete representation for each of the input channels and/or an aggregate represeatation for some or all of the

input channels. The aggregate representation comprises a composite audio-information signal and a steering

control signal representing an approximation of the input channel levels for each of the subbands in the
composite audio-information signal.

Figure 2 is a conceptual illustration of how the first embodiment forms the aggregate representation. An

35 encoder comprising processes 204 and 206 receives subband signals representing a sound field from a plurality

of input channels 202. Process 204 combines the input signals into a composite audio-information signal which

it passes along path 208. Process 206 determines input channel levels and establishes a steering control signal

representing the levels of each channel which it passes along path 210. Paths 208 and 210, collectively, are

SUBSTITUTE SHEET



sound field often a desire to mnimze the anpbunt of
information re U|re

Devi ati ons bet wee e%tﬁééegqqﬁ:lggﬁ field and the actual ly reproduced

gh-fidelity reproduction. One exanple
ment i o HLHR7 trix to convey four channBE¥ ‘é$92§8ﬂ§3
i nf or st i ofi on two track medi a. There ig.a desire anong workers in the
audio art, however, to nore exactly preserve the original sound field
whil e at twmmmmémr xedumagnpi-.hegpmmlz rékivés i cdinpbdite Ciannel
reguired Lo [ es dur| ransm ssi on and
recording pFO cg'gs y&’rse'ﬂs%?n'“‘ij MF@%‘PW %‘\’P‘“?F‘Eﬁ?ﬂ%g

my be cmmnﬂyﬁﬂrfmwonf&hméllhldw th reduced infornation

CoBRCLY, St S O efl, 3 o SR SF T iy

storage capacity recor gug é
i nf or mat iSo Abapel sy welleast lecalization ehamrieristics Rbeach af)thost innup ghannsis. A Thecrdepotier recdives an

audi bly i ndaesadarswsmlues @4 10341 ktian chardcfibtich bIAd thakiadt for E&P&M&:ﬂd Ghdgrbides

i nt ended sound

el | nf tion
Rt | on FE s e outputchampel o epragien e focrail RSP e toupd Tt BRrprled e o
reduced w mnnms:bms Thé erz6ded Qijforniation mﬁnaud;uﬁadhyuﬂbynd\aiscﬁwmhmmw

Anal og signa I.ch, ha been sybje di o _conmpr S|on y
range reduc o!n l““é{,:xa gH’%%ose oméfsﬁnfeangr% §5| “"hfmeg tloﬁg“regate

capaci t y1or mmmntmmham compdsits augliveinormation sigial epressatiag dheomet overallSpyidifield level,
signal s eGP dasting ookl EfmatloRistnd bt HdlP Rz Borkult 3BT 3 6t e subbands i the

i nformati on capaclty reqw re nts SI gnal's using a greater
nunber of SPRROsitdiorinfagmatien signal- sTE}ﬁ?ﬂ“h‘BF“ if Frfyreed 49 Bereip jag i mat diggctiopal
anount of weddtction which can be realized wi t hout aud| bly degradi ng audi o

?gag: ;Iyt a;I'heézf ol | ,% g Ear ﬁq{la hs 9 &h%%%e%%%&o S rtgmr e Eart i cul ar.

consi der & |Amnco¢hppiqpnkmg piocesg) 304 addr 306 Lr&ivesssubliahd signals representing a sound field fmm a
plurality of input channels 302, and receives from path 303 information regarding how the sound field is
mapped onto each of those input channels. Process 304 combines the input signals into a composite audio-
information signal which it passes along path 308. Process 306 determines net directions and establishes a
steering control signal representmg the apparent directions of the sound field which it passes along path 310.

20 Paths 308 and 310, collectlvely, are referred to herein as a composite channel. A decoder comprising process
312 receives from path 313 information regarding the number of output channels and the spatial configuration
of output channel transducers in the presentation system, receives a composite channel signal from paths 308
and 310, and apportions composite channel subbands to generate output signals along output channels 314 for
preseatation of the sound field.

25 The encoded signals of the second embodiment may be derived from those of the first embodiment provided
that the relationship between the multiple channels and the desired reproduced sound field is known. In
general, the encoded signals of the first embodiment cannot be derived from those of the second embodiment,
at least for the case of a system in which the sound field isintendedtobe_anied by more than two channels.
This is because many combinations of channel amplitudes can produce the same net directional vector.

30 In practical applications of the first and second embodimeants, the information to the encoder is a multiplicity
of input channels. In the case of the second embodiment, however, the encoder is concerned with the
localization characteristics of the desired reproduced sound field; therefore it must receive localization
information about the input channels and how those input channels are intended to relate to that sound field.
For example, in the case of a five-channel motion picture system having left, center, right, left surround and

35 right surround reproduction by generaily standardized loudspeaker locations, the net directional vector can be
derived from the five channel signals intended to be applied to those loudspeaker locations. A decoder
according to the second embodiment, receiving information as to the playback or presentation environment,

can use the net directional vector to produce a set of signals for the intended five channel playback or
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The inveation is not restricted for use with any particular scheme for generating multiple input channels
Bor any particular scheme for capturing or recreating sound fields. In the case of the first or Type I

10 embodiment, the invention accepts as an input at the encoder any set of multiple input channels, however
derived, and provides as an output at the decoder an approximation of the set of multiple input channels. In
the case of the second or Type II embodiment, the invention accepts as an input at the encoder any set of
multiple input channels with information necessary to define how the producer of the input channels intended
them to produce 2 sound field, e.g., their intended direction with respect to the listener, and provides as an

15 output at a decoder a set of presentation channels which produce the best possible sound fieid commensurate
with the capabilities of the playback or presentation equipment and eavironment.

As discussed above, the present inveation applies to subband coders implemented by any of several
techniques. A preferred implementation uses a transform, more particularly a time-domain to frequency-
domain transform according to the Time Domain Aliasing Cancellation (TDAC) technique. See Princen and

20 Bradley, "Analysis/Sytithesis Filter Bank Design Based on Time Domain Aliasing Cancellation, " [EEE Trans.
on_Acoust,, Speech, Signal Proc., vol. ASSP-34, 1986, pp. 1153-1161. An example of a transform
encoder/decoder system utilizing a TDAC transform is described in International Publication No. WO
90/09022, which is hereby incorporated by reference in its entirety.

Typical single-channel subband encoding, as shown in Figure 4, comprises splitting the input signal into

25 subbands by Filter Bank 1010, converting the subband information into quantized code words by Encoder 1030,
and assembling the quantized code words into a form suitable for transmission or storage by Formatter 1040.
If the Filter Bank is implemented by digital filters or discrete transforms, the input signal is sampled and
digitized prior to filter bank filtering by Sampler 1000. If the filter bank is implemented by analog filters, the
subband signals may be sampled and digitized by Sampler 1020 for digital coding by Encoder 1030. The

30 present invention relates to Encoder 1030 for muitiple channeis of information.

Typical single-channel digital subband decoding, as shown in Figure 5, comprises disassembling the
formatted code words by Deformatter 1050, recovering the subband information by Decoder 1060, and merging
the subband information into a single-channel signal by Inverse Filter Bank 1080. If the Inverse Filter Bank
is implemented by analog filters and the signal is digitally encoded, the subband information is converted into

35 analog form prior to the inverse filter bank filtering by Converter 1070. If the inverse filter bank is
implemented by digital filters or discrete transforms, the digital signal is converted into analog form by
Converter 1090. The present invention relates to Decoder 1060 for multiple channels of information.

In accordance with the teachings of the present invention for encoding, a process called subband steering
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subband codmbamat;r;msf,e&em ifvediica@an caudue Midliph tHlanhéld Rredhitilg a sound field into a mixture
~ of discrete channel representations and composite channel representations. A "steered subband” is a subband
20 in which spectral compoisents from two or more channels are combined into a composite representation. The
composite representation of all steered subbands, comprising composite audio-information signals and steering
control signals, is the "composite channel.” The channels represented by the composite channel are the
"steered channels.”
A steering control signal is generated in either of two ways. The first or Type 1 embodiment shown
25 conceptually in Figure 2 generates a steering control signal which conveys the levels of the spectral components
from all the steered channels. The second or Type II embodiment shown conceptually in Figure 3 geaerates
a steering control signal which represents the apparent directions, or net directional vectors, of the spectral
componeats from all steered channels. :
Also in accordance with the teachtngs of the preseat invention, the eacoding of discrete multiple channels
30 may employ adaptive subband steering. In cases where some number of discrete transmission channels is
highly desired for a particular application, adaptive steering permm discrete channels to be transmitted
whenever possible. With adaptive subband steering, steering of a given subband may be utilized whenever the
transmission channel capacity will otherwise be exceeded by the amount of information required to transmit
encoded spectral components for discrete channels. Thus, the steering process is applied only to particular
35 subbands which otherwise will receive an insufficient channel capacity to achieve a desired level of coding
accuracy. The composite representation of spectral components is encoded rather than the subband spectral
components in the steered channels. )
Further in accordance with the teachings of the present inveation for eacoding, the steering process may
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_ adaptively selected according to signal cqotent and coding requirements. Again by example, subbands from

multiple channels which contain dominant spectral componeats which are out-of-phase with each other can be

adaptively excluded from the steering process because subband steering may produce an audible loss of signal.

Further yet in accordance with the teachings of the present inveation for encoding, signal loss resulting

10 from steering channels with out-of-phase spectral components can be avoided or minimized by any of several
compensation schemes. One scheme establishes minimum levels for the amplitude of spectral components in
the composite channel. Another scheme adjusts the phase of spectral componeats in individual channels prior
to forming the composite channel and passes side information to a decoder enabling it to reverse the phase
adjustments.

15 In accordance with the teachings of the present invention for digital encoding techniques, numerical values
representing the spectral components are quantized into code words, wherein a variable number of bits are
adaptively allocated to at least some of the code words from a pool of bits. The bit allocation is based on
whether, because of current signal content, quantizing errors in some subbands will degrade signal coding
quality to a greater extent than quantizing errors in other subbands. More particularly, more bits are assigned

20 to spectral components Within subbands whose quantizing noise is considered more audible than quantizing
noise in other subbands.

Further in accordance with the teachings of the present invention for digital encoding, the audible effects
of quantizing errors may be reduced by altering the statistical characteristics of the quantizing errors of the
spectral components. In one embodiment, such altering is not used for subbands in which little or no spectral

25 emergy is present.

In accordance with the teachings of the present invention for decoding, whenever subband steering is used
during encoding, inverse steering uses the steering control signal to recover a representation of the steered
channels from the composite channel. For Type I coding, multiple channels of information are recovered, each
recovered channel corresponding to on'e of the input channels. For Type Il coding, one or more channels are

30 generated for presentation on a specific presentation system. The number of channels for Type II decoders
is dictated by characteristics of the preseatation system and are therefore not necessarily equal to the number
of input channels.

Also in accordance with the teachings of the present invention for digital decoding techniques, an adaptive
bit allocation process substantially similar to that used during encoding is performed to determine the number

35 of bits assigned to each quantized code word. This information is used to reconstruct the subband spectral
componeats.

Further in accordance with the teachings of the present inveation for digital decoding, quantizing errors are
reduced by statistically enhancing the reconstruction of spectral components. In one embodiment, such

SUBSTITUTE SHEET



corresponding to trhigsiwéétﬁ-EEBQS‘ %ggpéss filter bandw dths. The subband

anal og signals can rgm h ﬁ] formor convected into in digital form
by sa gua gital transform coders ted
by an;wo B“g/el\%&al requency-donmai n transfor ”?Cq'\?H 52}08’[?3” _
i npl erfent a bank of digital bandpass filtdts. The sanpled input signal is
segnented into "signal sanple blocks" prior to filtering. One or nore
- ad] acent tsiaginisslonbapecaentris agtaped Jorpibbapds i whigh litfe poRR: PRIl energy! ésf present.
- "subbands"  hpagivagous frdaRieds oY the aVantiva Ghd s GHBRAIRIMS ar st fOYeH M Frldt detail in the

transformcoeffigcient_ bandw d hout the fol|ow ng di scussion,
the term ?%m 'Eﬂﬂ'é‘f"é“ é‘?faff“fe"?@fé'? g FEAmPERYIAS AMYiRESdler &

transform coders, and other codi ng techni ques whi ch operate upon portions
of the ugeful signal bandw dth. b er.m."s and" shall refer to these
portions of the useful signal ba | emented by a true
subband coddrigure 1 tis amlicmnm disgmm, xllmmhepmdhwb a sound fidith prodgcednby mulnple

"subband tﬂm&ﬁhm SREES fb“g.jgg

across the useful els’ %Ihggndwl Pﬁ'#or a g‘?{/‘g#? I%rval E&Ekmf tlrre
For true subbanwmwl@hémw illystrgting ja first of Tmﬂmﬂ'ﬂmm

bl ock COWD“I% Bliea mﬁ&mheﬁmf.ms tritinlg 2 SEORPSFypl MEembadifny 8 subbed® steering.

|nterval Fo bba ers | enent ed. b an ana filter bank, a
subband 19| o ;ﬁ? g‘@%""%‘sﬂ’ gfwg@gﬁ'ﬂm "1"%‘?@ encodegy o v al

segnent, ForFxﬁﬁraass‘oﬁmtibﬂdorosk d:agmnhaﬁdnbtheahmwmaesﬂibhhdaeﬁdm al |
transform colg-zf fi | ent cor.r espo sanpl e bl ock. The
1 xsa th?]ncal ?ﬂl #ﬁ&’%ﬁ

i nventors havg'"aet er ri rren ore practi cal purposes,
once the si gﬁah’eHmmwwagnmmwmbmmmqmmmnmhsubbnnd
order of Qfcdagier OWer than the ear's critical bands, when sounds w thin a
subband appear "to conme from one speaker or presentation channel, or from
somre pod?ti ofiswefifacinctionsl block disgramillustspting the besicstrpqruse of theoinvention as it pelates to fubbaad
does not pRedsdigve any sound within that subband coming from

Figure 9 is a hypothetical graphical represeatation of a reproduction system in three dimensions with five

presentation channels.
Figure 10a is a hypothetwal graphical illustration of quantizing inaccuracies inherent in a 3-bit two’s
20 compiement digital repres'entauou of a truncated real value.
Figure 10b is a hypothetical graphical illustration of quantizing inaccuracies inherent in a 3-bit two’s

complement digital representation of a real value with rounding before truncation.

Table I shows the transform coefficient subband grouping, master and subband exponent structure, and
25 coefficient allocation requirements for a preferred embodiment of the inveation as it relates to subband
quantizing when used with a 512 point TDAC transform based encoder for a 20 kHz bandwidth signal sampled

at 48 kHz.

Modes for Carrying Out the Invention
30 The present invention may be implemented using a variety of analog and digital coding techniques. The
invention is more conveniently implemented using digital techniques and the embodiments disclosed herein are
digital implementations.
Digital implementations may employ adaptive bit allocation techniques. The following description of a
preferred embodiment discloses both adaptive bit allocation and subband steering concepts, however, it should
35 be understood that digital implementations of subband steering may be utilized with bit allocation schemes
which are not adaptive. The adaptive bit allocation process disclosed may also be utilized in an
encoder/decoder system without subband steering.
The preferred embodiment discussed below discloses an adaptive steering technique more particularly suited
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Bit Allocator 300 which allocates a number of bits to various subbands in response to coarse quantization
information received from a path 13, steering information received from path 46, and the number of bits
available for allocation received from a path 35 from a Bit Pool 350 shared among at least some of the
channels; a Steering Controller 400 which steers selected subbands into a composite spectral information in
15 response to estimated required allocation thresholds received from a path 21, bit allocation information received
from a path 31, and coarse quantization information and spectral component information received from a path
12; a Quantizer 500 which quantizes the steering and spectral information received from paths 41 through 45
into quantized code words and passes the quantized code words, coarse quantization, and steering information
along paths 51 through 54
20 In this preferred embodlment, the present invention as a Type II encoder further comprises an input path
2 along which the Steering Controller 400 receives information describing the localization characteristics for
each channel signal. |
The basic structure for a preferred embodiment of the present invention as it relates to subband decoding
is illustrated in Figure 8. In this preferred embodiment, the present invention as a Type I decoder comprises
25 an Adaptive Bit Allocation Calculator 600 which determines the number of bits allocated to each code word
during quantizing in response to coarse quantization information received from a path 58, steering control flags
received from a path 59, and the number of bits available for allocation received from a path 65 from a Bit
Pool 650; a Dequantizer 700 which dequantizes the steering control signal received from a path 55 and which
recovers spectral component information in response to quantized code words received from a path 56, coarse
30 quantization information received from a path 57, and bit allocation information received from a path 61, and
which passes along on a path 74 the steering control flags received from a path 62; and an Inverse Steering
Coatroller 800 which reconstructs steered subbands in response to steering and composite spectral information
received from paths 71 through 74 and provides a complete set of subbands for multiple channels of subband
spectral information, each channel represented as portions of a path 81 labeled Ch 1, Ch 2, ..., Ch N.
35 In this preferred embodimeat, the present invention as a Type II decoder further comprises an input path

82 from which the Inverse Steering Controller 800 receives information describing the number of output
channels and the location of transducers such as loudspeakers connected to the output channels.
The preferred embodimeat of the present invention as it relates to encoding and decoding is presented in
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signal . The O%spBdband smupipgs. sampling rates, and transform lengths may be utilized without departing from the
scope of the present invention.

In a preferred embodiment of the invention, the Coarse Level Quantizer coarsely quantizes the spectral
componeats by establishing the exponeat for the spectral components as ex-preued in bliock-floating-point form.

15 Although many formats are possible, the format contemplated for the present invention comprises master
exponents for groups of subbands, one block exponent for each subband, and one mantissa for each spectral
component within each subband.

The mantissa is represented as a signed integer-valued expression expressed in two’s complement form.
In the two’s eomplement form, the mantissa’s most significant bit is a sign bit. The next most significant bit

20 represents data and is réferred to here as the most significant data bit. A sign bit with a value of zero denotes
a nonnegative number; conversely, a sign bit with a nonzero value denotes a negative number. A positive
nonzero mantissa is said to be "normalized® when its most significant data bit is nonzero. A negative-valued
nonzero mantissa is normalized when its most significant data bit is zero. A normalized mantissa ensures that
the greatest number of significant bits for the numerical quantity is contained within the mantissa’s limited bit

25 length.

The exponent is an unsigned integer whose value equals the number of right shifts required to convert the
normalized mantissa into the true value of the represented numerical quantity. The Coarse Level Quantizer
calculates the subband exponents by finding the largest spectral component in each subband and determining
the number of left shifts required to normalize it. Because block-floating-point representation uses one

30 exponent for a block of mantissss, some mantissas in the block may not be normalized. The mantissa for the
quantity with the largest magnitude in the block will be normalized provided it is not too small, i.e., the
exponent is capable of expressing the number of right shifts required to convert the normalized quantity into
its true value. Whether the mantissas are normalized or not, however, the exponent always represents the
number of times each integer-valued mantissa in the block must be shifted to the right to obtain the true value

35 of the floating-point quantity.

Master exponents are unsigned 2-bit integers used to increase the dynamic range of the block-floating-point
representation. Each master exponent indicates \whether the subband exponents within the group of subbands
associated with the master exponent have been adjusted to accommodate lower level signals. Referring to
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the terms "exponent,” "subband exponent,” and other similar terms refer to unbiased exponents ualess a
contrary meaning is expreesly stated. :

20 In alternative embodlments of the present invention, spectral components may be encoded into other forms
snc_h as a set of scaled values with linear multiplicative scaling factors. Other floating-point formats may also
be used. The essence of the coarse level quantizing process is to derive a coarse measure of subband contents,
such as block-floating-point exponents, and a corresponding finer measure of the spectral components within
that subband, such as floating-point mantissas.

25 In a preferred embodiment of the present invention, the Coarse Level Quantizer passes subband exponeats
along path 11 to Subband Allocation Threshold Estimator 200 and along path 13 to Adaptive Bit Allocator 300,
and passes the exponents and the unnormalized mantissas along path 12 to Steering Controller 400.

B. Subband Allocation Threshold Estimator

30 Referring to Figure 7, Subband Allocation Threshold Estimator 200 estimates the number of bits required
to quantize each subband in order to achieve a desired level of signal reproduction quality. The estimate is
made in response to the coarse measure of subband conteats produced by Coarse Level Quantizer 100 which
is received from path 11. In a preferred embodiment of the invention, this coarse measure is the set of
subband block-floating-point exponents.

35 The estimation process is closely related to the nature and degree of the desired signal reproduction quality;
therefore many estimation schemes may be employed. In 2 preferred embodiment, psychoacoustic masking
thresholds are utilized to achieve Compact Disc quality reproduction of multiple channels of wideband audio
at low bit rates. In this embodiment, the bit allocation required for each subband to achieve psychoacoustic
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)

where E = allocation estimate,
F = - 0.4375 (an empirically established factor),
10 TH, = Steering Threshold for subband j (see Table I), and
X, = value of exponent for subband j.

C. Adaptive Bit Allocator
Adaptive Bit Allocator 300 shown in Figure 7 allocates a varying number of blts to the spectral components
15 within the channels. In one embodiment of the preseat inveation, all spectral components in all channels are
quantized solely by bits allocated from a common Bit Pool 350 shared among all channels.

A preferred embodiment of the present invention for transform coders excludes the lowest frequency
transform coefficients from the adaptive bit allocation process and assigns to them a fixed number of bits. If
the lowest frequency traﬁsform coefficients are included in the adaptive bit allocation process, a transform

20 coder will generate audible quantization noise at a frequency equal to the subband block rate whenever an input
signal contains low-frequency spectral components whose period is large compared to the subband block length.
Assuming a 512 point transform with a signal sample rate of 48 kHz, the subband block rate is 93.7 Hz
(or 48 kHz / 512).

The predominant cause is the fact that the portion of the signal represeated by the lowest frequeacy

25 transform coefficient is often inaudible. The adaptive bit allocation process assumes each quantized signal
spectral component will provide some masking of its own quantization noise, but because it is often inaudibie,
the quantized lowest frequency transform coefficient cannot always mask its own quantizing noise.

Another embodiment of the present invention also excludes from the adaptive bit allocation process the
lowest amplitude spectral components. In a preferred embodiment using the block-floating-point scheme

30 described above, the lowest amplitude spectral componeats excluded from adaptive bit allocation are those
components represented by mantissas within subbands having a biased subband exponent value of 15.

Many other variations in the allocation technique are possible. Bit allocations may be based upon chaanel
priority. For example, the channels may be divided into two or more groups, each group of channels having
its own bit pool, the size of the pool being proportional to the priority of the associated channels. Further,

35 such groups may consist of only one channel. In addition, selected subbands from some or all channels may
be excluded from the adaptive allocation process and simply assigned a fixed number of bits.

The allocation process used in a preferred embodiment of the present invention is based on spectral
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multiplicit
allocation process allocates more bits to subbands with larger components, i.e., subbands with smaller subband

exponeats. One additional bit is allocated to a spectral component for every 24 dB increase in amplitude as

20 represented by the subband exponents.

In a preferred embodiment of the invention using the floating-point representation discussed above, each
additional shift required to normalize a spectral component mantissa represents a decrease in spectral amplitude
of approximately 6 dB. For example, the amplitude of a normalized spectral component with a floating point
exponent equal to 0101, is about 6 dB greater than the amplitude of 2 normalized component with an exponent

25 equal to 0110,. A difference of four between the values of two subband exponents equals approximately a 24
" dB difference in the amplitudes of their respective spectral componeats.

For example, all spectral components in subband Y, whose subband exponent has a value four less than
the subband exponent for subband Z, will be allocated one bit more than that allocated to the spectral
components in subband Z. If the diffeﬁnce between exponents is eight, two additional bits are allocated.

30 After the relative allocation is completed, an adjustment is made to the overall allocation to ensure that the
total number of bits allocated equals the total number availabie for allocation. Allocation adjustment establishes
an adjustment value A by taking the total number of bits available for allocation, subtracting the total number
of bits allocated by relative allocation, dividing the difference by the number of all spectral componeats
participating in adaptive bit allocation, rounding down the quotient to the next lowest integer, and adding the

35 result to the relative allocation figure for each spectral component. Note that the adjustment value 4 will be
either a positive or negative number depending upon whether the relative allocation assigned fewer or more
bits than are available for adaptive allocation, respectively. )

The number of bits allocated to each spectral component is equal to the algebraic sum R,+A4. See
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A decoder accoﬂding o tKe decohd enbodi ment, receiving infornation as (2a)
to the playback or presentrati qp enviqr onnment can use the net directional
vector to produce, a gset of| 1si flor the intended five channel playback
or p A= ]'SLOOR 75 %wj m’ _ g_ y (25)

presentation, or for another pMaybagk or presentation environnent using a

di fferent nunber of channels and/ or
S where A = allocation adjustment,

B, = Allocation Basis factor (sée Table I),
M = number of spectral coniponents in all subbands,
N, = number of spectral components in subband j across all channels,
R, = relative allocation to each spectral component in subband j,
10 SB = number of subbands,

T = aumber of bits available for adaptive allocation,
X, = value of exponent for subband J,

" Xox= value of largest subband exponent across all channels,
FLOOR(x] obtains the largest integer not greater than x, and

| 15 INT[x] obtaing_& 'the integer portion of x.

In general, some bxt; will remain after allocation adjustment because the FLOOR function in Equation 2b
returns fractional bits per subband to the Bit Pool. The remaining bits may be allocated in any of several
different ways. For example, they may be allocated by assigning one additional bit to spectral components
across all channels, starting with the lowest frequency components and proceeding to higher frequency

20 components until all remaining bits are assigned. If the signals in particular channels are given 2 higher
priority, the remaining bits may be allocated to spectral components in the higher priority channels. If the
coder system can work with variable length encoded signals, the remaining bits can be retained and added to
the Bit Pool for quantizing subsequent subband blocks. Many other variations are possibie.

In one embodiment, 2 ceiling is imposed upon the number of bits which may be dloat;d to each spectral

25 component. A preferred value for this ceiling for a preferred embodiment of the present invention is 9 bits
per transform coefficient.

The bit allocation process described above for a preferred embodiment of the inveation may be modified
without departing from the present invention. Bits may be allocated to subbands at a rate differeat from one
bit per 24 dB increase in amplitude as discussed above. Furthermore, a variable rate of allocation as a function

30 of subband frequency ‘may be used. For example, by using a value of 6 for the denominator in Equation 2a
for low frequency subbands below some' frequency chosen within the range of 1 kHz to 4 kHz, a relative
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I nternat i t5)3leers Bokbr ﬁ&ElsﬁBhndNQ) retfifde the number of bits requn'ed to eacode the subband block. Without
subband steering in these cases, one or more spectral components in the subband block must be allocated fewer
bits than that indicated i5: necessary by the Subband Allocation Threshold Estimator. This may cause audible
quantizing noise. When a sufficient numiaer of bits is available to allocate to all spectral components, subband
Mg is not required. _

20 The subband steering process combines the spectral components of a subband from multiple chaanels to
form a composite single-channel subband, thereby reducing the number of spectral components which must be
quantized and transmitted. A steering control signal which conveys information about the spectral component
levels of each channel in a steered subband is passed with the encoded composite channel spectral components
to permit the receiving dequantizer to recover spectral components for each channel. If should be appreciated

25 that, in general, the spectrai componente recovered from the composite channel are not identical to the spectral
components a receiver will decode from discrete channels without subband steering. In many instances,
however, the use of subband steering, particularly adaptive subband steering discussed below, causes no
perceptible change in the recovered signal. |

Those bits saved by encoding a composite channel subband rather than encoding a subband for discrete

30 unsteered channels may be used by the adaptive bit allocation process to allocate to other subbands.

In a preferred embodiment of the inveation for quantizing wideband audio signals, subbands which contain
spectral components whose frequencies are lower than a cutoff frequency within the ﬂnge.of approximately

1 to 2 kHz are excluded from steering. More particularly for a transform-based embodiment grouping
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i nvention for encodlng, a process calle band s eering
Many selection schemes are possible, but generally the selection is based upon one or more of the

following: allocation threshold information received from path 21; information of actual bit allocations which
will occur or have occurred without subband steering received from path 31; and spectral component level
15 information received from path 12.

One scheme selects all subbands that will not otherwise receive at least the threshold oumber of bits. A
variation of this method:selects all subbands that will not otherwise receive at least the threshold number of
bits starting with the subbands in which éoding inaccuracies are least objectionable. For example, steering may
start with the highest frequency subband, working down in frequency until Sufﬁcient bits are made available

20 to complete the bit allocation process for all other subbands.

Another scheme selects subbands only from léwer priority channels. In some multiple channel audio
applications, certain channels carry signals intended to be presented in froat of an audience and other channels
carry signals intended to be presented to the side or rear of an audience. In such applications, the front
channels may be assigned higher priority and therefore are the last channels to participate in su_bband steering.

25 Of course, as discussed above, high-p-tiority channels can also be excluded from the steering process.

Yet another scheme selects subbands on the basis of the ratio of spectral component levels between the
channel with the largest spectral component within a given subband and all other channels for that subband.
According to one approach, subbands with the largest ratios between channels are selected first for steering
under the assumption that subbands with such ratios will be less subject to errors caused by out-of-phase signal

30 cancellation. Subbands with out-of-phase components may also be adaptively excluded from steering.
According to another approach, subbands with the largest ratios are selected last for steering under the

assumption that the steering of subbands with small ratios will cause the least change in objective measures of

localization.
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conposite channel subband.
systemmwhlchonlyoneofthechannels is carrying a signal, a composite subband spectral component may

10 differ from the steered spectral componeat by as much as 14 dB (20 log,, 5). If adaptive bit allocation

decisions are made on the basis of subband exponent values, then the subband exponents for a composite
subband established in the same manner as that for unsteered channel subbands can significantly and adversely
affect adaptive bit allocations. Any of several techniques may be used to solve this problem.

First, the actual peak value of each spectral component across all the steered channels may be used to

15 inform the bit allocation decision; however, this technique increases the amount of side information that must
be passed to a companion decoder: Second, the exponent for a composite subband can be set equal to the
exponent of the steered*;hannel subband containing the largest spectral component across the steered channel
subbands, but this technique increases quantizing noise by preventing normalization of the composite subband
spéctral components. Third, the relative allocation (see Equation 2a above) for each spectral componeat in all

20 composite subbands can be increased by one or more bits. This may be accomplished by using a table for
composite subbands distinct from that used for unsteered subbands (for example, see Table I) to establish the
Allocation Basis factor B, or it may be accomplished by adding either a pre-established or an adaptive number
of bits to the number of bits otherwise allocated to unsteered channel subbands. |

On the one hand, this third technique may allocate more bits than are necessary in cases where the spectral

25 information is fairly uniform across the steered channel subbands. On the other hand, this technique may not
allocate enough bits for systems with five channels or more in cases where only one channel within a subband
contains spectral energy; however, this is usually not a problem because such subbands are rarely steered
uniess nonadaptive steering is utilized. Hence, this third technique generally gives good results in listening
tests and is ;:;referred for its simplicity.

30 Unless the process of selecting subbands for steering avoids selecting channels with out-of-phase spectral
components, the preferred method of forming composite subband spectral components from the average of
corresponding spectral components in the steered channels will subtractively combine the ou;-of-phase spectral
components, thereby producing a signal loss in the presentation signal that may be audible. The process of -
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k across all steered channels, is greater than the absolute value of the corresponding sum of spectral
components SUM(k), then the fraction of the largest magnitude spectral component is taken as the spectral sum.
Tlns may be represented as

SCk) . SCK)
suMEy = | —F— i l—=| > |SUM®)| . 0
SUM(k)  otherwise.

20
where F = a factor in the range from 2 to CC, the number of channels included in the steering process.

This scheme does not increase the number of bits required to represeat the coded signal, but it can cause
a companion decoder to generate abrupt phase changes in the reproduced signal. Although the human ear is
relatively insensitive to phase changes in spectral components above approximately 2 kHz, these changes in
25 phase may be perceptible in situations where they also cause abrupt changes in composite channel amplitude
which are audible. |
A second out-of-phase compensation scheme inverts the phase of a channel’s spectral components before
combining them into the composite channel if it determines that less cancellation will occur as compared to the
cancellation without phase inversion. The use of phase inversion is passed as side information to the
30 companion decoder which can restore the proper phase for each channel.
n a preferred embodiment, the relative amounts of out-of-phase cancellation is determined by performing
two interim calculations as the spectral components of each channel are combined with their corresponding
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; [SUM(K),_, + SC(k).] - [SUM®K)_, + SCk).] (3d)

M
P, = ; (SUM(K)._, - SC(K),] * [-SUM(I.:)‘_I - SQk).] (3e)

10 where IP,. = first inner product for the first ¢ channels,
IP,, = second inner product for the first ¢ channels,
k € {set of spectral components in all steered subbands}, and
SM = gumber of spectral componeats included in the steering process.
If the second inner product is greater than the first inner product, the second inner product is taken as the
15 new partial sum and an indication is passed to a companion decoder that the phase of the ¢® channel has been
inverted. Otherwise, the first inner product is taken as the new partial sum and an indication is passed that
the phase of the ¢ chakinel has not been inverted.

This scheme reql.;ires only a modest increase of one bit per channel, but it can adequately compensate for
m-ény signal losses due to out-of-phase cancellation. The increment of compeasation may be decreased by

20 increasing the number of bits used to pass phase change information to a decoder. For example, two bits per
channel will permit the encoder to adjust individual channel phase in incremeats of 90 degrees.

The ability to make phase adjustments depends in part upon the implementation of the filter bank used in
conjunction with the present invention. Phase adjustments can be easily be made for filter banks implemented
by complex-valued transforms such as the DFT. For filter banks implemented by a TDAC transform,

25 however, any phase adjustment other .than simple inversion is more difficult.

For the Evenly-Stacked TDAC transform described by Princen and Bradley, an adjustmeat similar to a 90
degree change in phase can be accomplished by swapping spectral componeats between adjacent subband
blocks. More particul#rly, this TDAC transform comprises the alternate application of a modified DCT and
a modified DST. An exchange of transform coefficients between adjacent DCT blocks and DST blocks would

30 approximate a 90 degree change in phase.

Whether or not the change is actually a 90 degree change in phase is not important. Wha is important is
that spectral components are combined during the encode process in some manner which avoids out-of-phase
cancellation yet permits proper reconstruction by a decode process. Using only two bits per channel, a TDAC
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subbands per channel are included in the steering process. Therefore, eighty-eight bits of side information are

15 required by a 5-channel system to pass subband phas-e inversion information to a decoder.

It should be appreciated by one skilled in the art that an embodiment of the present invention may utilize

the three compeasation $hemes in various combinations.
¢. Constructing the Steering Control Signal
The third step of the steering process constructs the steering control signal which will be used by the
20 dequantizing process in a receiver to recover the steered channel spectral components from the composite
channel. Many methods are possible.

In a Type I embodiment of the present invention, the steering control signal represents a level calculated
from the amplitude, or alternatively the power of the spectral components in each subband for all steered
channeis. A Ml's "caiculated level® for a particular subband may be obtained from the penk value, the

25 average, or other linear combination or weighted sum of the spectral components within that subband for that
channel. A calculated level obtained from the average composite subband amplitude is preferred to avoid
artifacts in the signal obtained from a companion decoder which manifest themselves as a subtle *chirping”
sound.

One Type I method constructs a vector of elements for each steered subband representing the difference '

30 in calculated level between ‘each steered channel and the composite channel. Each element of the steering
control signal vector corresponds to one steered channel and represents the difference between the composite
channel’s calculated level and that steered channel’s calculated level.

A second Type [ method constructs a vector of factors for each steered subband representing the relative
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compensation scheme. In the absence of such exclusion or compensation, however, a simple but adequate
technique limits the factor to a vaiue equal tothennmberoféhannelsmpmenledby the composite subband
if the ratio is defined, and sets the factor to zero if the ratio is undefined, i.e., the composite subband’s

10 calculated level is substantially equal to zero.

A third and preferred Type I method constructs a vector of elements for each steered subband representing
the absolute or non-relative value of each steered channel’s calculated level.

In a Type II embodiment of the present invention, the steering control signal comprises a set of statistics
for each steered subband which represent the sound field localization characteristics for that subband across

15 all channels. The elements in the set represent a statistical measure of the apparent direction of the source of
a multi-dimensional sound field. This set may include one or more directions, the standard deviation, and
possibly higher order statistical measures of sound dispersal about the directions. In one embodiment of the
present inveation, a basic method constructs a vector for each steered subband representing only the primary
spatial direction.

20 The concept of this basic method may be better understood by referring to Figure 9 which illustrates a
hypothetical reproduction system comprising five preseatation channels. Each of these hypothetical preseatation
channels, which correspond to one of the input channels, represents a loudspeaker located on the surface of
a unit sphere. The intended listener is located at the sphere’s center. One of the channels is labeled RF. The
apparent direction of channel RF to the listener is represented by unit vector Di.

25 According to this basic method of Type II coding, steering control signal vector ¥, represents the principal
direction of the sound field for steered subband j. Although a cartesian coordinate system is a preferred

representation for direction, other representations such as polar coordinates may be used without departing from
the spirit of the invention. The steering control signal may be expressed as

3
v, - E L1, DI, = LI,-DI @
30
where DI, = directional unit vector for channel i,

Ll,; = calculated level for subband j in channel ¢,
S = total number of steered channels,
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hypot heti cal graphical representation of a reproduction systemin three

di mensi ons Wagiﬁaqopglgmtensucs Referring to Figure 7, ad:recnonvecmrD'? for each input channe! required by
10 a Type Il embodiment of the invention is provided to the Steering Controller along path 2.

Type Il encoders which employ adaptive subband steering must also pass to the decoder the DI, vector for
each input channel i. This information is necessary so that the decoder can convert the discrete or unsteered
channel subbands into a set of signals suitable for the presentation system.

At the conclusion of the subband. steering process, all spectral components in the unsteered channel

15 ‘subbands and the composite channel subbands should have been allocated sufficient information capacity to
ensure coding noise is inaudible. For digital implementations of the present invention, this equates to allocating
a sufficient number of bits such that quantizing noise will be inaudible.

E. Quantizer _

20 Quantizer 500 prepares a quantized representation of the encoded signal for subsequent formatting into a
form suitable for transmission or storage. The Quantizer receives steering control flags along path 41 that
indicate which subbands were steered and passes them along path 51. It quantizes the steering control signal
received from path 42 and passes the quantized information along path 52. The Quantizer also generates
quannzedspectral code words in respoase to the coarse quantization information received frompnth43 and

25 thespectral component values received from path 44, and passes thequantxzadcodewordsalongpath54 The
coarse quantization information is also quannzed and passed along path 53.

The format of the quantized steering control signal varies according to the method used to construct the
steering control signal. In Type I embodiments of the invention, the steering control signal expressed as a
difference-, an absolute-, or a relative-level vector may be coded as a vector of 8-bit numbers representing

30 levels across 2 chosen dynamic range, for example, a range of 100 dB. By using these numbers as an index
into a lookup table, each 8-bit number can represent a logarithmic incremeat of .39 dB (100 dB / 256).

For Type 11 embodiments of the present invention, a steering control signal expressed as a directional vector

of a sound field may be coded as a block of 4-bit mantissas sharing a 4-bit exponent. Generally, one mantissa
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encoder/ decoder system w t hout subband steering.
10 In one embodiment of the present invention, the audible effects of quantization errors may be decreased

by adding a noise-like signal to each spectral component before quantization. The amplitude of the noise-like
signal is chosen for each spectral component according to the number of bits allocated to that spectral
component so that the mean amplitude of the noise-like sigrial matches the expected quantizing error.
For example, in a system using a two’s complement represeatation in which spectral component mantissas
15 are 8 bits in length, a mantissa may be represented by the notation #.#######, which is a string of seven binary
symbols # following the binary point, and a single binary symbol # prior to the binary point which represents
the sign. Each symbol #inay assume a value of either O or 1. The 8-bit mantissa 0.1100000, represeats the
quantity .75,,, for example. Assuming that three bits are allocated to the mantissa, quantization may construct
a code word of the form #.##, by truncating the 8-bit representation to 3 bits; thus, the minimum and
20 maximum value of the quantizing error is 0.0000000, and 0.0011111,, respectively. The audible effects of
this quantizing error can be reduced by adding a noise-like signal to each 8-bit mantissa before it is quantized.
The noise-like signal can be produced by a pseudo-random number generator which generates values uniformly
within the range bounded by the minimum and maximum quantizing efrors.
| Periodically, the process which generates the noise-like signal is reinitialized. The reinitialization is marked
25 by a “reset” flag included in the encoded subband block which a companion decoder can use to synchronize
a complementary process. The period of the noise-like signal is not critical but is preferably in the range of
from 50 milliseconds to two seconds. Shorter pericds may cause the process to generate' audible artifacts.
Longer periods increase the time required for a companion decoder to initialize or to reinitialize after
synchronization is lost.
30 In one embodiment, the reset flag is a single bit. In an alternative embodiment, the reset flag comprises
two or more bits which provides an index into a table of values used to seed a pseudo-random number
generator which generates the noise-like signal.

In situations where no subband signal is present, the noise-like signal may be audible unless spectral

SUBSTITUTE SHEET



The preferred errboﬂiri r?t I scussed bel ow di scl oses an adaptive steering
t echni que nore par = laced
-12-  t WQIPY 12607 | tsi ng adaptive bit all ocat PET/US92/00133

shoul d be ,under st ood

teering,may be nonadaptive i.e..

utiliZzed contiually. Variations in subband steering are discussed bel ow.
L PREFRED ENBODI

VENT, 1 NV [, ON The_basic, structure for a preferred.
Grboci ot PO Mpiathonng RO P k. | TISPT, (oD mSeAse A oA RIRg ohcing

R34 process
i nvention as a Type | encoder conprises a Coarse Level anti zer 100 Whi ch

i1 1 ustrat eflplbék-Adafidy: foinf replefbntalidli sicids et tisRisked BOVE i1 B} be %J&‘iue to dok &s3

codrsel y quaenemates ngisetlike pigual fon smantishas withinsulibsads davinglerge eposens.or mat i on, each

10

15

30

F. Adaptive Bit Allocation Calculator

Referring to Figure 8 which illustrates the preseat inveation as it relates to subband decoding, Adaptive Bit
Allocation Calculator 600 receives coarse quantization information for both discrete and composite channel
subbands from path 58, steering control flags along path 59, and the number of bits available for allocation
along path 65 from Bit Pool 650. The number of bits in Bit Pool 650 are equal to the number of bits in Bit
Pool 350 of the encoder. The calculator determines the number of bits used by the encoder to quantize each
spectral component code word by using a process substantially the same as the process used by Adaptive Bit
Allocator 300 during the encode allocation process. This information is needed to parse the incoming coded
signal and unpack the spectral information therein.

G. Dequantizer

Dequantizer 700 reverses the process used by Quantizer 500 during the encode process to reconstruct an
approximation of each spectral component from the quantized code words received from path 56. In a
preferred embodiment of the invention using the block-floating-point representation and adaptive bit allocation
process discussed above, bit allocation information defining the bit lengths of the code words is received from
path 61. An unnormalized representation for the spectral componeat mantissas is established using the subband
exponents including master exponents received from path 57. The biased subband exponents are adjusted into
unbiased from, and passed along path 72. 'Asteetingcontrols_ignalisgenmtedinmponsetothaqmtized
steering control information received from path 55 using a process inverse to that used by the encode
quantizing process. Steering control flags received from path 62 are passed along path 74 to the Inverse
Steering Controller. '

One measure of fidelity in coding systems is how closely the amplitude of the decoded or output spectral
components resemble or "track® the amplitude of the original input spectral components. Generally,
discrepancies of no more than approximately .5 dB between input and output spectral componeats are adequate
for many high-fidelity applications.

Spectral amplitude tracking within approximately .5 dB is possible for quantized two’s complement
representations of 4 bits or more, but such tracking cannot be assured for spectral components encoded in a
two’s complement representation using 3 bits or less. A 3-bit two’s complement number can represent eight

integer values from -4 to 3. Within an embodiment of the present inveation utilizing the two’s complement
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The first SER technidue (SER-1) provides a substitute for the least significant bits of each mantissa which
are lost through quantizing because only a limited aumber of bits are available to represent each mantissa. For
exainple, in a system using two’s complement representation in which mantissas are 8 bits in length, and

20 assuming that three bits are allocated to a quantized mantissa, dequantizing without SER-1 reconstructs a
mantissa of the form #.##00000,; thus, the string #.00#####, represents the quantizing error. SER-1 assumes
that the quantizing error is at most barely sudible, and that the error is statistically closer to noise than it is
to tones. It is preferable to assume noise-like characteristics because additive noise is generally less obtrusive
than additive tones. SER-1 statistically reconstructs the value of the quantizing error by generating & noise-like

25 signal with the same mean amplitude as the quantizing error. For the case of the quantizing function shown
in Figure 10a, SER-1 may be implemeated by a function which generates pseudo-random numbers uniformly
within the interval from and including 0.0000000; up to and inciuding 0.0011111,. For the quantizing fuaction
shown in Figure 10b, SER-1 may be implemented by a function which generates pseudo-random numbers
uniformly within the interval from and including 1.1110000;, or -.125,, up to but not including 0.0010000, or

30 +.125,,. It should be appreciated by one skilled in the art that SER-1 may be implemeated by other signal
generators including noise generators with different amplitudes, different amplitude probability density
functions, and different spectral shapes.

In a preferred embodiment, the SER-1 technique is applied to the composite channel and the discrete
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recovers spectral Mﬁ@hﬁaﬁBemfmpmaédTmn in response to quantized code words

recei ved from a quanti zation information received froma
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e
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recei ved from patilék % Eroug ﬂMd pro g'gﬂg c ﬁ'@?‘@”é L3l
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represented as portions of a path 81 labeled Ch 1, Ch 2, ..., Ch N In
t h's pref erP¥5Ee #HB8& nent , - t he present |nvent|on as a Type |1 decoder

further conprms&smmeawanmpﬂm i Reohdls S W .
Controller 800 receives Intormat]on é‘esc |ng e an'Ln%“ {hgﬁh‘g&e‘ u block
channel s Sirfatidgepoinoepreseantionf discisasdablore it tag uﬁdasxﬁsle tonissl SERC-2 Ik IsGbbadds Bowtichditdeor
t he out put channel s. The peferred enbodi nent of the present

i nvention &8 ’P@“r'él%&“f‘b"’ér\‘cﬁ@l%d steadyolawrieyel noisg signal mhay be audible unless
-13- spectral componeats in neighboring subbands can mask it.

The second SER technique (SER-2) statistically alters the quantizing error in 2 manner complementary to
that described above for the encoder. In response to a "reset” flag in a coded subband block, the decoder
10 reinitializes a process which geaerates a noise-like signal identical to that generated in the companion encoder.
The signal is scaled to match the expected amplitude of the quantizing error and subtracted from each spectral
componeat after dequantization. SER-2 is not used in situations where the complimentary process was not used

in the companion encoder.

15 H. Inverse Steering Controller

Inverse Steering Controller 800 reconstructs a discrete channel represeatation of the composite channel in
response to a steering coptrol signal, steering control flags, coarse quantization levels, and spectral component
values received from paths 71 through 74, respectively. Coarse quantization level information and spectral
components for unsteered subbands also received from paths 72 and 73 are passed through to the inverse filter

20 bank along path 81.

In a preferred embodiment of the present invention, steered subbands are ideatified by the steeting coatrol
flags received from path 74. Spectral componeats for each of the steered subbands represeated by the
composite channel are generated in response to the steering control signal received from path 71, composite
channel subband exponents received from path 72, and the composite channel spectral componeats received

25 from path 73. In general, the reconstruction method is inverse to that used to create the steering control signal
during the encode process. The following paragraphs discuss reconstruction methods that may be used for each
of the construction methods discussed above.

For Type I embodimeats using a difference-level vector steering control signal. the reconstruction method
can generate spectral components for each steered channel by algebraically adding the corresponding element

30 of the difference-level vector to the corresponding composite channel spectral component value.

For Type [ embodiments using a relative-level vector steering control signal, the reconstruction method can
generate spectral components for each steered channel subband from the product of the elements in the relative-
level vector and the corresponding composite channel subband spectral component values.
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W th a val uempéns@tion echelme 0l the absence of such exclusion or compensation, hmwever, a simple but adequate

more detail in theH‘, ﬁsectlons Al ternate enbodi ments and structures

technique limits the factor to a value equal to the number of channels represented by the composite subband
if the ratio is defined, and sets the factor to zero if the ratio is undefined, i.e., the composite subband’s |
15 calculated level is substantially equal to zero. |

Type Il embodiments use a dnrecnonal vector form of steering control signal. In order to preserve the
spatial characteristics of the encoded signal, the reconstruction process must take into account the number and
location of loudspeakers installed at the decoding site in order to adjust the amplitude of the reconstructed
steered channel subbands fed to the presentation channels. The direction vector DO, for each preseatation

20 channel i is provided to the Inverse Steering Controller along path 82.

A preferred Type II reconstruction method can generate spectral componeats for each steered channel by
apportioning the spectral componeats of the composite channel to one or more presentation channels so as to
obtain a sound field with the spatial orientation, and possibly the .dispersul characteristics, of the subband
represented by the steering control signal. The apportionment to each spectral component is proportional to

25 the calculated level for its presentation channel subband. _
By applying Equation 4 to the presentation system, the steering control signal may be expressed as

Zw = 10,-DO0 &)

i=1
where DO, = directional unit vector for presentation channel ;,
30 LO,; = calculated level for subband j in channel i,
S = total number of steered channels,

i'.} = steering control signal vector for subband j,
DO = directional unit vectors for all steered channels, and
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The total level for all steered channels represented by the composite subband is S-L,.
15 Output levels for each channel i in subband j which preserve the loudness and directional characteristics
of the original sound field may be established from adjustments to the LD vector obtained by rewriting the

right hand portion of Equation § as
V, = (L0,;+J)-DO  such that ®
G,-00 = K,-& for all j ©

20 where @, = desired adjustments to the LD; vector,
= length of the Q} vector, and
® = a vector as described below.
The & vector has no net direction, but the sum of the absolute value of its elemeats is one. It represents
a set of calculated levels for each channel in a given presentation system which generates a sound field with
25 no net direction. The & vector can be derived by techniques which solve an undercontstrained system of
linear equations. See for example, Press, Numerical Recipes: The Art of Scientific Computing, New York:
Cambridge University Press, 1986. Hence, the Q'j vector for each subband j can be obtained by solving
Equation 9 rewritten as
Q = k,-8-po™". - (10)
30  The direction of the ¢ vector is established by the product of the DO matrix and the & vector, both of
which are known.
The length K, of the vector represents the difference between the desired level S-L, and the total level of
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the master exponent for that gf oup |s set to two and the subband exponents
in that group ar rg Pﬁpfour If all subband exponents in a group are
si=x or greater, f *ponent for that group is set to three and al¢V
subband exponents |n that group are reduced by six. Wien a nmastér exponent

is set to one, for exanpl ' el&l% hlglll'k mant i ssas
wi thin all subbands in thgl\I gfrx‘oup are sh eg %gﬂ;W&@'wmre tinmes
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usi ng shor t girectianab thegowd Sisldsreated hnp peerod subkRpd AR gltemative methiod icanstrigttsacee of statistics

range. A f Oféf eddh Stechdalaidbbasti RIHIERQEnts BulGHI HirddGdaks OPheHuinBer 3f diddEtioRs ay B Hk&, or may
exponent usge? n,th%nner described hero, extends the dynamc range of

each associ 4Pgn the, dispariy; of the, principsldippptions and the amplitude of the ‘subband signal

10 originating from the principal directions.

B. Adjustments to Dynamic Range and Gain
As meationed above, a preferred embodiment of the present invention is capable of reproducing a signal
with a dynamic range in excess of 100 dB. It is not uncommon, however, that some applications do not want
15 or cannot use the full range For example, a broadcaster may wish to compress the dynamic range of the
transmitted signal to improve its signal-to-noise ratio, and an owner of a motion picture theater with high
ambient noise may prefer to compress motion picture soundtracks so that softer soundtrack passages are
audible. Channel selective gain may also be desired to compensate for room acoustics or presentation system
20 Although it is possible to use conventional signal compressors, expanders, and amplifiers to adjust the
dynamic range and gain of a signal before it has been encoded or after it has been decoded, such changes may
be made by the encoder after encoding and/or by the decoder before decoding by altering the subband
exponents.
For example, a two-to-one decrease in dynamic range may be accomplisbed by dividing every subband
25 exponent by two. A 6 dB gain may be realized by adding one to each subband exponent. Furthermore, such
adjustments may be made to selected subbands and/or channels similar to that done by multiband equalizers
by restricting such alterations to selected channel/subband exponents.
Adjustments made by an encoder to the dynamic range of an encoded signal can be reversed by a
companion decoder if the characteristics of the adjustment are known beforehand by the decoder or are
30 provided to the decoder through side-information in the encoded signal.

C. Ancillary Blocks
The present invention may be used to encode multiple channels of information that is interleaved with
blocks of other information which may be either related or unrelated to the multiple channel information. As
35 discussed above, the encoded multiple-channel information is encoded into what is referred to as subband
blocks. The additional interleaved blocks are referred to here as ancillary blocks.
Ancillary blocks are similar to subband blocks, but are blocks which can be processed by an encoder and
a decoder in addition to the subband blocks required to represent the multiple channel information. The
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i s recei u§dpresettTaveaida. J\JstandaH\ﬁl&: spéed i it RGNS P Sdcoddt thuﬂﬁnd dpproRiinaiely 3.9 slibband

coarse Measyig LS rasied mr poure frame to realize a subband block rate of 93.75 Hz. Encoding any number of
blocks in excess of 3.9 blocks per picture frame provides an excess capacity which can be used for ancillary
blocks.

If four blocks are encoded for each picture frame, a four second segment of film containing 96 picture

20 frames will also contain 384 encoded blocks. Within this four second segmeat, only 375 subband blocks are
required to represent audio information. The remaining 9 blocks, the ancillary blocks, may be used for any
purpose related or unrelated to the audio information or the picture. In one embodiment of the inveation, each
segmeat of 128 blocks comprises a fixed sequence of 42 subband blocks, 1 ancillary block, 42 subband blocks,
1 ancillary block, 41 subband blocks, and 1 ancillary biock. It should be appreciated by one skilled in the art

25 that alternative fixed sequences or adaptive sequences are possible, and that a number of subband blocks per
picture frame other than four may be encoded.

The ancillary blocks may carry general information about the encoding process required by the decoder
such as the total sumber of channels, the size of the adaptive allocation bit pool, and the spatial orieatation of
the loudspeaker system assumed by the encoder. These ancillary blocks may be encoded at the start of each

30 reel or throughout the film, either to simplify restarting a film in the middle of a reel or to convey adaptive
information used by the encoder.

The ancillary blocks may carry other information related to the film such as film projector controls, film
editing information, and information for loading into software controlled devices. For example, programs or
tables required by a decoder can be encoded on the film and loaded into decoder memory at the time the film

35 is run for a showing. Decoder compatibility with current and future encoding schemes can thereby be
achieved. The only function required to remain resident in the decoder is the means to identify block types
and load ancillary block data into decoder memory.
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-15- masking is gstindxpd froweihe suhh%ggnetxpongjﬁlfacaafu‘jmf hq»s::&?gxégal ng
Threshol d' val ue shown in Table I. e Steering resno sed on
t he nunber of bits redﬁ??@d for%each speftral conpon I in a sdbBband to
keep quanti zi ng noi se bel ow t he; maksi ng threshol d of 3 single newave

si gnal whose frequency is centeged in thgt subband. ese valu are
conservative figures because wdeband aadi o signals such as nmggic nornmal ly

contain many spectral conponenss and thegnaklng ef fec®s producad by such
signals are greater than the S|$gle 7 : ii
8 8 5 11
9 9 S 10
i0 10 - 5 9
11 11 S 8
12 12~-14 4 8
13 14-15 4 8
14 16-17 4 8
1s 18-19 4 8
MEXP1 16 20-21 4 8
17 22-24 4 8
18 25-27 4 8
19 28-31 4 8
20 32-35 4 8
21 36-39 4 8
22 40-43 4 8
23 44-47 4 8
24 48-51 3 8
25 5257 3 9
26 58~67 3 9
27 68-77 3 9
i 28 78-87 3 9
“ 29 88-97 3 8
30 98-107 3 8
31 108-117 3 8
32 118-127 3 7
33 128-137 3 9
34 138-147 2 - 9
35 148-162 2 8
36 163-180 o] 8
37 181-198 o] 8
38 199-216 0 8

® For the TDAC transform, MDST coefficient O is always zero; therefore the

exponent and mantissa for 0 need not be quantized. The length of MDCT
coefficient O is fixed at 9 bits. :

‘) For the TDAC transform, the bit length for MDST coefficient 1 is fixed at

9 bits. The bit length for MDCT coefficient 1 is established by adaptive bit
allocation. ’ .

Table I .-
Transform Coefficient Subband Grouping
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see Table 1), amnd Xferr] = value %f exponent for subband J.

C. Adaptive Bj . Adaptive Bif A Tocator 300 shown in Fi gure 7
all ocates a. WI“%HHM"“LM ts to thgﬁl?ﬁi;%ral conponents within the
channel s. I n Gnee « of the pres vention, all spectral
conponents in all channels are quantized solely by bits allocated from a

cofmon Bit Pool 350, shared anmon | channel s. . . A preferred enbodi ment
of st he present iﬁv&ﬁF‘ﬁﬁ?ﬁ%f&t 8 rIfe Yymore npuf, HEPPRIRRE £ r equency
transform coeffici ent sidering héins 3egon! | g aYeH afeth

to thema fixed nunber of bits. sIf tﬁ‘?ﬁ&%&‘f@?%%ﬁ%ﬁ?g sf(%??n‘dg SHE
coefficients are included iancompositagighalchawingdts freguenoy spectruss in an plurality of
transform coder w | eneratﬁ@%ud'i bl e quanti zation noise at a frequency
equal to the subband P SwREnever an i nput signal contains

| ow-frequgncy spectral corgieneptiod dedividtial Qtkrials hAd,dinder OBRBAR CedniditidiR, a
subband bl ock length. Assuming a 512 point transformwth a signal sanple
rate of 48 kHz, the s9mpesitesignal,rseid one enpreiindividual signals and said composite

signal having their respective frequency spectra in one frequency band or in
a plurality of frequency bands, and
control means responsive to said steering means for generating a steering -

10 - control signal having one or more components relating to said one frequency band
of said second-recited composite signal or said plurality of frequency bands of said
first or second-recited composite signal. . '

- 2. An encoder according to claim 1 further cbmprising estimation means for
estimating the infogznation—wpacity requirement of said one or more individual signals,
wherein said steenng means generates said second-recited composite signal in response to
said estimation means estimating that said information-capacity requirement of said one or

5 more individual signals exceeds a desired amount.

3. An encoder according to claim 1 or 2 wherein said steering means is not
responsive to at least one but not all of said one or more input signals.

4. An encoder according to any of claims 1 through 3 wherein said steering means
may not generate said composite signal in at least one but not all of said plurality of
frequency bands.

5. An encoder according to any of claims 1 through 4 wherein the values of said one
or more components relating to said one frequency band or said plurality of frequency bands
represent the levels of said one or more input signals.
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: components relating to said one frequency band of said second-recited composite signal or
said plurality of frequency bands of said first or second-recited composite signal, said
~ decoder comprising
_ inverse steering means responsive to said coded signal for generating one or more
10 reconstructed individual signals from said composite signal, and

means for generating one or more output signals in response to said individual signals

and said one or more reconstructed individual signals.

8. A decoder according to claim 7 wherein the values of said one or more
components relating to said one frequency band or said plurality of frequency bands
represent the levels of individual signals represented by said composite signal, and wherein
said inverse steering means generates said one or more reconstructed individual signals

5 having levels substantially the same as said levels of individual signals represented by said
composite signal.

9. A decoder according to claim 7 wherein said coded signal represents a first sound
field and the values of said one or more components represent the apparent direction of said
first sound field with respect to said one frequency band or said plurélity of frequency
bands, and wherein said inverse steering means generates said one or more reconstructed

5 individual signals which during presentation generate a second sound field having an
apparent direction substantially the same as the apparent direction of said first sound field.
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-16= conponent m\m s allocation process nmay be based on

peak-to-peak a square (RVS) anplitude, or other
functi 7ﬁr{‘gna P Wm” al l ocation process may RCH/ASIZ/UIBE| y
on the coar se neasure of subban ntents In a preferred enbodi nent of.
the present |nvent|on this coarse’ neasur® ts the subband exponent

recei ved from p 13 as e;,\*depl cted m,Fwﬂure . For _ease of di scuss on,

t hi-s preferred eRAINE ap iy FOBPEiSiag Hpubsamples, said,encoder
in, the fol Iaﬁwr agr aphs. The al l ocation process first establishes
X[err] whi qual's the value of the |argest subband exponent, hence the
smal | est peak subbandnemctsmﬂhshmgpthe&mmmmﬂgl emkeforfa)lre@béumwmoﬂsaimmﬁut

channels. In this context n the follow ng discussion, "all" refers
only to those o BmRESs 34 oerasﬁﬁepsgm mara!uechramd respestivecens pf said input

|1 tian
2t eg,cat Ihe aﬂggg‘?lﬁ‘ F%ggg%r%esﬁaﬁg elative a‘%‘% ﬁﬂ%ﬂ;otthe ﬁdg spectgal

conponents in althe quamxlﬁgimer of said qrespective lone ®f jsaidt input samiples, E{ldarr] is
cal culated fromthe dlffe nce between X err nd eagh, subband t?:ent
X[ err] dividing this B8 EISEWBWE Gd?e“! F‘F‘B}H'E | GRINQIAIDE $alck GTEDF; val

addi ng an All oca{eg‘?ge&lo ohe off%td ! prelfsérangbt ained froma table of

val ues. Such a ta val ues fo red enbodi nent of the present

i nvention is shownmemstfm quantizing said|newnsdnagle iwith the Isame quantizing exor as that
Conceptuglly, the |on, asis . factor s‘Pown I n TabI e | represent an
i deal bi aIIocamAPk' o1 i EesReryive one of said mput samples.

11. A decoder for decoding a coded signal comprising one or more code words, said
code words providing a quantized representation of an input signal, said decoder comprising,
means for generating an error value for a respective one of said code words,
said error value having a mean and range similar to the mean and range of the
5 expected quantizing error of said respective one of said code words, and
means: for combining said error value with said respective one of said code
words to generate a new representation of said coded signal.

12. An encoder for encoding an input signal comprising one or more sample blocks,
each of said one or more sample blocks comprising time-domain samples, said encoder
comprising

means for generating a transform block by applying one or more discrete
5 transforms to each of said one or more sample blocks, said transform block
comprising transform coefficients represented in block-floating-point form comprising
oné or more exponents each associated with one or more mantissas, and
means for adjusting either or both dynamic range and gain of said transform
coefficients by manipulating the values of said one or more exponents.

—_—

“ﬁﬁ‘iﬁ M~




si gnal having one spectral cohbonenf i n each subband, all conponents of
equal I | m m l | ocation process aI | ocates nore bits to
subbam %%Vara I“lﬁ“gl ﬁl‘l”m , subbands with snal | BETAUSA(AN33
exponents On additi*ond&l bit"is®al’l ocat ed to a spectral conponent for every
24 dB increase in anplitude as represenréﬁ by the subband exponents.

In a preferred nt.of, the inventio sing, the floating-point
representation @”@c@g’a 99%&’%%?&‘1 Hﬂg §F$°§%P?F'°Feem Qp blgeks,
normal i ze e sfgﬁg ﬁgﬁgﬁ% p??@&ﬁ
anpl i tudee&ﬁepﬁ%gg?ggl mateﬁl% B. For eXxa 1e arrprﬂéi c!ke telt 3

nor mal i zédlagkefloating-pointfommncomprising ané Ionanomgenponmts each asspciatedtwithjoné dro
0l101[ err] |s abo I 6 dB ea er thap,the anplitude of a normalized

conponent ™R COMPIEANg o Ollo[err] A d| fference of four

bet ween g he vaI ues o,i, gﬁ% Hoth ém
dB difference is the anpli tﬁh &ﬂ%g:b? resg ct| spe F corrponen{".l

For exanpl e al Ioosﬂimmabymmﬂmngssamonembmd exﬁonedmmdsubband exponent
has a val ue four |ess th 1 he subba Elq;gx onent for subband Z i1l be
%85{?% B

‘al l ocated one bit nn‘F‘?'is OhEeFIAtng 3 Lying9ne.gr more in
i n subband Z. |dadsfifpnidi I
' id a0, AR re| atlve 2 BB, gam)(ﬁﬁﬁlgrete

bits are allocated. Af ter ocatron 1s
- an adj ust nent ioompntmgbmqumpleal | ocation to ensure that the
total nunber of bits allocated equals the total nunber avail able for

all ocation. Allocation adjushnent establishes an adj ustnent value A by
t aki ng the t ot al4.rAmbacodef far ¢ncodingidnoinipet Signalacomprisingn, subtracting the

total nunber of bits allocated Qy relatiy aIIocatlon i.vidi ng the
di fference by the nmmmé‘b é&&!’ﬁbﬁ% qﬂ %’Q"SI“B

adaptive bit alihfadat grﬂomgug .ﬁgmguot lent to the next I owest
i nt eger, and addl ng t g tlative allocation figure for
each spectral corrponmaans ﬂdotgentrhailg anwillary] bietksscomprisingarillary linfoemation, and

21 1 ocat 1bn assi gned PRSI0 FBbBnE said SEmaLbIDHs A Sd PRy bockL e ed o

al | ocation, resggglively.

15. A decoder for decoding a coded signal comprising stgnal blocks and ancillary
blocks, said decoder comprising
means for extracting ancillary information from said ancillary blocks and
altering the operation or the operational characteristics of either said decoder or other
5 peripheral device in response to said ancillary information, and
means for generating an output signal in response to said signal blocks.

16. An encoder for encoding a plurality of input signals, comprising -
means for representing each of said plurality of input signals by spectral
information grouped into one or more subbands, and
means for generating code words representing the contents of said one or
5 more subbands, and allocating a number of bits to said code words from one or more
pools of bits, at least one pool of bits shared by at least one of said one or more
subbands in two or more of said plurality of input signals .

\
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The nunber of bits allocated to each spectral conponent is equal to the

al gebra‘lvc(:)yszu,%‘og[ err”!m,mimﬂ,"l,s””m Equations 2a and 2PbCI'/ S(;r”r 133
i T .39 |

a

_ 17. A decoder for decoding a coded signal comprising code words represenung a
plurality of input signals, comprising
- means for calculating the number of bits allocated to said code words from
| one or more pools of bits, at least one pool of bits shared by at least one of one or
5 more subbands in two or more of said plurality of input signals, and for deriving
from said code words spectral information grouped into said one or more subbands,
and .
means for generating a representation of said plurality of input signals from
said spectral information grouped into said one or more subbands.
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wher e

N err]

R[err]
SB =

A
(see Tabfle 1).
number oPEHRctral cdYABEMBTELECTHA §M§iﬁ°f‘gﬁﬂ?ﬁ§’§ al |

al l ocati on adjustnent,
M = nunber of s

= relative allocation to each s

- ‘\"“- or
S,
fmel s,

Bl[err] = Allocation Ba,
pectral conponents inall s

pectral conpenent in subband
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(57) Abstract

The invention relates in general to the recording, transmitting, and reproducing of multidimensional sound fields intenc
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signal conveying either the relative levels of the encoded signals, or the apparent direction of the sound field represented by
encoded signals. In digital lmplementatlons, adaptive bit allocation may be used to reduce the informational requirements of
encoded signals.




conponents until all remaining bits are assigned. If the signals in
parti-cul ﬁ (C?Z?%I s are given a higher priority, the remining bits may
be all oc Q ect ral conponents in the higher priority chRGHRAISIZ/80138¢e
coder system can work with variabl e | engtfygencoded:isi gnals, the renmining
bits can be retained and added to the Bit Pool for quantizing subsequent
subband bl ocks. Many ot her variations are possible. In one
enbodi ment, a ceiling is inposed upon the nunber of bits which may be

al l.ocated to each spectral conponent. A preferred value for this ceiling
for a preferred enbodi nent of the present inventionis 9 bits per
trahnsform coefficient. The bit allocation process described above
for a preferred enbodi ment of the invention may be nodified wi t hout
departing fromthe present invention. Bits nay be allocated to subbands at
a rate different from one bit per 24 dB increase in anplitude as

di scussed above. Furthernore, a variable rat il ocation as a function
of subband frequency nay be used. For exa by using a value of 6 for

t he denom nator in Equation 2a for | ow guency subbands bel ow sone
frequency chosen wthin the range of 1 kHz to 4 kHz, a relative
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al l acation of one bit per ™36 dB increase in anplitude can be allocated to
spectral conEonents I n those subbands for audi o applications where the

| ower fr bectral conponents are very inportant to per BET/ES92/0e433I
qual it y. * An adaptive subband steering pfgpcess is described bel ow which
adapts in response to adaptive bit allocation requirenments. If an encoder
utilizes such a subband steeing process, the adaptive bit allocation
protess may be reinvoked to allocate bits only to the unsteered subbands
and, the subbands in the conposite channel. In a preferred enbodi nent of the
I nvention, the adaptive bit allocation process occurs in response to
steering control flags and conposite subband exponents received:-from
Steering Controller 400 al ong path 46, am@pg he exponents for those subbands
not steered received frompath 13. 210

D. Steering Controller 1.
Overvi ew Whe atii on_Thtesheld mat es
that nore bits ar ﬂE%J‘TﬁRM\IN ock

to achi eve a desi
steers one or nor
t he subband bl ock.

spectral cogpenen

e subband bl ock nusq{ be allocated fe

nufb
sub SﬁE ring in these cases, j?= dar tnor e
\fr

\ @- — 208 ! —JLD-
! > COMBINE / APPORTION |
> CHANNEL > CHANNEL |—
SUBBANDS SUBBANDS [
204‘// \\‘212
/ 306
310
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302 314
\ 308
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bits thap that indicated as necessary by the Subband Allocation Threshold
Estimator. This may cause audi bl e quantzing noi se Wien a sufficient nunber
of bits WOSI269% ¢ to allocate to al |l spectral conponents, POBSESS2/00133

steering i s not required. The subbargf9st eeri ng process conbi nes the
spectral conmponents of a subband fromnultiple channels to forma
conposi te singl e-channel subband, thereby reducing the nunber of

spectral conmponents which nust be guanti zed and transmtted. A steering
control signal which conveys information about the spectral conponent

| evel s of each channel in a steered subband is passed with the encoded
conposi te channel spectral conponents to permt the receiving dequanti zer

to recover spectral conponents for eagh channel. It should be appreciated
that, in general, the spectral conponefts recovered fromthe conposite
channel are not identical to the spectfal conponents a receiver wll

decode from di screte channels wi thout pubband steering. In many instances,
however, the use of subbad@ sffeering partrcuranly adaptive subband steering
di scussed bel ow, causes na> perceptil changg in the recovered signal
Those bits saved by encodig a conpos¥ee channgl subband rather than
-encodi ng a subband for disQézfe uné:?ered chlannel s may be used by the

‘adaptive bit allocation prosegs to al ate to |ot her subbands. ~In a
preferred enbodi nent of the ingvention r quantfi zi ng wi deband audi o
signal s. subbands whi ch cont ai|n spectral cgnmponents whose frequencies
are lower than a cutoff frequency wthh the rgnge of approxi nately. to

2 kHz are excluded from steerilng. Mor articullarly for a transform based
enbodi nent groupkpg _
2]
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transformcoefficients into subbands such as that shown in Table I,
subband nunbers zero to sixteen are excluded fromsteering. O her

vari ati oNO9%IR6BL excl udj ng some or all subbands from hi gh pPCBfUS92/00133
channel,s, or including all subbands in-al4fochannels in the steering process
are possible and do not depart fromthe scope of the present invention.
In the foll owi ng paragraphs, the terns "all subbands" and "all channel s"
ar e~ used to refer only to all subbands and channel s which participate in

the steering process. 2. Steering
Process Description - a.
Subband Sel ection When subband steering is required, the first step
of the steering process selects whichg subbands will be steered. In a
preferred enbodi nent of the invention|information pertaining to the
subbands sel ected for eering is pgassed along path 41 as a set of
steering control flags. Tde sfeering g ol Ml ags and conposite subband
exponents are passed to @aptli ve Bit Iocator| 300 along path 46 for bit

real | ocati on.
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Many sel ection schemes are possible, but generally the selection is based
upon one ‘ﬁ’éﬁ?{ f the followng: allocation threshold infornmation
recei ved %8 h 21; information of actual bit allocati onsP&AYER92/00133 |
occur qQr have occurred without subband st®&ing received frompath 31; and.

spectral conmponent |evel information received frompath 12. One
scheme selects all subbands that will not otherw se receive at | east the
t hreshol d nunber of bits. A variation of this nmethod selects all

subbands that will not otherw se receive at |east the threshold nunber of
bits starting with the subbands in which coding i naccuraci es are | east
objectionable. For e—S | dhe highest

frequency su nd, ng sufficifent pits are

made avail abl e to ete ess for jall pther
subbands. Ano sche y fromlfower| priority
channels. [In sgnye pl e i cationg, certain

ont of an audi ence and

channel s carry signal ende
other channels e cajry gignals I nténde be lpresent €0 to+ the srde or
rear of an audience. !In such applncatlons ] the-fromt channeis may be
assi gned hi gher ®ario and_t ore are the last ichannel g to
participate in subb t eer ure, I scusseq abobe,

hi gh-priority channel al s exc f t he steering| process.
Yet anot her sc se sub on asi s he rati @ of ppectral
conponent | evelgnbet he
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channel with the |argest spectral conponent within a given subband and al
ot her channel s for that subband Accordi ng to one approach, subbands-
with thevwgﬂ86§¥m7atios between channels are selected first POT/S$22#00133
under t;he assunption that subbands with $/8h rations will be | ess subject
to errors caused by out-of-phase signal cancel l ati on. Subbands w th
out - of - phase conponents may al so be adaptively excluded from steering.
Accordi ng to anot her approach, subbands with the |argest ratios are

sel;ected last for steering under the assunption that the steering of
subbands with small ratios will cause the | east change in objective
measures of ' - 20-
b. Form ng the Conposite Subband The second step of the steering

process fornms conpositegchannel asubbands py conbi nigng the spectral
- o ™ <t
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conponents of the individual steered-channel subbands sel ected for
steerlng A Ere erred nethod sets each spectral conponent value in the
conposi t & 97 equal to the average of the correspondi ngPEPHAISI2400133
conponent values in the steered channels.7Mternative nmethods may form

ot her linear conbinations or weighted suns of the spectral conponent val ues
in the steered channels. According to this preferred nethod, spectral
components in each conposite subband may grossly misrepresent t he anplltude
of .spectral conponents in the steered channels. For exanple, ina ~

fi ve- channel systemin which only one of the channels is carrying a 5|gnal
a conposite subband spectral conponent may differ fromthe steered spectral
conponent by as nmuch as 14 dB (20 log[err] 5). If adaptive bit allocation
decisions are nmade on the basis of subband exponent val ues, then the
subband exponents for a conposite subband established in the sane manner
that for unsteered channel subbands can significantly and adversely affect
adaptive bit aIIocations”FAny of severzgktechniques may—pe used to sol ve
this problem First, the actual val ue of each Spectral conponent

across all the steered chaanels may be ed to i nformgshe bit allocation °
deci si on; however, this tgghnique |ncrg§§es the anount eh side infornatic:¥:3
that must be passed to a conpani on decdder. Second, the exponent for a
conposi te subband caﬁ'BE‘§ETEEaN V’—“rﬁe""exponeﬂf“f’the—sgeered chaqne I
subband containing the larg I steered
channel  subbands, i i : d tl'lnq n- se by
preventing nor i $i ' onponent s

Third, the relgivi _
conponent in ag ,onp05|te subbands can be |ncreased by one of nore bits.

This may be acBbnp|ished by ysiyezaptaht ey 0, 1 ] 2
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conposi te subbands distinct fromthat used for unsteered subbands (for
exanple, see Table |1) to establish the Allocation Basis factor B[err] or
it may bWQO2I2687 shed by adding either a pre-established or BETAISY2/00133
nunber, of.bits to the nunber of bits otl88w se allocated to unsteered
channel subbands. On the one hand, this third technique nmay all ocate
nore bits than are necessary in cases where the spectral inforntion
issfairly uniformacross the steered channel subbands. On the other hand,
this technique may not all ocate enough bits for systens with five
ch&nnels or nore in cases where only one channel within a subband

cont ai ns spectral energy; however, this is usually not a probl em because
such subbands are rarely steered unl ess nonadaptive steering is
utilized. Hence, this third techni que generally gives good results in

i stening tests and is preferred for its sinplicity. Unl ess the
process of sel ecting subbands for steering avoids selecting channels with
out - of - phase spectral conponents, the preferred nmethod of formng.
conposite subband spectral conponents fromthe average of

correspondi ng spectral conponents in the steered channels wll
subtractively conbine the out-of-phase spectral conponents, thereby
produci ng a signal loss in the presentation signal that nmay be audible. The
process of

FIG. 9
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-21- formng the conposite subband may avoi d such signal |oss by
|ncorporat| ng any of several out-of-phase conpensation schenes.
Throughdﬁpﬂzﬂ | 1 owi ng. di scussi on of conpensati on schenmes, PCREUSS2/80133
SUM k), . shal I represent the sum of the si%B8tral conponent k within each of
C channels or [err] where c¢ = nunber of channels included in the
partial sum | [err] (set of steered channel s}, and SClerr] =
anpl i tude of spectral conmponent k in channel 1. Thus, SUMK)[err] is a
partial sumin the sense that the "conplete" sum SUMK) includes the
spettral conponents fromall channels included in the steering process, or

[eXr] where CC = number of channels included in the steering process.
| q(z) 4
3 4 —
1 |
1 +
F . . ! ; —
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A first out-of-phase conpensation schenme ensures TrAAGH RAVEFAgeISPEct r als
conponent value in the conposite channel subband % :noet:: u,hstaﬁﬂm ky rhegssak.
thari the |argest of the corresponding individual ¥pectral - reon nt;

If -a fracticon of the absol ute val ue of SC(k)[err]i wfhi gt
magni t ude spectral conponent k across-al | steereﬁi chaniel's,,,

than the absol ute val ue of the correspondi ng sum of spectral corrponents
SUMK), then the fraction of the | arggéﬂm&ut ude spectral. QQHD.OQGQW
k e

.taken as the spectral sum  This nmay -be represent d-as - Ferrimt i

= a factor in the rg RD Mk j ncl uded in
th steering process. e nunber of bits

required to represent the coded signal but it can cause a conpani on

decoder to generate abrupt phase ch he reproduced signal.
Al t hough the

Jeitfcal Field
unBn tively jnsepsitiye t es
spect ral cgdrrp#on"é"g'?m: ove g&%ﬁ% L’?’?R&""P‘% %ﬁahﬂ%&fﬂi‘%“’ﬁﬂmd
may be per interided fonhunian hearing; "Momipaticulartycthe nventionomslatesto fidelity engatingi and
tkioes tﬁagmm‘@fgwﬁﬁmﬁw‘?“ﬁ?‘?{ ?"ﬁ‘ﬂ%‘?‘é‘é‘é‘t“ﬁﬁﬁgﬁﬁ@?@‘s’ st
conponent s SET PR g kad & doclig conio P i

Backeround Art
A. Goal of High-Fidelity Reproduction

A goal for high-fidelity reproduction of recorded or transmitted sounds is the presentation at another time
or location a faithful representation of an "original® sound field. A sound field is defined as a collection of
sound pressures which are a function of time and space. Thus, high-fidelity reproduction attempts to recreate
the acoustic pressures which existed in the original sound field in a region about & listener.

Ideally, differences betweea the original sound field and the reproduced sound field are inaudible, or if not
inmd:bleulecstlehuvelymnoﬁmblolomostlm Two general measures offdehtym *sound
quality® and “sound field localization.® :

Sound quality includes characteristics of reproduction such as frequency range (bandwidth), accuracy of
relative amplitude levels throughout the frequency range (timbre), range of sound amplitude level (dynamic
range), accuracy of harmonic amplitude and phase (distortion level), and amplitude level and frequency of
spurious sounds and artifacts not prescat in tho original sound (noise). Although most aspecis of sound quality
aro susceptible to measurement by instruments, in practical systems characteristics of the human hearing system

mycbm»eﬁm)mwbhamﬁvdymkauemhmkwmfm%
“original® sounds.

Sound field localization is one measuce of spatial fidelity. The presecvation of the appareat diréction, both
azimuth and elevation, and distance of a sound source is sometimes known as angular and depth localization,
respectively. In the case of certain orchestral and other recordings, such localization is intended to convey to
the listener the actual physical placement of the musicians and their instruments. With respect to other
recordings, particularly multitmekl'eeordingspmduee(! in a studio, the angular directionality and depth may
bear no relationship to any “real-life” arrangement of musicisns and their instruments and the localization is
merely a part of tho overall actistic impression intended to be conveyed to the listener. In any case, one
purpose of high-fidelity multi-channel reproduction systems is to reproduce spatial aspects of an on-going sound

field, whether real or synthesized. Acwi!h:ecpeetlosoundquality in practical systems measurable changes
in localization are, under certain eondllions. inaudible or relatively unnoticeable because of characteristics of
human hearing.

| Bmwithnspectbﬂmmo:dmgsinwhlehﬂwlouﬁutionkinwndedtomveythoimpmsionof
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cortbing theminto the conposite channel if it determnes that |ess
cancel lation will occur a conpared to the -cancel | ation w thout phase ~

i nversion. The use of phase inversion is passed as side information to the
cosipani on decoder which can restor the proper phase for each channel.

In a preferred embodi ment, the relative Zmounts of out - of - phase
cancel | at | on

. Spoct PePs s B PP g AET e ot Ryt Bl il

corr espondhmmtmdmndmmgmdtm:ding.ewhofwhich:uuluinthsugmﬁngofmndﬁeldslhddlffet

-E22-t parg.tgﬂlonsumuT fﬁow.amww by artishb it techhiodp judgteats aRll gaebrentes) the
quati on

For med by P pls Bt e Y s %@r"d“‘“ Wﬁ%%%éﬁ‘%o

t he corr esipdpoiétics) Imhlmwwmmmqﬁ ueB-nt eri m

cal cul at i on, priug SidioR ahd QbitionSiaitibleis aarmrueawwduct
of a second set .of  val

conponent soueskilladin the u'feaﬁ'ﬁg’rﬁéd %M’aw ea%gd‘% oo orrp&"‘ént

Spec ra
partlal smwmmmommmmmrmw-wmmmamﬁ possessing

specific characteristics in sound quality and sound field localization. Tho sound field presented to the listener
may closely approximate the ideal sound ficld intended by the producer or it may deviate from it depending
on many factors including the reproduction equipment and acoustic reproduction eavironment.

In most, if not all cases, the sound field producer works in a relatively well defined system in which there
are known playback or presentation eonﬁguntionsahd eavironments. For example, a two-channel stereophonic
recording is expected to bo played back or preseated by either a steseophonic or a monophonic playback oc
preseatation system. The recording is usually optimized to sound good to most listeners having a wide variety
of stereophonic and monophonic equipment ranging from the very simple to the very sophisticated. Asanother
example, & recording in stereo with surround sound for motion pictures is made with the expectation that
motion picture theaters will have either & known, generally standardized arrangement for reproducing the left,
ceater, right, bass and surcound channels or, altematively, a classic “Academy* monophonic playback. Such
reeordingsarealsomadewuhtheexpecuuonthauhey will be presented in home listening edvironments with
equipment ranging fmmatelevnsionthhoumullbﬁspuhrbmhﬁvdynphimmedhommnd
mﬂqmwhkhdosdym;mﬂmundmudw

Ammwﬁrm«wmhummwwmam
electrical signals, Suchnguuumdlyconstimomormomehmelsdlhepomofmndﬁeldupm
(“capture channels"), at tho point of sound field transmission or secording (*transmission channcls®), and at
the point of sound field presentation ("presentation channels®). Although within some limits as the number of
theso channels increases, the ability to reproduce complex sound fields increases, practical considecations
imposo limits on tho number of such channels, |
" Barly sound recording and reproducing systems relied on single transmission and preseatation channels.
Later, multichannel systems camo into use, the most popular of which for music continues to be the
stereophonic system, comprising two transmission and presentation channels. Motion picture and home video
sound systems commonly employ four or more presentation channels. Techniques such as audio matrixing
have been used to reduce the aumber of transmission channels, pasticularly for carrying audio information for
four presentation channels in the two track media of motion picture optical soundtracks and home video. Such
maltrixing techniques permit an approximate reproduciion of the sound field that would be produced from four
presentation channels carried by four transmission channels. Bxisting matrix techniques, however, result in
s degradation of the reproduced sound field, particularly with respect to the separation between preseatation
channels, even when matrix enhancement circuits are employed in the recovery of matrixed sound signals.

This is the rep\acement sheet

17 Fep B9
Date:



calcul ati ng [err] where IP[err] = first
c channel s IP[err] = second inner product for the first c
channel s,

k [err] {set of spectral conponéents in all steered
subbands), and

SM = nunber of spectral conmponents included in the
steering process. |f the second infér product is greater than the

Sum and an (AR, debitfng p%%om%%t%e ﬁﬁ%‘gﬁ“t‘)‘#‘
t he c[ err]cbameln thequghoutthp

I's taken. amemh.e new part|aI sum and an
phase of the,g

I nner product for the first

[ nd| catlon S passed that the

requires on st 1 nCrease .o |t rtogdaor'tmdeﬁddbgm&t can -
adequat el y“‘t% Hrtr’g“&l"é "'3 0&'@‘8 WY chopse how Jpany capturo

cancel | ati Mmeumrmmmommﬁemu t‘.m-ppdyohetldeqnmehﬁehy The sound field
1 ner easi NOyd il b S thartlisfl haddd 565 0P 4t otttk W'cdas e
ecoder exarrp WO per
transmission. MIMmycMonmenumbuofymchamls or the choice may
beduclﬂedbyﬂulwtener‘supmduclngequipmenl.tequinng.(orcnmplethatumudfeldmotdedmatwo
channe{ stereophonic format be played back or preseated through a single monophonic channel system. The
listener may also choose where transducers or loudspeakers reproducing the channels are placed in a listening
eavironment and whether to “enhance™ or modify the sound by boosling or culting postions of the sound
spectrum or by adding revesberation or ambience. In some cases, the listener has little control such as in
" motion picture theaters.
mnumbetofchmndsemployedbyllwsymm,hawwer should not be a source of concer to the listener
once the system is set up and operating. The listener’s atteation should not be audibly attracted by such
technical details of the sound system any mose than & viewer should be visibly aware that color television uses
only three colors rather than the entire visible spectrum. '
Devistions between the desired sound field and the actually reproduced sound field often arise because of
* & desire to minimize the amount of information required to achieve high-fidelity reproduction. One example,
meationed above, is the use of a matrix to convey four channels of sound information on two track media.
‘Thero is a desirc among workers in the andio art, however, $0 moro exactly preserve the original sound field
Whuhmﬁmmmm&emﬁhfomm:dhmthMd
duduglheluusmasionmdteootdmgm Bymdudngtheamounlofrequiredinfomﬁon.umlsmy
B umdwumﬁmmmmnmm«m such as lower bandwidth or noisier
maﬁﬁmpms.uwwmgupﬁlymmgm ldenlly.mchmamgementwuhmduoed
mmmmmmmmm«.mwmmmwumﬂy
hdislinguishbleﬁom&noﬁgindlyinhndedmndﬁeld

B. Infonuation Reduction 'l‘echnlques
Informational requirements can sometimes be reduced without loss of perceptible audio quality by various
" techniques. Analog signals which have been subject to audio compression or dynamic range reduction, for
example, impose lower transmission information capacity requirements than such signals without compression.
Digital signals encoded with fewer binary bits impose lower transmission information capacity requirements
than coded signals using a greater number of bils to represent the signal. Of course, there are limits to the
amount of reduction which can be realized without audibly degrading audio quality. The following paragraphs

discuss limitations more particular to digital techniques, but it should be reslized that corresponding
considerations apply to analog techniques as well.
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channel  will permt the encoder to adjust individual channel phase in
I ncrenments of 90 degrees. The ability to mak phase adjustnents
depends in part upon the inplenmentation of the filter bank used in

conjunction with the present invention. Phase adjustnents can be eaS|Iy be

made for filter banks inplenmented by gonpl ex-val ued transforns such as
the DFT. For filter banks inplenented by a TDAC transform however, any

phase adj ustBiEe{uiseddanrfod digial signilphre piopottsnal 16 the nGmbEp Ebis infel ioxeprésent each digitioal
.t he Evenl y-.

‘adj ust rrent 5| %ﬂgo a g‘%iwg{égree %%n%&@cﬁ%ﬂﬁg %%d

acc
by svvappl dj acent subband bl ocks Mor e -
particul arl ymtdﬁnimi%lmgmsiﬁmmmﬂm%mlmww haldstthabsisigfal o

modi {1 ed Dl 8aursety oSGl foia! .A@W f
bet ween aclﬁcent bI o Ks, and DST bl ocks woul d approx ﬁ?ﬁnﬁhﬁ%&&m
the prsigd of the sempgeats Whea thesippling sate jg

tea
degree cha

bedaw this Nyayist
degr ee chawemgm-nb@my Wi River-frequeiOdoimPdtients. SThe lowet-fidjaency

mmmmd

which avor SRSt ifa Afis §RW S0, 1€ SICTCR PPOCEDS 1 o mmAnet

reconstruct i &ke wunber of bitswyailable for sepeeseating qach digitized signsl somple Mrepracy of thoy\C
signal representation by the encoded signal samples. Lower bit rates mean that fewet bits are available to
srepresent each sample; therefore Jower bit rates imply greater quantizing inaccuracies or quantizing errors.
In many spplications, quantizing errors are manifested a3 quantizing noise, and if the ecrors are of sufficient
mgmwde.theqmmiﬂngmwdldegudetbembjmthtyoﬂheeodedﬁgnd

Somepdofautechmquesclumtondmmfomumuqnimnuwithmumymdlblcdegndaﬁouby
exploiting various psychoacoustic effects. The human ear displays frequency-analysis properties resembling
those of highly asymmetrical tuned filters having variable center frequencies and bandwidths that vary as a
function of the ceater frequency. The ability of the human ear to detect distinct tones and resolve their
direction generally increases as the difference in frequency between the tones increases, however, the car’s
resolving ability remains substantially constant for frequency differences less than the bandwidth of the above
mentioned filters. Thus, the frequency-resolving and direction-discerning ability of the human ear varies
according to thio bandwidth of these filters throughout the audio spectrum. ‘The effective bandwidth of such
an suditory filter is referred to a3 & “critical band.” A dominant signal within  critical band is more likely
to mask the audibility of other signals, even signals with a different apparent direction, anywhero within that
ctineallnndlhanuisllhelytomaskolherugnﬂsuﬁequmuoulsldethucnﬁedhud See genenlly, the

* Audio Bnginceiing Handbook, K. Blair Benson od., Mchv-Hill San Francisco, 1988, pages 1.40-1.42 and
4.8-4.10.

Signal recording, MM«MWM&%%WMW&M
Mmmmmmmﬁmmw-mudbmammmnmwenm
than wider band techniques. Critical band techniques comprise dividingthe signal bandwidth with a filter bank,

© * processing the signal passed by each filter band, and reconstructing a replica of tho original signal with an
inverse filter bank. Two such techniques are subband coding and transform coding. Subband and transform
coders can reduce transmitted information in particular frequency bands where the resulting coding insccuracy
or noise is psychoacoustically masked by neighboring spectral componeats without degrading the subjective
quality of the encoded signal. '

Subband coders may use either analog or digital techniques, or a hybrid of the two techniques. The
subband coder filter bank can be implemented by a bank of digital bandpass filters or by. a bank of analog '
bandpass filters.

For digital filter subband coders, the input signal is sampled prior 0 filtering. The ssmples are passed
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-23- -encoder can indicate to a conpani on decoder which of four ways it
conbi ned channels: (1) wi thout phase inversion within the same subband
bl ock, «(2) with phase inversion wthin the same subband bl ock, (3)

wi t hout phase inversion but with swappi ng between adj acent subband bl ocks,

and (4) with phase |nver5| on and with swappT Ng between adj acent subband
bl ocks. A co

Ni, O c n reve t.he
reconstruct t Q’e‘-r{'g?? chan "‘Fﬁu %i"'ﬁ'ﬁ 'é"gge‘@?r corrponen'?‘g‘lm

bet ween adj aml%MaWemojw gonll spectewny act i ve i n enbodi ments of
the present lnmwmmmwmmmummmmm.wmm

the nodi fied DCT a dj f DS e d neur nt.
I mpl ement atloﬁwmfhﬂ&ﬁ% eg'(':"rl -I'-i b""1(‘)"'?“¥ern 'f“%a‘f f"on%%

90/ 09022, ref @mmm'oéndmith!»nmlw gHentizings e

conpensatlon schene:
|s|5||mlar totb&icaaaﬁfmnﬁ&h%% abomammm.nm«h uency-domain
calculation o

Simpleméittd
Cal Ul L1 0N O e wiBAEhS £k P Gl B Gpehida! Tl | eaﬁ.mhagnn?. segmented into
'; “signal sample blocks® prior to filtering. One or more adjacent transform coefficients can be grouped together
' to define “subbands® having effective bandwidths which are sums of individual transform coefficient
" bandwidths.

Thmghomdnfonoﬁngd'mmem‘mbhndeod«' shall refer to truo subband codecs,
transform coders, anddhemodmgbquueswbkhombuponp«houoﬂhomfuldgndhndmdm.
The term “subband® shall refer to theso portions of tho useful signal bandwidth, whether implemented by a true
subband coder, a transform codes, or other technique.

The term “subband block” shall sefer to the representation of the spectral energy across the useful signal
bandwidth for a given interval or block of time. For true subband coders implemented by a digital filter bank,
a subband block comprises the set of samples for all subbands over a given time interval. For true subband
coders implemented by an snalog filter bank, s subband block comprises all of the subband signals for a time-
interval segment. For transform coders, a subband block comprises the set of all transform coefficients

. corfesponding to a signal sample block. '

‘The inventors have determined experimentally that, for practical pusposes, once the signal has been split
into subbands having bandwidths on the order of or aarrower than the ear’s critical bands, whea sounds within
& subband appesr fo come from one speaker or prescatation channel, or from some position between two
speskers or presentation channels, then the ear does not perceive any sound within that subband coming from

" anywhere else. This effect is illustrated conceptually in Figure 1; listener 101 is percéiving that sounds within
a subband como from point 111 between loudspeakers 102 and 104eveuthoughmadswiwinthembbmd
muymﬁumlmdspukullozmghuo. .

mmamm&mwhﬁqmywm&-nymmudmwu
seproduced by sepasate presentation channels such as loudspeakers or headphone transducers, & listener is able
to perceive that each of the two signals originates from a distinct source. As the separation in frequency
between two signals diminishes to within a critical band, however, the ability of a listener to percelve them
as originating from distinct sources also diminishes. | |

Thus, the informational capacity required to convey multiple channels of audio signals represcating a sound
field may be reduced by splitting the sudio signal channels into subbands with bandwidths substantially the
samo or less than that of the ear’s critical bandwidths, transmitting or recording each subband ss & composite
signal comprising spectral amplitudes and directional information, and generating at the time of playback or
presentation a set of signals which preserve the amplitudes and directions of each subband.

Additional techniques may be employed to further reduce the information capacity required to achicve &
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i ndependently for each subband included in the steering process In a
preferred enbodi nent such as that shown in Table | where only spectra
conpongnt s above -about 2 kHz are included in steering, twenty-two
subbands per channel are included in the steering process. Therefore,

ei ghty-eight bits of side information are equired by a 5-channel system

to pass subba i.nver for to a ode | d.
be appr eci at eﬁ“ﬂ %e'MIT%M“ Eai'h% é#gsﬁnne&? Mo iin i °fMF§'§Séﬁ\gl
i nventi on mayreproductidaaccuracy. hmmwmmmMmmw of-numbers ting-point
gonbl nat i CCJSS numbers can npresent umde_ul'_;]mge ?]fvalues with fcwefr blu&an%ibleuﬁunliﬂ&ei Rfiresentation.
teering Contrpql e thi of hCASiES

constructs th& é’f‘éﬁ |ng umbes Somprises;a {'”""%\RE *mg‘g"i' %rﬁmmg

dequant i zi ng prieeepeescatationy mmmmﬁquEtmmwofm
spectral CO”DWMQ%&I@&M%W technbdd) {he ERpdwasl s b seen as & scale

possi bl e. Ina T e nt the resen ng j,on
st eering contf'&““s?'%ﬁ"% @8?8 Ilif‘ mfsa{héagﬁ H"P t%’z""“'ﬁm’
anpl i tude, or qudatimtiondevelyel y t he power of the spectral conponents in each

subband for all steered channels. A channel's "calculated level" for a’
particul ar subband nmay be obtained fr h

_ 3@! e pEEk iéal ue, the aver age, or
ot her linear combination or wei ght spectr al

conponent s
within that subliEmcrésed isveation is dirécted nte | multiple-chadnelusontd: codingitahsmission isysteehs fin ovhich

the average CQqERGfbdlSoumnd BARAD sddiRY inkidiliguibtanBbcakily idfibtihgisEbRidm a sound field that would

be generated by a discrete channel system and which also are audibly supesior to known 4-2-4 matrix systems
witli eahanced decoding but which conserve substantial bandwidth relative to such prior art discreto and matrix
systems. In accordance with tho preseat inveation, an encoder may produce a composite audio-information
signal representing the sound field to be reproduced and a steering control signal. The composite audio-
information signal has its frequency spectrum broken into a numbec of subbands, preferably commensurate with
the critical bands of the human ear. The steering control signal has components relating to each of the
subbands. Mlhwghlhehvmﬁmmybeimphmteduﬁngmﬂogmdigihlhcbniqﬁesmmahybﬁd
arrangement of such techniques, the inveation is more conveniently implemented using digital technlques and
the preferred embodnmenudiaclosedh«einmdlgihlimplemuuons.

umma»ummwmammghmemofmmmmm&mmmmm
mw.dwwmmmamm«mwe«m application of the
teachings of the present invention are not so limited. 1t will be obvious to those skilled in the ast that these
lelchingsmybeappliedlowidehndsigmhasmll therefore, reference to subbands throughout the
mhgdmmﬁmﬂhmﬂudum«mﬁqumbﬂsmﬂngﬁehﬂwﬁﬂhﬁm&h
of input signals, :

m.mmmwmmmnmdum.mofmmummu
iudeeoderlhnmenumberofoulpuehnnels. The encoded information may include for each subband a
duuebuprmhhmﬁrewhof&obpﬂcbmkaﬂl«mwmhmwmofm
input channels. Muggtegahrepmenhﬁoneompmuawmpmhmdm-infomﬁmsigndmdaﬂeenng
control signal representing an approximation of the input channel levels for each of the subbands in the
composite audio-information signal. ' -

Figure 2 is a conceptual illustration of how the first embodiment forms the aggregate representation. An
encoder comprising processes 204 and 206 receives subband signals representing a sound field from & plurality
of input channels 202. Process 204 combines the input signals into a composite sudio-information signal which
it passes along path 208. Process 206 detormines input channel lovels and establishes a steering control signal
represeating the levels of each channel which it passes along path 210. Paths 208 and 210, collectively, aro
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artifdcts in the signal obtained froma conpani on decoder which manifest
t hensel ves as a subtle "chirping" sound. One Type | net hod
constructs a vector of elements for each steered subband representing

di fference in calcul ated | evel between each steered channel and the
conposite channel. Each el enent of the stegting control signal vector

corresponds to one steered channel and represents the difference between
t he conposi teeferred to Rédéid Rl cotnpasith clihnal, cAl dbcodes komyiising p@tes6212 adceives aleangusite channel

cal cul ated lgMﬁ "“é\ﬁ g&r}?pn cdmpdiile 'Adindt RBBInd o genefite oGpat sinatOdt
factors for h steerec? su E’gn epresenting the relative Uit sfnall Mong

-24- val ue

t he

J I ated |l evel. Each el enent of the
steering cont rthWWWWMmmerm from a plurality of input

channels as well as localization characteristics of each of those input channels. The decoder receives an
encoded signal s well as the localization characteristics of the transducer for each output channel, and provides
a signal for each output channel to reproduce as accurately as possibles the sound field represented by the input
channe] signals. Theeneodedinfomaﬁonmyindudefofewh'mbbmdadiscmhmpmmionforudnof'
the input channels and/or an aggregate representation for some or all of the input channels. The aggrogate
representation comprises a composite audio-information signal representing the net overall sound field level,
and 8 steering control signal comprising sound field localization information for each of the subbands in the
composits audio-information signal. This localization information is referred to herein as a net directional
vector,
Figure 3 is a conceptual illustration of how the second embodimeat forms the aggregato representation.
An encoder comprising processes 304 and 306 receives subband signals representing a sound field from a
plucality of input channels 302, and receives from path 303 information regarding how the sound field is
mapped onto each of those input channels. Process 304 combines the input signals into a composite audio-
information signal which it passes along path 308. Process 306 determines net directions and establishes a
steering control signal representing the apparent directions of the sound field which it passes along path 310.
Paths 308 and 310, collectively, are referred to herein as a composite channel. A decoder comprising process
312 receives from path 313 information regarding the number of output channels and the spatisl configuration
of output channel transducers in the presentation system, receives a composite channel signal from paths 308
and 310, snd apportions composite channel subbands to generate output signals slong output channels 314 for
preseatation of the sound field.’
" Tho encoded signals of the second embodimeat may be derived from those of the first embodiment provided
.mmmmpmmmkmmmmmmreukm in
_mumwaummmuaﬁmmmaumm
ummunmof.mmmmmmumwmumubymmmm
Thhhhauemywmﬁmﬁouofchmdmﬂhﬂumpﬂmhmuﬁ&mm
hmmlmdhﬁmmmmdxmh.thnmfomauonlolhceneodetinmulﬁplicity
of input channels. In the case of the second embodiment, however, theeneoderuconcanedwithlhe
Mhﬁmduuduidiaofﬁcdeﬁmdupmdmdmndﬁdd.&ewfmﬁmmdwwmm
information about the input channels and how those input channels are intended o relate to that sound field.
Fotmmple.intheaseoflﬁv&ebﬂnqdwionpidumqﬂemhvhghﬁ.m.ﬂgm.mmmd
~ right surround reproduction by generally standardized loudspeakes locations, the net directional vector can be
derived from the five channel signals intended to bo applied to thoso loudspeaker locations. A decoder
according to the second embodiment, receiving information as to the playback or presentation environment,
can use the net directional vector to produce a set of signals for the intended five channel playback or
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the ratio between a steered channel's calculated | evel and the conposite
channel's cal cul ated | evel. - The construction

met hod shoul d ensure that
the ratios are not undefi ned or excessively |large.

Such a conditi on nmay
occur- for comnposite subband representing spectral coponents in different
channel s which are substantially out of p

hgse with one another. As
menti oned above, this situation may be prevented by excl udi ng

channel s
from the stewowawmm&w uﬁhamwadum&ummnwu
utilizing an - bR gnﬁiﬂh
exclusion or co n tlon a g rrp] gut a egyate teclml que F'rm ts
the. factor to &WH@%Q@M

the
conposite subbal’m&léspr mmmmmwmwmmmtwmwm By s
the ratio is-

Rt v Ly g

t he absol ut e quesentationchinatls.ve val ue of each steered channel's cal cul at ed
| evel

: I'n aﬁxmahhﬁmthafﬁmh&mwﬁ
control signal

%ﬁﬂ-zﬂahﬁlﬁiﬁﬁ
whi ch represen ngﬁg soun ‘a‘o zat I on. g ar ac er| stlCs f%#lkgﬁp“%l
cmbgdimeat,

subband across WMWHP@“FM%@‘S‘G’N sct of prultiplp, inpyt channels, however
statistical nedgvedoand provides s pipcutjanit e idscodel aDippoiimition of thalset 6f miltiplo input channels. In

the case of the second or Type Il embodiment, the invention accepts as an input st the encoder any set of

multiple input channels with information necessary to define how the producer of the input channels inteaded

them to produce a sound field, e.g., their intended direction with respect to the listener, and provides as an

output at a decoder & set of presentation channels which produce the best possible sound field commensurate
~ with the capabilities of the playback or prescatation equipment and eavironment.

As discussed above, the preseat invention applies to subband coders implemented by any of seveml
techniques. * A preferred implementation uses & transform, more particularly a time-domuin to froquency-
domain transform sccording o the Time Domain Alissing Cancellalion (TDAC) technique. See Princen and
Bradley, *Analysis/Synthesis Filter Bank Design Based on Time Domain Aliasing Cancellation,” [EEE Trans.
on_Acoust,, Speech, Signal Proc, vol. ASSP-34; 1986, pp. 1153-1161. An example of & transform
mrmmuumamacmmumuhwmmwmm wo
90/09022, which is hercby incorporated by reference in its entirety.

Typical single-channel subband eacoding, as shown in Figure 4, comprises splilting the input signal fiato
subibiands by Filter Bank 1010, cotiverting the subband information into quantized code words by Eacoder 1030,
mmmmmummm-mmquawwmmmxm
ummmumwwm«mmmwmumﬂm
digitized prior 0 filter bank filtering by Sampler 1000 1f the filter bank is implesirnted by snslog filters, the
subband signals mey bo sampled and digitized by Sampler 1020 for digital coding by Encoder 1030. The
prescat invention relates to Encoder 1030 for multiple channels of information.

Typical singlo-channel digital subband decoding, as shown in Figure S, comprises dissssembling the
formatted code words by Deformatter 1050, secovering tho subband information by Decoder 1060, and mesging
" the subband {nformation into a singlo-channel signal by Inverse Filter Bank 1080, If the Inverso Filter Bank
is implemented by analog filters and the signal is digitally encoded, the subband information is converted into
amlog form prior o tho inverse filter bank filtering by Converter 1070, 1If the inverss filter bank is
implemented by digital filters oc discreto transforms, tho digital signal is converted into analog form by
Converter 1090. The present inveation relatei to Decoder 1060 for multiple channels of information.

In accordance with the teachings of the present invention for encoding, & process called subband stecsing
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a nmulti-di nensional sound field. This set may include one or nore
dlrectlons the standard deviation, and possibly higher order statistical’
measur es of sound di spersal about t he directions. In one enbodi nent of the
present invention, a basic method constructs a vector for each steered

subband representi ng only the primary spatg.al direction. The concept
of this basic nethod may be better understood hy referring to Figure 9
whi ch

il ustmmmwwmmmmmuﬁwwmpmmwww
pLesenlt ati on h cSaieafindly Pigh .hgm,,gt ak,msml Nrhidple input channels aro
channel s, c SRO u e resen
I oudspeaker %ﬁ% M%W@%‘fa@ ‘g'rkpﬂ)m' &%nﬁf“ﬁ“’“ﬁ‘ﬁ&“&h EPHM%M"
listener is IMW%MWMM?%%%@-@FW [The ptbandscpliectively span the
| abel ed RF. Tmmmmmnmmamammmmy

represented b NPG&Q&»&H' qgﬁi
Il coding, steerrn cont rQl srgn vedor represe ts, the prrncrpa
direction of lﬂﬂgﬁg%ﬁﬁ gubband ptepring,ynd comprises the coppas]

coordi nate syayanris a preferred representatron for drrectron other
representati ons ggeld

from the spirit of the mventmn%ﬁ steerin control%%%‘%&"d“
expr essed as represeatatlon. igure &, spectral compoucnts In subband SB 1 for chiannels Ch A
' mﬁ&mem:mmudmeﬂwwm&w
area in subband SB 1 for the composite channel. mwummmmwsnxmyu
WmMWof%MﬁMWWWWuwMWM
camposite channel subband.
According to the teachings of the present inveation, not all subbands neéd be steered. nn&umgthum'
Figure 6, mbhuspmﬂwmpmhrma:A&mghChZhaMSBo.formmple.m
notmd mwmpodhdunnddounﬁcominmywmpoduupmuﬁonformkm Thus,
meﬁo&mafmmhvmhnmmwﬁphmm;mmdﬁddhmamm
of discreto channel represeatations and composito channel represeatations. A “steered subband® is a subband
in which spectral componeats from two or more channels are combined into a composite representation. The
compaeile represcatation of all stéered subbands, comprising composito sudio-information signals and steering
control signals, is the "composite channel.” Theehmnelstepmledbylheompodhebnnelmlhe
“steered channels.®
@Mngmkolugnﬂhgmmtedineiﬁwoﬂwomy& The first or Type 1 embodiment shown
 conceptually in Figuro 2 gencrates a steecing control signal which conveys tho lovels of the specteal componeats
from all tho stecred channels. Tho sccond or Typo I embodiment shown conceptually in Figure 3 genceates
aMMWMWMWMuMWMﬁMW
Ahbiuuwuduuouﬂhﬁauwdﬁupofﬁapusuuﬁwuﬂuudneundhgofdumdcnﬂﬂﬂcdumuh
may employ adaptive subband steering. In cases where some number of discrete teansmission channels is
highly desired for a particular application, adaptive steering permits discrete channels (o bo transmitted
whenever passible. With adaptive subband steering, steering of a given subband may be utilized whenever the
transmission channel capacity will otherwise be exceeded by the amount of information required to transmit
encoded spectral componeats for discreto channels. Thus, the steering process is applicd only o particular
subbands which otherwise will receive an insufficient channel capacity to achieve a desired level of coding

accuracy. mwumodhmuﬁmofmmwumddmmmmﬂ»mmwnl
components in the steered channels.

mmmmmmpdummmmmmﬁum may
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[err].’ where DI, = directional

unit vector for channel |,
LIferr] = calculated |evel for subband j in channel I, S =
total .nunber of steered channel s,
-25- - V[err] = steering controel signal vector for subband j,
DI = directional unit vectors for all steefged channels, and

. be restricted to only cestain subbands with specteal components in other subbands always processed as discrelo
channel information. It should be appreciated by ono skilled in the art that different criteria may be used to
exclude selected subbands from subband steering. For example, some or all subbands in high-priority channels
may be excluded from subband steering, or high-priorily subbands within some or all channels may be excluded

- from subband steering. ltﬁogdddsobenppreﬁﬂedtbﬂlhouclﬁdonedmhmyhﬁxedormybe

 adaptively selocted sccording 1o signal content and coding sequiroments. Again by examplo, subbands from
multiple channels which contain dominant speciral components which are out-of-phase with each other can be
MMy excluded from the steering process becsuss subband steering may produce an audible.louof signal.

Further yet in accordance with the teachings of tho preseat invention for encoding, signal loes resulting
fromsteaingchnnclswi(hom-of-phmapeemleomponenué_mbemidedorminimlqedbymyofmenl
the composite channel. Another scheme adjusts the phase of specteal components in individual channels prior
o forming the composite channel and passes sids information to a decoder enabling it to reverss the phaso
adjustments. ' ' | . _

In accordance with the teachings of the preseat invention for digital encoding techniques, numerical values
MNMmemmmMamhMofbmm
adapuvelytllouwdloatleutmoflheodommmapoolofbiu. The bit allocation is based on
whether, becanse of current signal content, quantizing errors in some subbands will degrade signal coding
quality to 8 greater extent than quantizing errors in other subbands. More particularly, more bits are assigned
to spectral components within subbands whose quantizing noise is considered more audible than quantizing
noiss in other subbands,

mnmm&umdmmmmmum&mmmm
of quantizing errors myhmabyduﬁumemmof-maqmﬁdngmofm
spectral components. In one embodiment, such altering is not used for subbands in which little or no spectral

~ energy is preseat.

In accordance with the teachings of the preseat invention for decoding, whenevér subband steering is used
dummdh&hmmhgw&emmdpdbmawﬁmoﬂhm
channels from the composite channel. For Type I coding, mnlﬁploehnnelsofinfomuoummewmd.mh
recovered channel corresponding to one of the input channels, Fot'l'ypelleoding one or more channels aro

. generated for presentation on a specific presentation system. The number of channels for Type II decoders
is dictated by characteristics of the presentation system and are therefore not necessarily equal to the number
of input channels. .

Also in accordance with the teachings of the preseat inveation for digital decoding techniques, an adsptive
bit allocation process substantially similar to that used during encoding is performed to determine the numbes
of bits assigned to each quantized code word. This information is used to reconstruct the subband specteal
components. .

Further in accordance with the teachings of the present invention for digital decoding, quantizing esrors are
reduced by statistically enhancing the reconstruction of spectral components. In one embodiment, such
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Li[err] = calculated levels for subband j in all steered channels. One |
advant age of Type Il enbodinents is that the coding format and bit

requi rements of the steering control signal is independent of the nunber
or channels included in the steering process. On the other hand, the
encodi ng steering process nust be infornedibf the nunber and | ocation

t he .sound sources represented % each of the_ input channels just as the
dvhich littlp or 5o, Fagstent

decoding ste i cocrRy Upregtnent  of
| oudspeakers usndmiﬁmmmtmﬂmagodmadwmmimwmmmﬂmm

original multg, ,%?,l,m ?,?@,k. islings- Referring
to Figure 7, a |rect|on vector DI, for each: |nput chaﬁ%el b

required by a
Type |11 embodi ment of the invention is provided to the Steering Controller

al ong path 2. Type |1 encoders L '-wuus-, pf Deawtimpt | ve subband steering
must al So pass fugud s &R Qstenifgio’s doid Hield $IGIRE by multiple

‘(I)':n anrsrtfegrggtron I S Peceia F Si'f"ﬁé the ecodémcgagaonvert t he ﬂr sgrete
presentation symh'wmmﬁmwimém#m:
process, all spigaieBd s cofaRal BloiklisgRmiilRtuiidi 6dnd de TYPS Hitibddiment of subband steering.
Figure 4 is a functional block disgram illustrating the basic structure of & subband encoder.
Figure S is a functional block diagram illustrating the basic structure of a subband docoder.
Figuro 6 is a hypothetical graphical illustration of subband steccing.
Figuro 7 is a functional block diagram illustrating the basic structure of the inveation as it relates to subband
encoding,
Figuro 8 is  functional block diagram illustcating the basic structure of the invention as it relates to subband
Figure 9 is a hypothetical graphical representstion of & reproduction system in threo dimensions with five
presentation channels. : _
Mgmluhahypoﬁaiedgnpﬁedﬂ!mofqunﬁﬁng inaccuracies inherent in a 3-bit two's
complement digital representation of a truncated real value.
Figure 10b is & hypothetical graphical illusteation of quantizing inaccuracies inherent in & 3-bit two's
wmplmtdigim:epmmionofaudvdmwilhmnndhgbefgmkmiom

for

mxmmmmmmpm.mmmamm-m
cocfficient allocation requirements for a preferred embodiment of the inveation as it relates to subband

quantizing when used with a 512 point TDAC transform based encoder for a 20 kHz bandwidth signal sampled
st 48 kHz.

Modes for Carrving Out the Invention

The present invention may be implemeated using & variety of analog and digital coding techniques. The
mmhmmmmymmmmmmmmmmwmﬁuwmm
digital implementations. :

Digital implementations may employ adaptive bit allocation techniques. The following description of &
preferred embodiment discloses both adaptive bit allocation and subband steering concepts, however, it should
bo understood that digital implementations of subband steering may be utilized with bit allocation schemes
which are not sdaptive. The sdaptive bit allocation process disclosed may also be wlilized in an
encader/decoder system without subband steering.

‘The preferred embodiment discussed below discloses an adaptive steering technique more particulardy suited

\
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subbands and the conposite channel subbands shoul d have been all ocated

sufficient information capacity to ensure codi ng noise is inaudible. For ,
digital inplementations of the present invention, this equates to

al | ocating a suffl ci ent nunber of bits such t hat guanti zi ng noi se wl |

be
i naudi bl e.

-12- E. Quanti zer
Quanti zer 500 prepar es a quantized representation of the encoded signal

for
subsequent fwmuiwummmmmlﬁuuamadmmmammm;my
st or age. The&m&g&&rmﬁam&sm@ew.ﬂmnmw gl 8edRiold, 41 that

aré'
i ndi cate whi ch subbands were steered and passes themalong path 5. It

quanti zes the steering control signal . received from path 42 and passes
the quantized information laFBEEERRBHEMBODIMENT QFINVENEION: 0 gener at es

quant i zed Spectisbask@ii wm&mbmﬁm.ﬂumw&mm
information re mgpei‘l ‘43
ass

recei ved frommﬁ'{é %?‘ﬂe qua S%%h‘% %&%ﬁh@

The coar ses 09rwdicheonssaly quantizes multiple channels pbsublamd spectal

path 53. mwmummmmmemww 1.mnpﬂmwu&um-mmﬂs

according to WW&WW&W«mewmm.ﬁmm
ofngudeodingquhlylntespombmmﬁahmhfom&mmdndfmmapﬂhu an Adaplive
nummmmm.mammmmummmmm
wmmm.mn.mmhmmmmmm«.mwumofm
awﬂabhfo:dloahonmdvedﬁnmapﬂh%fmmantPoolSSodmedamngatlastmoﬂho
channels; a Steering Controller 400 which steers selected subbands into a composite spectral information in

_ vuspoasaloeshmtedtequimdallouhonthmd\oldsmvedfmapﬂhu.bitdlouﬁonmfomatmnmeived

' fmapthl.uﬂmqwmmmmmwhfmmMMfmmam
12; & Quantizer SO0 which quantizos tho stoecing and specteal information received from paths 41 through 45
hhqwmdwhwmdladpmu&cthudmmmqummhn.udmhformﬁm
along paths 51 through 54.

' In this preferred embodiment, the preseat invention as a Type II encoder further comprises an input path
2mmmww«m“mh&mﬁmwnghbuﬁuumchmﬁufor
€ach channel signal.
mmmw.wmofuwhmuummmm
is illustrated in Figure 8. In this preferred embodiment, the present invention as a Type I decoder comprises
. an Adaptive Bit Allocation Calculstor 600 which determines the number of bits allocated to each code word
ducing quantizing in response to coarse quantization information received from a path 58, steering control flags
received from a path 59, and tho sumber of bits available for allocition received from & path 65 from a Bit
Pool 650; & Dequantizer 700 which dequiintizes the steering control signl received from a path S5 and which
mMWMthWMMWM:MS&W
. quantization information received from a path 57, and bit allocation information received from a path 61,
which passes along on a path 74 the stecring control flags received from & path 62; and an Inverse Steering
Controller 800 which reconstructs steered subbands in response to steering and composite spectral information
received from paths 71 through 74 and provides & completo set of subbands for multiple channels of subband
specteal information, each channel represented as portions of a path 81 labeled Ch 1, Ch 2, ..., Ch N.

i lulhilpmfenedMmmmhmbnuuwnmmdhummpﬂmmhmm
nfmwwhmmsmwmmmdmmmmmmmamm
mmmmofmmhuwwe&mmwhwwm

The preferred embodiment of the present invention as it relates to encoding and decoding is presented in
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H .
steer.fng control signal. In Type | enbodinents of the invention, the
steering control signal expressed as a di fference-, an absolute-, or a.

rel ative-level vector may be coded as a vector of 8-bit nunbers

representing -l evel s across a chosen dynami c range, for exanple, a range

of 100 dB. By using these nunbers as an i na®x into a | ookup table, each.
8-bit nunber can represent a

| ogarithmc, increnent of .39 dB (100 dB
/ 256) . Wﬁ@%m%nw emhpdimrats and, ptovctyyces, fie the prescat Tavention; s
control si gnaiesente) damgienic thsdigussion.ect i onal vect or of a sound field may be
coded as a block of 4-bit mantissas sharing a 4-bit exponent. GCenerally,
one mantissa
-26-

is required for each di mensi oﬁ"&"fﬂ@'ﬁ%onal vector but this -
depend updRefering toBigwrel 7 ndiick illystesteethe protcet inveation as ik selates to subband encoding, it may-be

scen that Coacse Level Quantizer 100 récelves multiplo thanels of subband fuformation along path 1.. If the
mbbnndﬂoehmdedvdbyadbaﬂemfomnehammmfmfmmmm.

Mmﬂmuofmummumfmmﬁm Tabhliﬂustnwcompamwhrmbhud
: gmpmgofumfomeoe(ﬁdeuufouzokﬂzhudwmm ‘l'luhblehhsedonasupointmmfom
and an input signal sampling rate of 48 kHz. mmmmﬂyhmomscﬁﬁedm

Other subband groupings, sampling rates, mmmuyuwmmmmm
scope of tho present favention.

will

In a preferred-embodiment of the invention, the Coarse Level Quantizer coarsely quantizes the speciral
components by establishing tho exponeat for tho specteal components as expressed in block-flosting-point foria,
" Although many formats are possible, the format contemplated for the present invention comprises master
.'exponentsfotgmupsofmbhﬁambhckexpomforewhmbbmd.mdmmﬁmformhm
eompoueutwmnlnuehsubbmd.
mmhwuawwudum“pmdhm'smlmﬂm
hlhelwo’smp!emtfom.lbomﬂhsmostugniﬁantb&'kadgnm ‘The next most significant bit
" represents data and is referred to here as the most significant data bit. A sign bit with a value of zero denotes
:mﬁwnuﬂmmv«dy.adp&ﬁﬁnmmﬂmmtmm@m A positive
nonzeco mantissa is said to be "normalized” when its most significant data bit is nonzero. A negstive-valued
mantissa is normalized when s most significant data bit Is 20r0. A nosmalized mantissa ensures that
the greatest number of significant bits for the numerical quantity is contained within the mantissa®s limited bit
' mwhmwwmmmmmammwmuﬂmm
nmwmmmwmauwmm ‘l‘llecnmeWanﬁur.
Mmuwwwwmmwwhmwmm
the aumber of lef shifts sequired to normalize'it, Because block-flosting-point represcntation’ uscs ono
. exponent for & block of mantissas, some mantissas in the block may not bé normalized. The mantissa for the
Myﬁmmmmmhmwmu_thitkmmM i.e.,
exponent is capable of expressing the number of right shifts required to convest the normalized quantity into
its truo value. Whether the mantissas sre normalized or not, however, the exponent always represeats the

numbetoﬂimecudnhmawdudmhhhbh&mhﬁihdm&odgmhownlhemmm '
of the floating-point quantity.-

Mlueregpomummﬂgudmmmdloincmsethodynmicmgeoflhqblock—ﬂoaﬁug-point
representation. Bach master exponent indicates whether the subband exponents within the group of subbands
amdahdﬁ&ﬁemﬂ«upouﬂbwabmcdjuﬂedwmmmmulwddm Referring to
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to represent directions. Many variations in the quantization process are
possible. In digital transform enbodi nents of the invention utilizing the
bl ock-fl oati ng-poi nt representation di scussed above, the Quanti zer receives
specttral conponent nmantissas frompath 44, nornalizes themin response to

t he subband exponents received frompath 434 truncates the nornalized

mant i ssas rds th a bit |le h corrspondin tothe b|t
al | ocati on |%ﬂ’ P¥h r'é’Eé% HE%”" ﬂ'&g‘g‘@s"g Mastors3Poe o

wor ds al ong mwmmmxwmmmbmnmmmmmmm
artehafllj3 ust $ﬂ ﬁﬂlW&pﬂﬁﬂOﬁd‘gﬁﬂme t t'm-&&wew n@m
pa e S e Su onen e onents are asse

al ong path 53 lpﬂw R‘Zﬂgl??g g’h rlg W F? f ‘%M'b?'
effects of qumﬁkam@mmmmwbwm

signal ‘to eachmatnmmhhwmﬁuwmtw&@mmﬂwﬁ&ﬁh&he
noi se-like syad

nunber of bits aI Ig > ed &‘g-hhat ﬁpectrgfﬁh co'mc)onent S%W.&&&Qef“

anpl i tude of e grrup aop shifted to-the L@ two
For exanpl e, mmmgywmmlwmmmmmm

spectral tcgﬁgeﬂﬁmw t W%Wbﬂ&mf&{lﬁ

Gymbol o -1 of B P W%‘ﬂf"’gﬁﬁ' Gt SM@“W@*%%

t he binary pmﬁww prmjunction with a two-bit master exponent used in the manner described here
extends the dynamic range of each associated mantissa by approximately 126 dB.
~ Subband exponents which have beea reduced or adjusted as described abave to refloct the master exponent
value are said to be "bissed®; thus, the value of an “unbissed” exponent accurstely represents the number of
right shifts required to convest an associated normalized mantisss into its true value. The bias operation is
pecformed by Quantizer 500, discussed below. Throughout the following discussion of prefesred embodimeats,
“the terms "exponent,” 'Mw'andommmuferhuubhsedupmuma
eon!mymuningisexptesslychud. :

In alternative embodimeats of the preseat inveation, spectral components may be encoded into other forms
such as & set of scaled values with linear multiplicative scaling-factors. Other floating-point formats may also
be used. The essence of the coarss level quantizing process is to derive a coarse measure of subband conteats,
such as block-floating-point exponents, and a corresponding finer messure of the spectral components within
that subband, such as floating-point mantissas,

_ haMWdMMWM%MWNMW '
mmummmm%mwmmumm«mmm.
.mmmﬂmummwmmmmnusmmm

&WMMWM

Referring to Figure 7, Subband Allocation Threshold Estimator 200 estimates the number of bits required
to quantize each subband in order to achieve a desired level of signal reproduction quality. The estimate is
made in responso to the coarse measure of subband contents produced by Coarse Level Quantizer 100 which
is received from path 11. hapnfundembodimeﬂof&ohvmﬁm(hhmmmkmmof
subband block-floating-point exponents. .

The estimation process is closely related to the nature and degres of the desired signal reproduction quality;
therefore many estimation schemes may bo employed. In a preferred embodiment, psychoacoustic masking
thresholds are utilized to achicve Compact Disc quality reproduction of multiple channels of wideband audio
at low bit rates. In this embodiment, the bit aliocation required for each subband to achiove psychoacoustic
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the si'gn. Each synbol # may assune a value of ether Oor 1. The 8-bit
manti ssa 0. 1100000[ err] represents the quantity .75[err] for exanple.

Assumi ng that three bits are allocated to the manti ssa, quantization nmay
const ruct a code word of th forms #. ##[err] by truncating the 8-bit

representation to 3 bits; thus, the m'nlqg_ m and maxi rum value of the
quanti zing error is 0.00000000[err] and 0.0011111[err], respectively. The

o ser 1 ke o mkinpls ctieile “g"‘“‘“‘““‘g‘?. b0 B UGS i i Tt . T
noi se-1i ke s#‘gﬁﬁmﬁ'ﬁqb@ﬁ%’ § ‘dfﬂ“&ﬂé"drﬁ‘h%&i mpapeatinp 8‘?’“‘“’""

whi ch genera@smﬁmmmmmmmumwmwmwm
and naxi num mesmmmnﬁ’ B&tinissidbband filio Rp@E@ich adhidstchormally

generatesthe pi se-like signal ei t| I zed The, r.el |t|aI|zt|on,|s
marked el ] HpPR. i otteed L ek Sl e snec e
conpani on demm MMMMMBWMMm ary process. The
period of the noise-kike signal is not critical but is preferably in the
range of from Bor g% §d&phds to two seconds. Shorter periods may (@
cause the process to generate audible artifacts. Longer peri ods

i ncrease the wheddBE = sligtatibéttin@s, a conpani on decoder to initialize or to

reinitialize afte ﬂb% I n one enbodi nent,
the reset flag is a B nisi;g an“hiigern 'tlve embodi ment ,

t he reset
flag conprises Stopring Theeshiold; for suptiaad/ (e FebleiBerndn i ndex into a table of

val ues used to sex;hwn&WMmyber

C. Adaptive Bit Allocator

Adsptive Bit Allocator 300 shown in Figure 7 allocates a varying number of bits to the spectral components
within the channels. In one embodiment of the present inveation, all spectral components in all channels are
quantized solely by bits allocated from a common Bit Pool 350 shared among all channels.

A preferred embodiment of the present inveation for transform coders excludes the lowest frequency
transform coefficients from the adaptive bit allocation process and assigns to them a fixed number of bits. If
the lowest frequency transform coefficients are included in the adaptive bit allocation process, a transform
coder will generate sudiblo quantization noiso at a froquency equal o the subband block rate whenover an input

* signal contains low-frequency specteal components whoss period is large compared to the subband block leagth.
AnmlnnglZpointmfomwiﬁasigmlumpleuteof“kHz. lhembbudblockmis%.‘lﬂz :
(or 48 kHz / 512),

mpMoﬁMmhmmmmmofmmebythfmmy

- transform coefficient is often inaudible. The adaptive bit allocation process assumes each quantized signal
spectral component will provide soms masking of its own quantization noiso, but because it is often inaudible,
the quantized lowest frequency transform coefficieat cannot always mask its own quantizing noise.
* Another embodiment of the present inveation also excludes from thie adaptive bit allocation process the
lowest amplitude spectsal componeats, Inap:efemd embodiment using the block-floating-point scheme
described above, lbelowesumpllmdespectrdeomponentsexcluded fmudapuvobltallomionmlhm
componenlsrepreeen&edbymhmswlthinnbhndshvingabiuedsubbmdexponentvﬂmofls.

Many other varistions in the allocation technique aro possible. Bit allocations may be based upon channel
priority. For example, tho channels may be divided into two or more groups, each group of channéls having
its own bit pool, the sizs of the pool being proportional 1o the priority of the associated channels. Further,
such groups may consist of only one channel. In addition, selected subbands from somo or all channels may
be excluded from the adaptive allocation process and simply assigned & fixed number of bits.

The allocation process used in & preferred embodiment of the prescut inveation is based on spoctral
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gener at or which generates the noise-like signal In situations where
no subband signal is present, the noise-like signal may be audi bl e unl ess
spect ral '

-27-
conponents in nei ghboring subbands can mask it. [

Therefore, in enbodinents
of the present invention utilizing a blockefloating-point representation

such as that discussed above, it nmay be desirable to not use this process
to generate Qmfibdt Smplickss viliscd Ahis aiidcatiSh Procs il m&baamnwhaadﬁ aRFIIIE Crobtaked
BXPONeNtS. o are (RMS) amplitude, or other functions of signal level.

The allocation process may be based solely on the coarse measure of subband conteats. In a preferred
embodiment of the present inveation, this coarse measuro is the subband exponent received from path 13 as
depicted in Figure 7. For ease of discussion, this preferred embodiment will be used to describe the allocation
process in the following paragraphs.

Tho allocation process first establishes X__ which equals the value of the largest subband exponent, hence
the smallest peak subband spectral component amplitude, for all subbands in all channels. In this context and
in the following discussion, "all® sefers only to those subbands and channels which participate in an adaptive
allocation process assigning bits from a common bit pool. .

In the next siep, the allocation process makes & “relative allocation” 10 tho speciral components in all
subbands. For each subband , the value R, is calciilated from the difference between X, and each subband
exponent X,, dividing this difference by four, lmmﬁnglhequolient.andaddingm“louﬁonBasisfactorB,
obhmedftomaubleofvalues. Suehlubleofvaluesforapnfmedembodmeutoflhepminvennou

. is shown in the Table I column labeled Allocation Basis. .

mmy.mmwmmmmnmmwummmwaw
signal having one spectral component in each subband, all components of equal amplitude. The relative
allocation process allocates more bits to subbands with larger componeats, i.e., subbands with smaller subband
exponents. Oneadd:ﬁondbnkdbuudmnpeanlwmpomtforem%dnimmseinamphmdeu
represeated by the subband exponents.

htpmfumdwbodmﬂof&ohveﬂhnuﬁngﬁeﬂﬁﬁngwhtwhﬁmdwmm
sdditionsl shift required to normalizs a spectral component mantissa represents & decreass in spectral amplitude
of approximately 6 dB. For example, lheamplimdeofanomalmdspectn!eomponemﬂthaﬂuungpomt
‘exponent equal to 0101, is about 6 dB greater than the amplitude of & normalized component with an exponent
equal to 0110,. A difference of four betweea the values of two subband exponeats equals approximately a 24
dB difference in the amplitudes of their respective spectral componeats.

F«mhmwdwuhﬂ-d?.mwwhsamfmmm
mmw&rmmzwmuwmmmmmudmmum
eomponenuiumbbmdz. If the difference between exponents is eight, two additional bits are allocated.

Afer the relative allocation is completed, an adjustment is made to the overall allocation to easure that the
total number of bits allocated equals the total number available for allocation. Allocation adjustment establishes
an adjustment value A by taking the total number of bits available for allocation, subtracting the total number
ofbihlllouledbyuhﬁveﬂbutim.dividingthediffueneebythemmbuofﬂlwuloomponems
participating in adaptive bit allocation, rounding down the quoticat to tho next lowest integer, and adding the
result to the relative allocation figure for each spectral component. Note that the adjustment value A will be
dﬁmumﬁnumgs&wnumb«depﬂdwgupmwb&u&e:ﬂaﬁudhuﬁmmgnd fewerormom
bits than are availablefondaplivo allocation, respectively.

The number of bils allocated to each spectcal component is oqual to the algebralc sum R+4. Sco
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F. Adaptive Bit Allocation Cal cul ator Referring to Figure 8 which
illustrates the present invention as it relates to subband decodi ng,
Adaptive Bit Allocation Calculator 600 receives coarse gantization

i nfor-mation for both discrete and conposite channel subbands from path 58,
steering control flags along path 59, and_the nunber of bits available for
allocation along path 65 from Bit Pool 6¥0. The number of bits in Bit

Pool 650 ar%&eﬁual toibhe nunmber of bits in Bit Pool 350 of the encoder.
The cal cul a & hes the number of bits used by the encoder to

guantize each spectr co onent code word by using a process
substantially the, Byrocess used by Adaptive Bit All ocat or(2a)
I ocat i

300 during the encode n process This information is needed to
parse the incom ng coded |grg 1 unpack the spectral information

t her ei n. A= G Dequanti zegw)
Dequanti zer 700 reverses 'I're—m"o'c'e s used by Quantizer 500 during the
encode process to reconstruct an approxi mati on of each spectral

fromthe quagg&ged,qgmmawcel ved frompath 56. In a
By = Allocation Basis factor (see 'l‘a_ble D,
M = number of spectral componeats in all subbands,
N, = number of spectral components in subband j across all channels,
R, = relative allocation to cach spectral componcat in subband j,
SB = number of subbands, '

conponent

*  T= number of bits available for adaptive allocation,
! X, = value of exponent for subband /,
X__= valuo of lacgest subband exponent actoss all channels,
FLOORI|x] obtains the largest integer not greater than x, and
INT{x] obtains the integer portion of x.
In geeral, some bits will remain after allocation adjustment because the FLOOR function ia Equation 2b
cetumms feactional bits por subband o the Bit Pool. The reaining bits may be allocated in sny of seversl
. different ways. For example, they may b allocated by assigning one additional bit to spectral componeats
across all channels, starting with the lowest frequency components and proceeding to higher froquency
eomponeuuwdaummﬁuingbiumasigned lflhedgndsmpumhrehamdsmgimahigher
priority, the remalning bits may be allocated 1o spectral components in the higher priocity chainels. If the
wduq“nmwkﬁ&vaﬂaﬂeh@hm@dm&hmﬁngbﬁhmhr&hedqddddb
the Bit Pool for quantizing subsequent subband blocks. Many other variations are possible.
hmemhodnmt,aeeilhgisimpoeednpmlhenumberofhuwhichmybetllouledtouchspeunl
. * component., A preferred value for this ceiling for a preferred embodiment of the present invention is 9 bits
per transform coefficient. _
The bit allocation process described above for & preferred embodimeat of the inveation may be modified
without departing from the preseat inveation, Bits may be allocated to subbands at a rate different from one
bit per 24 dB increase in amplitude ss discussed above. themm.lvaﬁubﬁrueofnlloeaﬁonuaﬁlncﬁon

* of subband frequency may be used. For example, by using & value of 6 for the denominator in Equation 2a
for low frequency subbands below some frequency chosen within the range of 1 kHz to 4 kHz, a relative
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preferred enbodi nent of the invention using the block-floating-point
representation and adaptive bit allocation process di scussed above, bit
allocation information defining the bit lengths of the code words is
received from path 61. An unnormalized representation for the spectral
conponent mantissa is established using thegsubband exponent s incl udi ng
mast er exponents received frompath 57. The bi ased subband exponents are

adj ust ed i Nt Quocaticd BPéd8 8% fer 36 @Mffincr35inAAPIREHE ol 1 REbckla 1B spbetral QnipbrRa inMse subbands
control signal is generated in response to the quantized steeri nq
control inf orfmlemﬁe-ﬂwm#mﬁﬁww spseteabomgongnts prg verx Impoptant fogeroptyed signgt
used by the Qﬂe quanti zi ng process. Steering control-flags received
frompath 62 are passed along path 74 to the Inverse

Steerin
Control |l er. mmwmmmwmwmwwwmﬁmmmw
t he anplitude

Urack: the b, APAREH Uil ol mBHRE g pos T BORGS 8 SREAD fols may

General ly. becdrtiawkella sllocatsbits balp (o thounstedridtzablagis nulthemblahds i hs cingiosite elmnnehplnta
and out put specjr

| copponents are adequat e, for many hi,gh-fidelit
appl cat i ons. ’%@F{“mmﬁﬂéﬂﬂ'ﬁgﬁmw _ ‘gwiﬁW@W'
i s possibl e ffigssiddbotgosiReutibiiid etposcaiZideA Vi Fom SteeringoRtFdHEH 400 MOHEPath 6, 4ndthd dxpéheats
nore, but such tracking cannot be assured for spectral conponents encoded

in a t wo' for thoppsubbagds not stepred-ceqciyed frompath d3-ng 3 bits or less. A 3-bit
two' s conpl enent nunber can represent eight

D. Steering Countroller
1. Overview

Whenever Subband Allocation Threshold Estimator 200 estimates that more bits are required than are

available (0 encodo & subband block to achieve a desired level of coding accuracy, Steering Coniroller 400

", sleers ono or more subbands to reduce the number of bits required to encode the subband block. Without
subband stcering in theso cases, one or more spectral componentsin the subband block must be allocated fewer
bits than that indicated as necessary by the Subband Allocation Threshold Estimator. ‘This may cause audible
quantizing noise. When & sufficient number of bits is available to allocate to all spectral componeats, subband
stecring is not required. o '

‘The subband steering process combines the spectral components of a subband from multiple channels to
form a composite single-channel subband, theceby reducing the number of specteal components which must be
quantized and transmitted. A steering control signal which conveys information about the spectral component
levels of each channel in a steered subband is passed with the encoded composite channel spectral components
to permlt the seceiving dequantizer 10 recover spectral components for each channel. 1t should be sppreciated

 that, in general, the spectral components secovered from the composite channel are not identical to the spectral
components a receiver will decode from discreto channels without subband stecring. In many instances,
however, the use of subband steering, particularly adaptive subband stecring discussed below, causes no
perceptible change in the recovered signal. _

Those bits saved by encoding a composite channel subband rather than encoding & subband for discrete
unsteered channels may be used by the adsptive bit allocation process to allocate (0 other subbands.

In a preferred embodiment of the inveation for quantizing wideband audio signals, subbands which contain
speumwmpomuwhmfmqmamwwmu-mnwwmmmwofqmnmm
I to 2 kilz aro excluded from steering. More particularly for & transform-based embodimeat grouping
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integér value from-4 to 3. Wthin an enbodi nent of the present invention
utilizing the two's conpl enent

-28- floating-point representation discussed above, nmantissas to which 3
bits are allocated are quantized to one of eight integer values. Figure 10a
iFlustrates the mapping effect of quantizi-es function q(x). For exanple,
spectral conponent nantissas within the range fromand including .75[err]

or 0. 11[err]m&Wt&oM&Mimdmmhmqm@mmwﬁmmger
value 3. Mantissas within the

LT err] |y peelased o srios; PP ae st e o5 Ul vt o b ety mele
-1. Hence, Smﬂmk-mmmamwmmmmummwmmmmm
of the preseat invention. In the following paragraphs, the terms "all subbands® and “all channels® are used
to refer only to all subbands and chanaels which participate in the steering process.
' 2, Steering Process Description
2. Subband Selection

When subband steering is required, the first step of the sieesing process selects which subbands will be
slcered. In a preforved embodiment of the invention, information pertaining to the subbands sclected for
steering is passed along path 41 as a set of steering control flags. mm;wmpmdwmpoﬁh
subband exponents aro passed to Adsptive Bit Allocator 300 aloag path 46 for bit reallocation.

Many selection schomes are possible, but gencrally the selection is based upon one or more of the
following: allocation threshold information received from path 21; information of actual bit allocations which
will occuc or have ocourred without subband sicering coceived from path 31; and spectral componeat level
information received from path 12. '

One scheme selects all subbands that will not otherwiso receive st least the threshold number of bits.
variation of this method selects all subbands that will not otherwise receive at least the threshold number of
bits starting with the subbands in which coding inaccuracies are least objectionable. For example, steering may
start with the highest frequency subband, working down in frequency until sufficient bits are made available

" . to complete the bit allocation process for all other subbands.

Another schemo selects subbands only from lower priority channcls. In some multiple channel sudio
‘spplications, certain channels carry signals iitended to bo presented in front of an sudience and other channels
mwwhhmmm%mmdum In such spplications, the front
MmyummmgmmmmmmuuMmmmhmm
mmummwummmummmmpm

Yet another scheme selects subbands on the basis of the ratio of speciral component levels between the
channel with the largest spectral component within & given subband and sll other channels for that subband.
According to one approach, subbands with the largest ratios between channels aro selected first for steering
under the assumption that subbands with such ratios will be less subject to errors caused by out-of-phase signal

- canceliation. Subbands with out-of-phase components may also be adaptively excluded from steering.
According (o another approach,” subbands with the largest ratios are selected fast for steering under tho

assumption that the steering of subbands with small ratios will cause the least change in objective measures of
localization.
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the l.argest spectral conponents which are mapped to 3 may be as nuch as 1,
an error of approximately 33% or 3.2 dB. The relative quanti zi ng
i naccuraci es may be even greater for smaller anplitude spectral

conponent s. Anot her quanti zing function is shown in Figure 10b in
whi ch manti ssas are rounded to 3 bit accur

a%by before guanti zation. In
this case, however, the quantization error or even the |largest spectral

conmponent is still as mich as 1y pﬁ“i ‘@gmﬂﬁl mately 1.6 - dB.

In a preferred embodi ment of a decoder ccor to the present invention,
spectral anpli t‘mdoeomlamhlangnrmymg prizessi mwmwmmmu icomgbinihg the spectral
normal i zed manti ss

*ﬁt atistical | SRR g‘néteéﬁl n hercwmw% SI grﬁ f | WW\%&
the

subj ect i sp@tr] dmpdnpnt Valué e thd @6mpheit subbnnd) equal tor thel aexiragy of e cotriesporiding espectral
characteristics of

codi ng systefppeneat ""%g frmequenéy&m&co %?S“ P met @9}1 es%mié%ﬁ’lﬁ

substitute fwg@&mhm%@,‘m‘;@hq{,mm ssa whi ch are | ost

t hrough quanti zi ng because only a |-imted numnber of bits are available to

represent each Aveondingde thispreferred method, spectral components in each composite subband may grossly
misrepresent the amplitude of spectral components in the stecred channels. For example, in a five-channel
system in which only one of the channels is carrying a signal, a composite subband spectral component may
differ from the steered spectral component by as much as 14 dB (20 log,y 5). If adaptive bit allocation
decisionsmmdemlh»hshofﬂbhndexpomntvdm.mmmhndlexpomufotaeompodw
subband established in the same mannor as that for uasteered channel subbands can significantly and sdversely
affect adaptive bit allocations. Any of several techniques may bo used to solve this problem.

First, tho actual pesk valuo of each spectral component across slf the steered channels may bs used to
hfm&eﬁtuﬂmﬁmdeckhn:hwem.ﬁkhchﬂqmwmemofﬁdemmwm
be passed to & companion decoder. Seeond,theexponentfma_eompositembbandmbesetequdtothe
exponent of the steered channel subband coataining the largest spectral component across the steered channel
subbands, but this technique increases quantizing noise by preveanting normalization of the composite subband
spocteal components. “Third, the relative llocation (soe Bquation 22 sbove) for each specteal cotiponent in all
composite subbands can be increased by one or more bits. ‘This may be accomplished by using a table for
mﬁbMdﬁﬁmeMMWW(ﬁMuTﬂebhmm
Allou!mBasisMotB,.mitmybemmpﬁsbedhyddmgeﬂhulpt&mbﬁshedormﬁapmennmbu..
of bits to the number of bits otherwise allocated to unsteered channel subbands.

On the one hand, this third technique may sllocats more bits than are necessary in cases where tho spectral
information is fairly uniform across the steered channel subbands. On the other band, this technique may not
allocate enough bits for systems with five channels or more in cases where only one channel within a subband
contains spectral energy; however, lhisuusuallynotaproblembeuuseuwhsubbmdsmnrelymd
unless nonadaplive steering is utilized. Hencs, lhhlhidbcbniquegmﬂygivesgoodml_lsinhming
tests and is prefesred for its simplicity.

’ Unless the process of selecting subbands for steering avoids aeleetmgdxmnelsﬁlh out-of-phase speetul
components, mwmm«m;wumwmwmtmmmmeof
wuupoudhgmeﬂdmhhlbdmdeb&udswﬂlmﬂmﬂhelywmbhe&eoﬂofmm

componeats, thereby producing s signal loss in the presentation signal that may be audible. The process of
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exanpte, in a systemusing two's conpl enent representation in which

manti ssas are 8 bits in length, and assum ng that three bits are

all ocated to a quantized nmantissa, dequantizing w thout SER-1 reconstructs
a manti ssa of the form #. ##00000[ err]; thus, the string #. O0#####[ err]
represents the quantizing error. SER- 1 assures that the quantizing error
Is at nost barely audi be, and that the error is statistically closer to

noi se than i tgodnihg the @ibband! meySavld @icR siphil oss Oy AOIHGRNINEInG OF bivie®! out-of-phase
characteristics because additive noise is generally |ess obtrusive

t han addltlv@%"“m statlstlcal ly reconstructs the value of the
quanti zi Ng err Gyjedy Adwinidisdusion S0 tictl sOlbades, \Moltéml SUM®2dHR the sum
anpl i tude as t uanti zin case of the quant i Zi ng function
shown d&’?‘é‘qmﬂ%&%ﬂﬁﬁwfﬁge Mnted by a function which
generates pseudo random unbers uni formy within the interval from and
i ncl udi ng O OOOOOGM o and including 0.0011111[err]. For the (32)

guanti zi ng fu mgng u a1 may be inplenented by a
function whic genera? es pseudo- ra%m nu#&al ’

uniformy within the
interval from and li€{detafisieredchadntlo@®f err], or -. 125[err] up to but not

et 120, COLO0GRIG kgt ool ki Sl 02 20Pr 0l ated by one
Thus, SUM(X), is a partial sum in the sense that the “"completo® msmmc)includeﬂhupectnloqmponents
from all channels included in the steering process, or -
SUME) = 3350 = SUMU: | | o
whers CC = number of channels included in the steering process.
Aﬁm&uof-phmwmpmﬁmwhemmmthu&chwmgewulwmpomtvdmhm
compoeite channel subband is not substantially less than the largest of the corresponding individual specteal
components, !fafuctionoﬂhubaolmvdueofscwmwhichistbdhrgeﬂmgnimspednlwmponent
k across all steered channels, is greater than the absolute value of the corresponding sum of spectral

components SUM{(k), thea the fraction of the largest magnitude spectral component is taken as the spectral sum.,
‘This may be represented as

SUM®) = [';mr—m || > (suueo) | )
. SUM(K)  otherwise. :

whers F = a faciof in the rangs from 2 to CC, the number of chanaels included in the steering process.

“This scheme docs not increaso the number of bits required to-represeat the coded signal, but it can cause
& companion decoder to generate sbrupt phase changes in the reproduced signal. Although the buman ear is
relatively insensitive to phase changes in specieal components above approximately 2 kHz, these changes in
phase may be perceptible in situations where they also cause abrupt changes in composite channel amplitude
which are audible. | | |

A second out-of-phase compensation scheme inverts the phase of a channel’s spectral components before
combining them into the composite channel if it determines that Jess cancellation will occur as compared to the
cancellation without phase inversion. The use of phase inversion is passed as side information to the
companion decoder which can restore the proper phase for each channel.

In a preferted embodiment, the relative amounts of out-of-phase cancellation is determined by performing
two interim calculations as the spectral components of each channel are combined with thelr corresponding
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generators including noise generators with di fferent anpl i tudes, different
anplifude probability density functions, and different spectral

shapes. In a.preferred enbodi nent, the SER-1 technique is applied
to thé conposite channel and the discrete :

-29- channels. SER-1 enhances the reconstr2®stion of nantissas in the
conposi te channel subbands prior to inverse steering, discussed bel ow.

SER-1 may al mewwmmwmmwmymmmmmmm
inverse st eerl ngrusetofvaluesfomnedbyaddmguchofthespeekaleomponentsinlhec“channeltolheeomepondmg
: spectral component partial sums. The second interim calculation, represented by Bquation 3o, establishes a
second inner product of a second set of values fornied by subtracting each of the spectral componeats in the
c‘chmelfmmtheeonespondmgspeeuﬂoomponentpmidm The inner products are established by

calculating
. : .
1P, = YISUM®, .+ SOB)] * ISUM®),., + SO G
e
P, = ;[SUM(k)H- SQK),] * [SUM®K),_, - SOK),] 3e)

. where IP,, = first innec product for the first ¢ channels,
IP,, = second inner product for the first ¢ channels,
k € {set of spectral components in all steered subbands}, and
SM = number of spectral components inclisded in the steering process. |

If the second inner product is greater than the first inner product, the second inner product is taken as the
new partial sum snd an indication is passed 10 a companion decoder that the phass of the c* channel has been
inverted. Omuwm.lheﬁmhwpmduuhukenuﬂnwpuﬁdsummdmindmuonwpusedlhat
thephaseofthec"'channelhasnotbeeninveded

ms:dwmmqulmodyammofmbitpuchmd,hﬁtunWywmpmfor

| many signal losses due lo out-of-phase cancellation. The increment of compensation may be decreased by
. increasing the number of bits used to pass phass changs information 10 a decoder. For exampls, two bits per
channel will permit the encoder to adjust individual channel phase in increments of 90 degrees.

“The ability to make phase adjustments depends in part upon the implementation of the filter bank used in
conjunction with the preseat nveation. Phase sdjustments can bo casily bo mado for filter banks implemented
by complex-valued transforms such as the DFT. For filler banks implemented by a TDAC transform,
however, sny phase adjustment other than simple inversion is more difficult.

For the Evenly-Stacked TDAC transform described by Princen and Bradloy, an adjustment similar to 8 90
dogree change in phase can be sccomplished by swapping spectral components between adjacent subband
blocks. More particularly, this TDAC transform comprises the altemate application of a modified DCT and
a modificd DST. An exchange of transform coefficients between adjacent DCT blocks and DST blocks would

apptoxxmateumdegreecbangoiuphase.
wwmmmmmum.uyasodegmcmgemmunmmu What is important is
Mtpedulwmpomhmwmbimdhm&eemdemhmmmmwﬁehwddsoﬂofm
cancellation yet permits proper reconstruction by a decode process. Using only two bits per channel, a TDAC
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In alfernative enbodinents of the present invention utilizing
representations other than the preferred block- floating-point
representation discussed above it may undesirable to use SER-1 for
subbands in which little or no signal is present because it will generate
a steady | owl eveI noi se si gnal which may be audi bl e unless spectral

conponents | | %P.F@Mf Kot itdhar ways, it dotbBined GiiaEls: TRrithout phase
techni que (S statlstlca alters the

quant|2|ng error in a manner
conpl enent arynmmmwwemmsoawmm@emwm%mmmt

"reset" flag mg‘ﬂtl‘m‘@“ a,lﬂhz,gﬁwa‘,grme,ﬁﬁ
whi ch generat es a n0| se- F’“E na cfgnt I ca QJ\E

to that generated In the
conmpani on  enoweping betFirn aditoept sibband blocks| A chmpanionTDAC detader o revsrse the paogsssite praperip f

t he quanti zi NG Shd E WWM ed from each spectral conponent after
dequanti zati on: I‘\!" 'S not U

sed in situations where the conplinentary

process was notmﬂwmpmuumadhndbhehkwnm“hmma
H Inverse St

reconstructs e&%hg% #ﬂ%%%@%ﬁﬁwﬁwiﬁ COI’ﬁ)oS{SﬁIa{ e ﬁ'gnne

DST are performed concureatly. Swhmimplemenhﬁmkmﬁnﬂydenﬁbedin!mﬁoudmbﬂmm
No. WO 90/09022, refetred to above. ' _

A thind out-of-phase compensation scheme is similar 1o the second scheme discussed above except that the
calculation of inner products and the phass adjustment of & channel's spectral components is performed
indepeudentlyiormhmbbmdincludedinmmuingpm In & preferred embodiment such as that
sbowuinTable!wbmonlyspecﬂﬂcompom&abweaboutZkHzmindudedinMg twenty-two
subbands per channel are included in the steering process. Mfom.eighty—eightbiuofddeiafmmﬁonm

* required by a S-channel system to pass subband phase inversion information to a decoder.

| nshouubuppmmedbymmmmemmummmmmfmmmmmmyumm
thethreeeompensmonschemesinvuiouseombimhons.

c. Constructing the Stecring Control Signal

The third step of the steering process constructs the steering control signal which will be used by the
dequantizing process in a secelver 1o secover tho stocred channel spectral componeats from the composite
ehunnel Many methods are possible.

m.mlwmammhmmmma@nwumm
mmmm«dWy@mdhmwhmeuaﬂw

. channels. A channel’s “calculated level® for & particular subband may bo obtained from the pesk value, the
" average, or other lincar combinstion or weighted sum of the spectral componeats within that subband for that
channel. A calculated fovel oblained from the average composite subband amplituds is preferred to avoid
wmmmawmm.mmm&muwmuam'mhr
One Type I method constructs & vector of elements for each steered subband representing the difference

in calculated level between each steered channel and the composite channel. Each element of the steering

eonuolsignalveuoreorruponduoommwdlumehndtepwienulhediﬁmbuweentheeompoﬁlo
channel’s calculated jevel and that steered channel’s calculated level.

Amd%lmdmamofmfuﬁmmwmmouhﬁw
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response to a steering control signal, steering control flags, coarse
quanti zation |l evels, and spectral conponent values received frompaths 71
t hrough 74, respectively. Coarse quantization |evel information and
spectral conponents for unsteered subbands al so received frompaths 72
and 73 are passed through to the inverse filter bank al ong path 81.

In a preferred enbodi nent of the present |nvention st eered subbands are

identified DYyafub§FesdhGebebd Wanndd ki “g@ gmﬂg ’4 Egectr
conponents for each of the steereh“ed b%a S represent by 't

channel are dhayatioketyeen apteered WMIM@@QMWWQHWMd.
recei ved from P Ronttuctida QIR sictild endafbRi o it %W JUFS re ALY %Heﬁ’m
path 72, n

and the conposite channel spectral components recelve
path 73. In Mlmrmfw@mdbmmmtmmmmmﬁmhmmm

ol Towi ng. par ety ol Yl Gk Bl pe Blbdei b, (BLFRIGn R < Frvredfy etrn

each of t hechswnels fiom dlioi steeringprdessel wheslisech onbafpha conditions exist, or by @tilizkig A6 odt-of-phase
enbodi ments u

embodi Ment s Usuthefod!bchdof! G 6 aballor M blosiid & Sodfillnfid e A0 bt SiSunt
quhdummwlwmmdbhmofwwby&ewmpﬁbbhnd
if tho ratio is defined, and sets the factor to zero if the ratio is undefined, Le., tho composite subband's
uleuuudlevelismbmﬁanyeqmlhm '

AWMpﬂdelmmmamofdmhmmmem;
the absolute or non-relative value of each steered channel’s calculated level.

In a Type Il embodiment of the present invention, the steering control signal comprises a set of statistics
for each steered subband which represcat the sound field localization characteistics for that subband scross
all channels. ‘The elements in the set represent a siatistical measure of the apparent direction of the source of
& multi-dimensional sound field. This sct may include one or more directions, the standard deviation, and
possibly higher order statistical measures of sound dispersal about the directions, In ons embodiment of the
prescat inveation, & basic method constructs a vector for cach steered subband reproscating only the primary
spatial disection.

The concept of this basic methiod may be better understood by seferring to Figure 9 which illusteates a
hypothetical reproduction system comprising five prescatation channels. Bach of theso hypothetical preseatation
channels, which correspond to one of the input channels, represeats a loudspesker located on the surface of
a uait sphere. Tho intended listener is located at the sphere’s center. One of the channels is labeled RF.
appareat direction of channel RF to the listener is represeated by unit vector Y.

According to this basic method of Type I coding, steering control signal vector P, represeats the principal
direction of the sound field for stecred subband j. Although a cartesian coordinate sysiem is & preferred
representation for direction, other representations such as polar coordinates may bo used without depasting from
the spirit of the inveation. The steering control signal may bo expressed as

Py~ S, - 0,5t @
where DY, = directional unit vector for channel i,

LI, = calculated level for subband / in channel i,

S = total number of steered chantiels,
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can generate spectral conponents for each steered channel by al gebraically
addi ng the corresponding elenent ~  of the difference-level vector to the
correspondi ng conposite channel spectral conponent val ue. For Type

enbodinents using a rel ative-level vector steering control signal, the

reconstruction nethod can generate spec&&gl conponents for each steered

channel subband fromthe product of the elehents in the relative- | evel
vect or

and the cogrespondi h osite channel subband spectral conponent
val Ues. %-M;M&ﬂﬂm%m%._

- 30-
For Typo | enbodi Dieatdiredtiokalighituscions o lall kteerddatimhely;aat Or St eering contr ol

cach st cered chanfer BHch Bre o mseal R Sl Beet b % et T e

© Oneadvaniage of Type Il embodimentsis that the coding format and bit requirements of the steering control

" gignal is independent of the number of channels included in the steering process. On the other hand, the
encoding steering process must be informed of the number and location for the sound sources represeated by
MOfmeinmqujuuu the decoding steering process must be informed of the number and placement
of loudspeakers used in the receiving decoder system, thereby presecving the original multi-dimensional sound
localization characteristics. Referring to Figure 7, & direction vector DI, for each input channel required by
2 Type 11 embodiment of the invention is provided to the Steering Controller along path 2. |

Type Il encoders which employ adaptive subband steering must also pass to tho decoder the DI, vector for
each input channel {. This information is necessary so that the decoder can convest the discrete or unsteered
ehannelmbbandsintousﬂofﬁgnﬂsaﬁhbleforﬁpmhﬁonsyﬂem.

At the conclusion of the subband steering process, all speciral componeats in the unsteered channel
subbands and (he composite channel subbands should have been allocated sufficient information capacity to
easure coding noise is inaudible. For digital implementations of the present invention, this equates to allocating
a sufficient number of bits such that quantizing noise will be inaudible.

E. Quantizer |

Quantizer 500 prepares a quantized representation of the encoded signal for subsequent formatting into &
form suitable for transmission or storage. The Quantizer receives steering control flags slong path 41 that
indicate which subbands were steered and passes them along path 51. It quantizes the steering control signal
reccived from path 42 and passes tho quantizod information along path 52. The Quantizer also gencrales
quantized spectral code words in response to the coarse quantization information received from path 43 and

- the spectral component values received from path 44, and passcs the quantized code words along path 54. The
coarse quantization information is also quantized and passed along path 53.

The format of the quantized steering control signal varies according to the method used to construct the
steering control signal. In Type I embodiments of the inveation, the steering control signal expressed as a
difference-, an sbsohute-, or a relative-level vector may be coded as & vector of 8-bit numbers represcating
levels across a chosen dynamic range, for example, & range of 100 dB. Byusingthesenumbeuqsmindcx
into a lookup table, each 8-bit number can _tepmentulognﬁlhmic lgcmuent of .39 dB (100 dB /7 256).

For Type 11 embodiments of the preseat invention, a steering control signal expressed as a directional vector
of a sound field may be coded as a block of 4-bit mantissas sharing & 4-bit exponent. Generslly, one mantissa
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conposite subband by a factor established fromthe ratio of the :
correspondi ng el enent of the absol ute-level vector to the conposite
subband's cal cul ated | evel. Unless the calculated |evel for each conposite
channél subband is included in the encoded signal, the Inverse Steering
Controller nust derive it using the sane ppgcess used in the encoder
Steering Controller to determine the calculated | evels for each steered

channel subbgQghired for chdh diridosibH SN dkotibdAP vdoRE bl itia AR e

reconstruction nmethod should ensure that the ratio of steering contro

i nformati on togepiésent dimeefiensi t e subband cal cul ated | evel is not undefined or
excessively la

LSy velfble i 8 Ao Bl 'Rl b SN o ivent
representing spe Ta cgﬁgg en gh? | ?g en'&gﬁgﬁﬁgpggﬁk$c are taveation
subst ant i al | wtitizisg dofblek-flemingwpdiit rapresentatian dienssed/sbover thb IQuingicer aixeives, spéctasl Somponent
situation nay be event ed by excl udi n C nel.s fromthe steerin rocess
when suh oy e kB oYt i bouss KPSt e oy oo v Tromspch A e
cofpensat i on ypGisfRiized nhnfisan Wb SI6 ¥Ordd with W GR iehgthl cidisponding 1 HE B WoRitio Taformation
however, a sinple but adequate technique |imts the factor to a.val ue

equal to t he "reifHdrortRatiyTpti otescs the grantized codg waes plors Rt o The enblated pbbad exppnents
the ratio is Ggbid i pdidl 2Sihusiod br Uia dbordif 16 Molnastbe dxpbnedtithtbo redeved from path 43.
undefined, i.e., the conposite subband's calculated |level is substantially
equal to zer Ghe biased subland expopents sisbutistecexponcats are paseridialoog piin83. vect or for m of

steering contrqy o3d Gii3himede O B Hitkont iBveRiion SES Yidible Witects of quantization ervors may be decreased
byaddingqnqigeﬁkodgndhmhspeekﬂéompmbefonqmﬁaﬁon. The amplitude of the noise-like
signal is chosen for each spectral component according to the number of bits allocated to that spectral
component so that the mean amplitude of the noise-like signal matches the expected quantizing error.

For example, in a system using a two's complement represeatation in which spectral component mantissas
mmi-mengu.._.mmamybe:epmuby:hemuﬁpu.mmf,wmehismﬁngofmbm
symbols # following the binary point, and & single binaty symbol # prior to the binary point which represents.
the sign. Bach symbol # may assume a value of either 0 or 1. The 8-bit mantissa 0.1100000, represents the
quantity .75y, for example. Assuming that three bits are allocated to the mantisss, quantization may construct
a code word of the form #.4¥, by truncating the 8-bit representation to 3 bits; thus, the minimum and

" . maximum value of tho quantizing error is 0.0000000, and 0.0011111,, respectively. The audible effects of
this quantizing error can be reduced by adding & noiso-like signal to each 8-bit mantissa before it is quantized.
mmlsﬂikesignalémhepmdueedbyapwﬁo-undomnumb«myvﬁehgm@svﬂmuniformly
within the rangs bounded by the minimum and maxiswm quantizing ervors. -

- Wmty.mmmmmmmummmmmmuw

. by a “reset” flag included in the eacoded subband block which & companion decoder can use to synchronize
a complementary process. ‘The period of the noise-like signal is not critical but is preferably in the range of
from 50 milliseconds to two seconds. Shorter periods may cause the process to generato audible astifacts.
Longer periods increase the time required for a companion decoder to initialize or to reinitialize afier
synchronization is lost.

In one embodiment, the reset flag is a single bit. In an altemative embodiment, the reset flag comprises
two or more bits which provides an index into a“table of values used to seed a pseudo-random number
generator which generates the noise-like signal.

In situations where no subband signal is present, the noiso-like signal may be audible unless specteal
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spatial characteristics of the encoded signal, the reconstruction process
nmust take into account the nunber and | ocati on of | oudspeakers installed
at the, decoding site in-order to adjust the anplitude of the reconstructed
steeréd channel subbands fed to the presentation channel s. -The direction
vector DO, for each presentation channe I's provided to the Inverse
Steering Controller along path 82. referred Type II reconstruction

nmet hod can genera en each anne
appor ti oni ngm'f'?ﬂ%'“é‘g%ﬁﬁ‘ E 'é“’%f“ {rﬂ‘é‘f 8@1"& L‘"‘b%é"“é’f‘mg
nore pr esentméenraoﬂhﬁpaaqu»r&amm as m.om shoveQil Ry Bdahﬁblmd #ot (193 This process

spatial orientation, and possibly the dispersal characteristics, of the
subband  r &feereBieagisgike signal foc miaptisss within syblpnds baxiqg farge-prponcats.

ortionment to
each spectral conponent is proportional to

the calculated |evel for its
presentation channel subband. By applying Equation 4 to the
presentation system the steeri iy Adoptivediit AJ e expressed as

T gl Pl 8k Ay g Bl e B < o
MWWWMMWMWMI«MGWMW&M
subbands from path 58, steering control flags along path 59, and the number of bits available for allocation
slong path 65 from Bit Pool 650, The number of bits.in Bit Pool 650 ars oqual o the number of bits in Bit
Pool 350 of the encoder. The calculator determines the number of bits used by the encoder to quantize each
demmwdewmdw“ﬁngammmﬁaﬂymemu&emmmdwAdaptiveBit
Allocator 300 during the encode allocation process. This information is needed to parse the incoming coded
signal and unpack the spectral information therein.

G. Dequantizer

Dequantizer 700 reverses the process used by Quantizer 500 during the encode process (o reconstruct an
approximation of each spectral component from the quantized code words received from path 56, In a
preferred embodiment of the invention using the block-floating-point represeatation and adaptive bit aliocation
mammmamﬁmw&;mmmammmummm
" path6l. Mwmmwmwmwmmumwmguwmw
exponenumeludmgwterexpomumeivedfmmpﬂhﬂ. mbiuedmbblndexpmumadjustedinw
unbusedfrolu.andplssedalongpuh'lz. A steering control signal is generated in response to the quantized
mmmmmmsmgammmmmwmmm '
quantizing process; Steering control flags received from path 62 aro passed along path 74 to the Iverse
One measure of fidelity in coding systems is how closely tho amplitude of the decoded or output specteal
wmpmhwmbhm'hack'themrpli&deof:hoﬂghﬂhptspmﬂeompomu. Genenlly,
disaepauciuofmmthmappmximtelyﬁdﬂbuwmiupﬁmdontpuupemﬂeomponel;ﬁmadequate :

for many high-fidelity applications. '
Spectral amplitude tracking within spproximately .5 dB is possible for quantized two’s complement
representations of 4 bits or more, but such tracking cannot be assured for spectral eomponenu encoded in &
two's complement representation using 3 bits or less. A 3-bit two's complement number can represent cight
integer values from-4 to 3. Within an embodiment of the present invenﬁouutdiﬁngtha two'l complement
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S = total nunber of steered channels, V[err] = steering control
signal vector for subband j, DO = directional unit vectors for
all steered channels, and

-31- LJerr] = calculated levels for subband j in all steered
channel s.

Type |1 -encoders whi ch enpl oy “®aptive steering nust al so pass
to the decoder the DI vectors. The calcul ated | evel information LI may be

derived di r eflopting-ppintsepreseriation disquasedaboten mantissag fo-which Y bits agestocated aro 'l‘FE‘He‘bW%“‘ of

ol vi g or i BAREAe ¥ieldf GAARGHeS o) gl oBlcd S llcla kA5 Fobhampl
spectral component mantissas within the range from and including .75, or 0.11; up to but not including 1.00,,
aro quantized to the integer value 3. Mantissas within the rango from and including -.25,, or 1.11, up to but
not including 0.00 are quantized to the integer valus -1. Hence, spectral amplitudo tracking insccucacies for
llwﬁrgedspechlcomponentswhichmmppedbi% may be as much as 1, an error of approximately 33%
or 3.2.48. The relative quantizing inaccuracies may be even greater for smaller amplitude specteal
componeais. _

Another quantizing function is shown in Figure 10b in which mantissas are rounded to 3 bit accuracy before
quantization. In this case, howeves, ﬂneqmuunonenorfotcvenlhelargestspeuuleomponentuumas
much as 1 part in 6, or approximately 1.6 dB.

In a preferred embodiment of a decoder according to the present invention, spectral amplitude tracking may -
be improved by reconstructing the normalized mantissas using either of two techniques referred to herein as
“statistically enhanced reconstruction” (SER). SER significantly improves the subjective quality of the decoded
signal, reducing the *brittle® characteristics of high-frequency components often manifested by digital coding
systems, :

The first SER technique (SHR-1) provides a substitute for the least significant bits of each mantissa which
are lost through quantizing because only a limited number of bits are availsble to represent each mantissa. For
example, in a system using two's complement represctation in which mantissss are 8 bits in length, and
assuming that threo bits are allocated o & quantized mantissa, dequantizing without SER-1 reconstructs &
mantissa of the form #.##00000;; thus, the string #.00#4###, represeats the quantizing error. SER-1 assumes

'mumemumgmimmbuuymuo.mdmumemmmmnym:ommuis
to tones. ltisp:efeublelommenom-hheebandenﬁu bmuuaddndvemisehgmﬂyleuobtmve-
than additive tones. SER-1 statistically reconstructs the value of the quantizing ecror by generating & noise-liko
signal with the same mean amplitude as the quantizing ecror. For the case of the quantizing function shown
in Figure 10a, SER-1 may be implemeanted by a fuaction which generates pseudo-random numbecs uniformly
within the interval from and including 0.0000000, up to and including 0.0011111,. For the quantizing function
shown in Figure 10b, SER-1 may be implemented by a function which generates pseudo-random numbers
uniformly within the interval from and including 1.11.10000,. or =125, up to but not including 0.0010000, or

~ +.125,,. It should be appreciated by one skilled in the art that SER-1 may be implemented by other signal
generators including noise generators with different amplitudes, different amplitude probability density
functions, and differeat spectral shapes. |

In a preferred embodiment, the SER-1 technique is applied to the composite channel and the discrete
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[err] where DJerr] = inverse of the DO matri x. One addi ti onal
constraint inposed upon the calculated levels LOis that the | oudness of
the sound field produced by the presentation system should be equal to the
| oudness of the original sound field. Mdre particularly, a constraint is

i nposed upon each LO, vector such that thggloudness or total level of the
sound field for each subband produced. by tﬁe presentation systemis equal

et ot e 3B i AR sl oS ] e

represents tﬂmeﬁ&g@dlbehw SEBr1 mwmwm&nnmmmqmmww

by the COWOM&Q@ The total level for all steered channels

represented by the ¢ rrp05|te subband is S. L[err] - Qutput levels for

each channel .mmmmrmpmamwwmmwmhm-

characterlstlc Qf. the nal .sound, fi el IS edfrom

adj ust ment s 19 %ﬂ@%%?%dwém gaiﬁll}?‘dﬂ‘f

of Equation ba&mkpmmbeuwitwﬂlgmhlstendylow-levelnoisesigmlwhiehmybemdlbleunless
speckdeomponenumnughbomgsubbandsmmasku.

lemondSBlltechniqu(SER-Z)ﬂtiﬂ:ullydtu:lheqmﬁﬁngminamnercomplenﬁnuryto

that described above for the encoder. lntesponsalol'teset‘ﬂlgin(eodedmbbandblopk.lhedeeoder
reinitializes a process which generates a noise-liko signal identical to that generated in the companion encoder.
mﬁwhmhmﬂhupmdmﬁhdeofmeqmﬁﬁngmmwmmm
eomponentaﬁerdequmunuon. SER-Zisnotusedinﬂmﬁonswhuelheeomplimeumypmmwm!used
mthaoompanionencoder

H. Inverse Steering Controller

hvmsmhg&nmﬂuMWadmquﬁmofmwmpoﬁumh
response (o a steering control signal, steering control flags, coarse quantization levels, and spectral component
values seceived from paths 71 through 74, respectively. Coarse quantization level information and spectral
components for unsteered subbands also received from paths 72 and 73 aro passed through to the lnverss filter
- bank along path 81. |

In & preferred embodiment of the present invention, steered subbands are identified by the steering control
flags received from path 74. Spectral componeats for each of the steered subbands represeated by the
composito channel are geaerated in response to the steering control signal received from path 71, composite
channel subband exponents received from path 72; and the composite channel spectral components received
from path 73. In general, the reconstruction method is inverse to that used to creats the steering control signal
during the encode process. The following paragraphs discuss reconstruction methods that may be used for each
of the construction methods’ discussed above.

For Type | embodiments using & differenco-level vector steering control signal, the reconstruction method
can generato spectral components for each steerod channel by algebraically adding the corresponding element
of the difference-level vectortotbeeonéepoﬁding composite channel spectral component value.

For Type I embodiments using « relative-level vector steering control signal, the reconstruction method can
generato spectral components for each steered channel subband from the product of the elements in the relative-
xmlwmmwmgeomummw component values,
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[err]-" - such that [err] for all j where [err]
= desired adjustnents to the LO vector, Klerr] = length of the Q
vect or,, and [err] =

= a vector as described bel ow The [err]
vector has no net direction, but the sumof the absolute value of its

elenents i.s one It represents a set of gglculated |evels for each
channel in a gives presentation system which generates a sound field with

no net directi ethiolimenty JEkde ¥2s GFE!?'I e S ma'l &l
an undercontst?g'l.lr?gg? system %ﬁx%%ﬁgﬁdequationg%ee ofﬁgxarrp e‘,hw
Press, Numer iceagenétate ispreteal clinponetst foo taclbsieaert clinans! b0 mpliiplying cachiospecival rcamponeat in »

[ “Can be- obt SPRERIANRITY ador il fm e il olpboding et 3F fy BB R
The directi orveadr tb e chaposile subiaid’s calcalatatiatel.i Uhles theycalcilstodleet Gt teach feomgusite] channdt
Khorr] of thamtpaipheglaiesneaies, oimeptheges GRenia Ao depienttlie natipms
S-Llerr] and séifin Widleddoder Sisering Controller to determine tho calculated Jevels for each stecred channel subband.
In establishing the factor, Mwwu.ﬁwmionmdhodahmddmmmmioofmdng
coatrol information to the composite subband calculated level is not undefined or excessively lirgs. Such a
condition may occur for composite subbands represeating spectral componeats in different channels which are
mbshnliallyoutofphasewil_!.gmm. As mentioned above, ﬂlﬁﬁmhnmybepmubyekﬁwing
chmnehfmmthedeedngpmeeuﬁvbnmhout—of-phmmdiﬁmuiﬂ,mby wtilizing an out-of-phase
compensation scheme. In tho absencs of such exclusion or compensation, however, a simple but adequate
technique Jimits the factor to a value equal to the number of channels represeated by the composite subband
if the ratio is defined, and sets the factor to zero if the ratio is undefined, i.c., the composite subband’s
. calculated lovel is substantially equal to zero. |
Type Il embodiments use a directionsl vector form of steering control signal. In order to preserve the
spatial characteristics of the encoded signal, the reconstruction process must take into account the number and
Jocation of loudspeakers installed at the decoding sile in order to adjust the amplitude of the reconstructed
stecred channel subbands fed to the presentation channels, The direction vector DO, for each preseatation
channel 1 is provided to the Invesss Stcering Controllee along path 82. |
A preferved Type II reconstruction method can generats specteal componeats for each stecred channel by
apportioning the spectral components of the composite channel to one or more preseatation channels 50 as to
obtain a sound field with the spatial oricntation, and possibly the dispersal charactesistics, of the subband
tepmledbyﬁwueedngconuﬂdgnd. mappodhnmenttouch'specmlcomponentis.ptoponimdto
mmmmwmwm
By applying Equation 4 to the preseatation system, the steering control signal may be expressed as

V’ - :;lwuobb‘ - lbl.n-o (S)

where DO, = directional unit vector for prescatation channel /,
L0,; = calculated level for subband / in channel /,
S = total number of steered channels,
V, = steering control signal vector for subband J,
DO = directional unit vectors for all steered channels, and
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-32- <the sound field obtained from Equation 6, or ' [err]
I'I. ALTERNATI VE EMBODI MENTS OF | NVENTI ON

A
Multiple Directional Vectors for Subband Steering As di scussed above,
the steering control signal may be constructed to statistically represent
the principal direction of the sound fiel d,greated by a stored subband. An
alternative nethod constructs a set of statistics '

LD, = calculated levels for subband J in all stecred channels.
Type Il encoders which employ adaptive steering must also pass (o the decoder the DY vectors. The
calculated level information LI may be desived directly from the discrete channel spectral components. Hence,

mhunsteuedmbbmdmybomypedontothopmmionchmnehhylolvingfoullchmnelsjtheequnion
L0, = I},-bi-po™ ©
where DO™ = faverss of the DO matrix.

One additional constraint imposed upon the calculated levels LO is that the loudness of the sound ficld
produced by the presentation system should be equal to the loudness of the original sound field. More
pasticularly, & consteaint is imposed upon each L), vector such that the loudness or total level of the sound
field for each subband produced by the presentation system is equal to the level of the subband in the original
sound field. In a profecred embodimeat of a Type 11 encoder, the level L, of composits subband § represents
the average level for the steered channel subbands represented by the composite subband, or

1 L]
Lj'_§§luu|- @
‘The total fevel for all steered channcls represented by the composite subband is S+L,.

Output levels for each channel { in subband § which preserve the loudness and directional characteristics

of the original sound field may be established from adjustments to the Lb vector obtained by rewriting the
right hand portion of Equation S as

= GD00) 50 ekt
3,-00 = x,-& for all /

where 6,-desheduqiummoth'atb,veem.
K; = leagth of the G, vector, and
& = a vector as described below.

®
®)

The & vector has no net direction, but the sum of the sbsolute valuc of its elements is one. It represents

a set of calculated levels for each channel in a given presentation system which generates a sound field with
“ no net direction. The & vector can be derived by techniques which solve an undercontstrained system of
linear equations. See for exsmple, Press, Numerical Recipes: The At of Sclentific Computing, New York:

Cambridge University Press, 1986. Heace, the @, vector for each subband j can be obtained by solving
Equation 9 rewritten as_ . '
3 =k, -%.p0". (10)
The direction of the ( vector is established by the product of the DO™ matrix and the & vector, both of
which are known. |

mlmgm&of&evmwuhﬁﬁmm.&ewlevels-l,andlhetoullwelof
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for each steered subband which represents muiiple directions.

of directions may be fixed, or nmay be adaptively based upon the disparity
of the. principal directions and the anplitude of the subband signal
originating fromthe principal directions.

B. Aiustnments to Dynamic Range and Gain As nentioned above, a
preferred enbodi ment of the present i nvent®™n is capabl e of reproducing a

signal W t Ny QeodNa RAE dbtafndd B 230 of 100 dB. It is not unconmon,
however, that some app |cat|ong go not want or cannot use the full range

For exanple, a brpadegstey gy W sh to conpress th dynami c range of the
| i b radb2u o 9

transmtted signal to VveVi'ts signal -to-noise ratio, and an owner

notion picture theater with high anbient noise nmay prefer to conpress

(r;hot [ onI pi clt ure sound_t racksnsuTmAmEmbanhmmfnm_ are audi b! e.
annel selective gain my esir t0 S I room acoustics
or present ation system cha&h@%ﬁﬁ%ﬁ%mm@gﬁwpossbl e to use

convent i onal siAg#disdussebshove; thosteering canteahsigmalomay:he gonstracied fto siatisticallyndprescat thoipwincipal
ﬂﬁgag‘egnr gggﬁ«éﬁ& it Bie ol fild Sfedlidy o3G5 Ribbdnd.NAR altRfalive ol détistnidls a@&%?&nis&u

has, Deeh 0oC G e M b L M ShS Sl s 1

For exanpl e, MWMQMMYMMMWM%MIMOmlmﬁ@
di vi di ng evelghgiaitRP Rt the pRXRRIGREIRY, tWo. A 6 dB gain may be realized by
addi ng one to each subband exponent Furthernore, such adj ust mrents may be

made to sel ected subbands and/or channels simlar to that done by nultiband
equalizers by restricting suBhAdjustments toddymamis RaogeandGin ubband

exponents. As meationed above, a preferred embodiment of the present inveation is capable of reproducing a signal
with a dynamic range in excess of 100 dB. ltisnotuueommon.howwer.thalsomeappﬁeﬁﬁonsdomtwmt

- or cannot use the full range For example, a broadcaster may wish to compress the dynamic range of the

" transmitted signal to improve its signal-to-noise ratio, and an owner of & motion picture theater with high

ambient noise may prefer to compress motion picture soundiracks so that softer soundtrack passages are

audible. Channel selective gain may also be desired to compensate f«mmﬁuorp}esenmionsym
characteristics.

The nunber

Although it is possible to use conveationsl signal compressors, expanders, and amplifiers to adjust the
dynamic range and gain of s signal before it has been encoded or after it has been decoded, such changes may
be made by the encoder after encoding and/or by the decoder before decoding by altering the subband
exponents. | |

meh:mmmhdymkmgemyhmmphﬁedbydivﬁmmm
exponeat by two. AGngmmybendmdbylddmgmwuehmbhndupomL Furthermore, such
adjustments may bs made to selected subbands and/or channels similar to that done by multiband equalizers
by restricting such alterations to selected channel/subband exponents. '

‘Adjustments made by an encoder to the dynamic range of an encoded signal can be reversed by a
companion decoder if the characteristics of the adjustment are known beforchand by the decoder or are
provided to the decoder through side-information in the encoded signal.

C. Ancillary Blocks
'I‘heptesmtmvenﬁonmyboused toawodemnlﬁplechmnelsofinformmonlhuismteﬂewed with
blocks of other information which may be either related or unrelated to the multiple channel information. As
discussed above, the encoded multiple-channel information is encoded into what is referred to as subband '
blocks. The additionsl interleaved blocks are referred to here as ancillary blocks.
Ancillary blocks are similar to subband blocks, but are blocks which can be processed by an encoder and
a decoder in addition to the subband blocks required to represent the multiple channel information. The
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Adj ust rents made by an encoder to the dynam c range of an encoded signal
can be reversed by a conpani on decoder .if the characteristics of the
adj ust.nent are known beforehand by the decoder or are provi ded to the
decodér through side-information in the encoded signal.

C. Ancillary Bl ocks The present invw@%tion may be used to encode
mul tiple channels of information that is interleaved with bl ocks of

ot her i nf or rasbbansblogkirete forrgash phanne] injgpreforeed a'!"@d“'!”‘ of theroatat ivention in 83.74 Mz (45,000
channel i nf o ga.wm:smdhswsessm.bww t&tﬁkb?dlﬁhabthis

add {1 onal | e Sl bt o e %é\?%*ﬁ Fﬁ&s BARPARAs g ¢l fsi3ps of 8875

Anci | | ary bl Be e capphle of alsp pepcesting ancillary higcks, oy ﬁﬁrbe

processed by anmmmywwmmmummmwmmmm@um

required 10 LERE GASHich MRSndiity b1BkE RIABLRGY, dndilly Wbtis Ulenddd 1or different purposes may be
designated by different key values. For example, 4 bits of each block could identify the block type: 0000, for
subband blocks, and 0001, through 1111, designating any of 15 differeat ancillary block types.

Altemnatively, each block can contain a block number comprising, uir,'l bits which increments from 0 to
127 and then wraps around again to 0. A scheme can be established in which certain block numbers are

~ reserved for ancillary blocks. Many other variations should be appareat to one skilled in the art.

In motion picture film applications, for example, the present invéntiqn may be utilized to digitally encode
multiple channcls of audio information onto the film in synchronization with the picture. The choice of
technique used to affix (he encoded signal to the film is not relevant here, and is beyond the scope of the
present invention. A standard film speed is 24 picture frames per second; therefore approximately 3.9 subband
blocks are required per picture frame to realize a subband block rate of 93.75 Hz. . Bucoding any number of
blocks in excess of 3.9 blocks per picture frame provides an excess capacity which can be used for ancillary
blocks. . '

I four blocks are encoded for each picture frame, & four second scgment of film containing 96 picture
frames will also contain 384 encoded blocks. Within this four second segment, only 375 subband blocks are
required to represent audio information. ‘The remaining 9 blocks, the ancillary blocks, may be used for any
purpose selated or unrelated to the sudio information or the picture. In one embodiment of the inveation, each
segment of 128 blacks comprises a fixed sequence of 42 subband blocks, 1 ancillary block, 42 subband blocks,
1 ancillary block, 41 subband blocks, and 1 ancillary block. It should be appreciated by one skilled in the art |

: Mdtﬂmﬁnﬁxednqmormpﬁnuqmmm'bh.mdlhaunumberofsubbandblochper
picture frame other than four may be encoded.
mmmuochmymgmﬂhmmmemdmmmﬂudwmm
awhulhetoulnumberofehmuu_.thcsluofthcadapﬁvealloeahonbitpool,mdthespﬂialoneamionof
the loudspeaker system assumed by the encoder. Theso ancillary blocks may bo encoded at the stast of each
meloﬂhmghoutlheﬁlm.eiﬂwrlosimplifymningaﬁlﬁinthemiddleofamelorloconve_yldapﬁve
information used by the encoder. |

The ancillary blocks may carry other information related to the film such as film projector controls, film

- editing information, and information for loading into software controlled devices. For example, programs or
tables required by a decoder can bo encoded on the film and loaded into decoder memory at the time the film
" is run for a showing. Deeodercompaﬁbilitywithcnmtandﬁ:!memdiugscbmesmmuebyhe

achieved. ‘The only function required to remain resident in the decoder is the means to identify block types
and load ancillary block data into decoder memory. '
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-33- subband block rate for each channel in a preferred enbodi nent of the
present invention is 93.75 Hz (48,000 sanples per second / 512 sanpl es per
bl ock) .- An encodi ng/ decodi ng system i npl enented according to this preferred
enbodi ment of the present invention which can process subband bl ocks at a
rate in excess of 93.75 Hz are capable of alsg processing ancillary bl ocks.
For ot her enbodi nents, the subband rate may differ. A speci al key may
be inserted into each blggck al Igu%Qthhe decoder to identify which bl ocks
are subband bl ocks and wheggm are ggliCl | - gmks. khoepkkanyr Steardnig | ar y
bl ocks intended for different purpose Te—tresorete oty —H-oRReg key
val ues. .For exanple, 4 bME¥PGf eafh block Gould identi b9 the bl ogk type:
0000[ err] for subband bl ocks, andy0001[errf through 118¥[err] designating
any of 15 different ancillary bl oagk types. 3 Al ternatd vel y, eag bl ock

can contain a block nunber conpri & ng, say4 7 bits whi increnegis fromoO
to 127 and then wraps around agaign to O. schenme can He establ ished in
whi ch certain block nunbers are meserved for ancillay Dl ocks. Mihy ot her
vari ations should be apparent to 8ne skill®d in the artg In tion
picture filmapplications, for exﬁp’pl e, th@ present invention nayebe
utilized to digitally encode nulijiple chajjnels of audidp infornmatd on onto

the filmin synchornization wilh the ma2stgre. The chpice of tgechni gue
used to affix the encoded signal i the f¥-&%is not relevant herg and is
beyond the scope of the present jgiventi cig:i}\ standard §il mspeedis 24
picture franes per secon¥EXRheref1se appragoeiately 3.9 gubband ocks are
required per picture frane to re _jze a subband bl ock rate of 93.775 Hz.

Encodi ng any nunber of bl ocks i nygxcess _g .9 bl ocks %er picturee franme

provides an excess capacity whichigan be 2gg8¢d for anciljary ‘bl oc§<s.
I f four bl ocks are encoded for eag,? pi ct B2=36rane, a four second gegnent of
filmcontaining 96 picture 22 36-39 4 8
40-43 4 8
24 48-51 3 8
27 68-77 3 9
28 78-87 3 °
29 88-97 3 8
30 98~-107 3 8
31 108-117 3 8
32 118-127 3 7
a3 128-137 3 9
34 138-147 2 5
35 148-162 2 8
36 163-180 0 8
37 181-198 0 8
3s 199-216 o 8

® For the TDAC transform, MD s
¢ ST coefficient 0 is always
:“x?on&:::e :éxdo Tnti.na for 0 need not be quam:i.zed.y :'le\:o’l the:;‘etore o
_ 8 fixed at 9 bits. ' ene of MocT

* For the TDAC transform, the bit leng

9 bits. The bit 1
aliocarioh ength for MDCT coeffi

th for MDST coefficient 1 is fixed
cient 1 is established by adaptive bzt

Table I ' :
Transform Coefficient Subband Grouping
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frames wil mél-—encoded bl ocks. Wthin this four second

I
segnent, on“’ bl ocks are required to represent audio
i nformation '{mmﬂﬁmdl 9 bl ocks, the ancillary bl ocks, may be used for
any  purposé rel s ‘UMel ated to the audio information or the picture.
I n one enbodi ment of the invention, each -3egnent of 128 bl ocks conprises
a fixed sequence of 42 subband bl ocks, 1 ancillary block, 42 subband

bl ocks, 1 ancillary block, 41 subband GIAMMS 5nd 1 ancil | ary block. It
shoul d be appreciated by one skilled in the art that alternative fixed

o eke per O b P dhin PAGREF ifSpaPoding 358 o mine e MiHbisrbipREhe o' 500N
ocks per pi c : e
anci | lary bl ock may carsteeringaneins iresponidive t6é4ld one ob adre idput sipaaldi fog gareraings

requi red by the decoder such as.the total,kK nupber of channels,, the_ size
of the adaptive allocation b Compegite g&'&‘?tm“‘gp‘&% USICY SPeciym in A pl“"‘ﬁ‘ﬂ@f

| oudspeaker system assu;;&g, baasegeoder. These ancillary bl ocks may be
encoded at the start of e gﬁ&’y reel or throughout the film either to.
sinmplify restarting a fil m ione oe moredindividual sigaals and; inder cestaindegnditions, a
I nformati on used by thesﬁﬂg& r e | ?Fﬁl r 3
other information rel ate oﬂgrﬁiag'ﬂ’l %‘%Sé{ﬁ%éa'ﬁwni“gﬁ%?@é? é"gﬁﬁ 0 s,';\ép'-'lplosn%tc
editing information, ansighalfhavingtthein réspectivecfoequencynspectsain one frequancy band:or in
devi ces. For example, p | required by a decoder can be
encoded on the fil mandam&muﬁﬁ@m@@ry at the tinme the film
is run for a showi ng. Deostesirmeamsnesponsive ity sald Steering aansifiol petierating a steering
encodi ng schenes can tmkbe achi eved. The %ﬁlﬁ funct‘Lon requi re%
to remain resident cphfrol HaE ONg OF {IROIRCQMpoBcHts ng i0 $3d,one cy band
and | oad ancill ary oplssidlsestiidoretifddOcoBSoaEte sighBlY said plurality of frequency bands of said
first or second-recited composite signal.

2. An encoder according to claim 1 further comprising estimation means' for
estimating the information-capacity requirement of said one or more individual signals,
wherein said steering means generates said second-recited composite signal in response to
said estimation means estimating that said information-capacity requirement of said one or
more individual signals exceeds a desired amount.

| 3.Anencoderaceordingtoclaimlbr2whereinsaidsteeringmansisnot
responsive to at least one but not all of said one or more input signals.

4, An encoder according to any of claims 1 through 3 wherein said steering means

may not generate said composite signal in at least one but not all of said plurality of
frequency bands. :

5. An encoder according to any of claims 1 through 4 wherein the values of said one

or more components relating to said one frequency band or said plurality of frequency bands
represent the levels of said one or more input signals. '
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Mast er Subband Coeffi ci ent Al l ocation

St eering
Nunber s Basi s 16Thr eshol d R/EXPO
0llIIIllI ] TR IIIII)HHII” - 2 -
11+* 3 -'36 _ 3 5

5

1 5 6. An eneoderjaboordmg to any of claims 1 through 4 wherein sald oné or more
- input signals represegt a sound ﬁelg, and wherem the yalues of said 1qne or more

components represent the apparent direction of said sound. field with respect to said one
frequency band or said plurality of frequency bands.

7. A decoder for decoding a coded signal comprising either a composite signal
having its frequency spectrum in a plurality of frequency bands, or one or more individual
signals and, under certain conditions, a composite signal, said one or more individual signals
and said composite signal having their respective frequency spectra in one frequency band
or in a plurality of frequency bands, and a steering control signal having one or more
components relating to said one frequency band of said second-recited composite signal or

- said plurality of frequency bands of said first or second-recited composite signal, said

decoder comprising
inverse steering means responsive to said coded signal for generating one or more
reconstructed individual signals from said composite signal, and

means for generating one or more output signals in response to said individual signals
and said one or more reconstructed individual signals.

8. A decoder according to claim 7 wherein the values of said one or more
components refating to said one frequency band or said plurality of frequency bands
represent the levels of individual signals represented by said composite signal, and wherein
said inverse steering means generates said-one or more reconstructed individual signals
having levels substantially the same as said levels of individual slgnals represented by said
composite signal.

9. A decoder according to claim 7 wherein said coded signal represents a first sound
field and the values of said one or more components represent the apparent direction of said
first sound field with respect to-said one frequency band or said plurality of frequency
bands, and wherein said inverse steering means generates said one or more reconstructed
individual signals which during presentation generate a second sound field having an
apparent direction substantially the same as the apparent direction of said first sound field.
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9 a 10 10

5 IIHIIIHIIIIIIIIIIlIIIIIII!Ii LU &

8 4-15 4 8

14 16- 17 8 .37- 15

18-19 4 8 MEXP1 16 - 20-21

4 8 10. An encoder for encoding ad fnput stgnaan%sing input sampleé said encoder
8 . 18 - 25-27

19 2g- §amprising 4 8 | 20 |

2 2-35 o 4 means est#blishing thgzquanhzmg e(t)'roz for a’respective oi@ of%aid input
8 samples, ands for generalingan error value for Aaid respective oge of said input.
24 48-51 d the

g gamples, sai@err%r value havifig a mean and range suggar to n?Segn and range of
3 9 the quantizing error of said ®3pective ong of 33id input samples, and

9 '

meas$ for genera‘%’ggga?new sample by co‘?nbining said errot value with said
respective one of said input samples, and

means for quantizing said new sample with the same quantizing error as that
established for said respective one of said input samples.

11. A decoder for decoding a coded signal comprising one or more code words, said
code words providing a quantized representation of an input signal, said decoder comprising,
means for generating an error value for a respective one of said code words,
said error value having a mean and range similar to the mean and range of the
expected quantizing error of said respective one of said code words, and
means for combining said error value with said respective one of said code
words to generate a new representation of said coded signal.

12. An encoder for endoding an input signal comprising one or more sample blocks,
each of said one or more sample blocks comprising time-domain samples, said encoder
comprising -
means for generating a transform block by applying one or more discrete
transforms to each of said one or more sample blocks, said transform block
comprising transform coefficients represented in block-floating-point form comprising
one or more exponents each associated with one or more mantissas, and

means for adjusting either or both dynamic range and gain of said transform -
coefficients by manipulating the values of said one or more exponents.
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29 °  88-97 8 30

4IlllllﬁllllllllllHIIIIHIIF m ey T

7 128- 137 3 9

34 138- 147 : 9 _.138- 35

148- 162 2 8 36 163- 180

0 8. 13. A decoder for decoding ax'oded signal @ompEising one or more fransform blocks,
8

. - ., C e 8 F .
he ToAC t arfBF P RS oF o rapeli BioEls comipog pfor pefiiets ppyesehled n
exponent and mamgmnum@mimmmdxmmlmm&m one or

coefficient 0 is fixed até‘f\ia i t erJ For the TDAC transform the bit
length for MI&FB y‘f‘?’c’l f 9 bits. The bit length for MDCT
cog}‘fllm ent "1 is establ meligcoPudjasting! cither 6t both!dynamic Mfige and gain of said transform
e
ante coefficients by manipulating said one or more exponents, and

means for generating a sample block by applying one or more inverse discrete

transforms to each of said one or more transform blocks, said sample block
comprising time-domain samples.

14. An encoder for encoding an input signal, comprising
" means responsive to said input signal for generating signal blocks comprising
information representing said input signal,
means for generating ancillary blocks comprising ancillary information, and

means for assembling said signal blocks and said ancillary blocks into a coded
signal. '

15. A decoder for decoding a coded signal comprising signal blocks and ancillary
blocks, said decoder comprising
means for extracting ancillary information from said ancillary blocks and
altering the operation or the operational characteristics of either said decoder or other
peripheral device in response to said ancillary information, and
means for generating an output signal in response to said signal blocks.

16. An encoder for encoding a plurality of input signals, comprising
means for representing each of said plurality of input signals by spectral
_information grouped into one or more subbands, and _
means for generating code words representing the contents 6f said one or
more subbands, and allocating a number of bits to said code words from one or more

pools of bits, at least one pool of bits shared by at least one of said one or more
subbands in two or more of said plurality of input signals .
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Transform Com oupi ng
-eﬁgo;jmg one M“\m“l“ ‘%I“‘“ l Lal s, conpri siCIr_lg\l wooot Ars]t :g(r:ioﬁgrn:;g;s
e

responsive to sai d oh hore input signals for generating
a conposite signal having its frequency spéi?t'r umin a plurality of

nder cer tain condi Avfieodss for decoding a ool snal Boatiif, Fodk Hop aRisbui's

i ndi vi dual siphurality ofridputosighaly) epmprising Si gnal having their

respective frequency spectra in o e fr uen 0
plurality of frequency 'B%'?ﬂgo ting d num °EBHF Wssar“%g‘ﬂﬂfn‘é’ﬂpg from

sai d steering neargefdt'maie ol dﬁﬂits?aﬂeﬁﬁrdn%@ool of bits shared by at least one of one or
more subbands in two or more of said plurality of input signals, and for deriving
from said code words spectral information grouped into said one or more subbands,
and
means for generating a representation of said plurality of input signals from
said spectral information grouped into said one or more subbands.
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¢

control signal having one or nore conponents relating to said one frequency
band : of said second-recited conposite signal or said plurality of
frequency bands of said first or second-recited conposite signal.

2. An encoder according to claim1l further conprising estimation neans for
estimating the information-capacity requirenment of said one or nore

i ndi vidual signals, wherein said steering raans gener'Be§:$a
second-recited conposite signal in response to said ebtiati’en WEANBEEN
estimating that said information-capacit \apsgpacrenent L of s&hﬂtﬁ@ﬁ]or
i ndi vi dual signals exceeds a desired amobunt. 3. An encot
according to claiml1l or 2 wherein said steering neans is not responsive to

at | east one but n | | id one or nore_ i nput signals. : 4. An
encoder accordi ng ?@‘gﬁm% hedergriing, (Rmumiting, ‘W@P’E@?‘lw rreans
may not generag “ﬁﬂﬂﬂﬂﬁ heGaed i,n at ast .0 t, N al.|
plurality of #requency an ln 'f&'iﬁ‘.l..n nhgn g‘?ﬁé{t@ﬁ’m

clainms 1 throumgmnghmpuaman&aWﬁms We&m&wiﬁy
relating to said one frequency band or said plurality of frequency bands

represent the Ppasiedby myRiple discictosignale andfop a eonipogite sigw) witied ®atrol signal conveying either the
rela!iveleve_lsoﬁhoencodedsigmls,ottbcappamtd'uectionoflhemndﬁeldrepmtedbylbe

encoded signals. In digital implementations, adaptive bit allocation may be used to reduce the
informational requirements of the encoded signals.

FIGURE 7

\

lis Sheet H

T
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- 36 - 6. An encoder according to any of clains 1 through 4 wherein-
said one or nore input signals represent a sound field, and wherein the

val ues-of said one or nore conponents represent the apparent direction of
said sound field with respect to said one frequency. band or said plurality
of frequency bands. 7. A decoder for decoding a coded signa
conprising either a conposite signal having its frequency spectrumin a
plurality of frequency bands, or one or noregs¢ndividual signals and, under
certain conditions, a conposite signal, said one or nore individual signals
and sai d conposite signal having thei'r respective frequency spectra in one
frequency band or in a plurality of frequency bands, and a steering control
si gnal having one or nore conponents relating to said one frequency band of
sai d second-recited conposite signal or said plurality of frequency bands
of said first or second-recited conposite Signall(iiid decoder conpri sing

®

111~

1
N o

~

102 3 . ‘106

101

110’ Q108

FIG. 1
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i nverse steering nmeans responsive to said coded signal for generating one
or nore reconstructed individual signals fromsaid conposite signal, and
means .for generating one or nore output signals in response to said

i ndi vidual signals and said one or nore reconstructed individual signals.
8. A decoder according to claim7 wherein the values of said one or nore
conponents relating to said one frequency_band or said plurality of
frequency bands represent the |evels of 2Adi vi dual signal s represented by
sai d conposi-te signal, and wherein said inverse steering neans generates
said one or nore reconstructed individual signals having |evels
substantially the sane as said | evels of individual signals represented by
said conposite signal. ' 9. d&der acgﬁkping to claim7 wherein
sai d coded signal represents a first gound ° field;and the values of said
one or nore conponents represent the apparen} direction of said first
sound field wth rfespect to- &hi Ly band or said plurality of
frequency bands,| gn ere?wtggﬁgg Ep;teerlng nmeans generatgs |sai d
one or nore reconsft rijuqted — rpdi als—which during presgntjat]li on

generate a second |sduid (fier¥ haf RV E1S ap st antli al | 'y
the sanme as the adparent gfr!:tion of said f} T X '
202 L 214

> 208 _L.
. »| COMBINE / APPORTION [,
. >| CHANNEL ——» CHANNEL |—
@ —>
|y SUBBANDS | SUBBANDS [—%
204—// - - \\~212
/// 306
> | 310
» DETERMINE /
——  NET _
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- 37 - ‘ 10. An encoder for encoding an input signal conprising input
sanpl es, said encoder conprising , means establishing the
guanti-zing error for a respective one of sai d i nput sanpl es, and for
generating an error.value for said respectlve one of said input.

sanples, said error value having a nean and range simlar to the nean and
range of the quantizing error of saidsmspective one of said input
sanpl es, and means for generating a new sanple by comnbi ni ng
said error value with said respective one of said input sanples, and
means for quantizing said new sanple with the sanme quantizing error as that
established for said respective one of said input sanples. 11. A
decoder for decoding a coded signal conpr#sing one or nore code words, said
code words providing a quantized representati-on of an input signal, said

decoder conpri sing, means fior generating an error val ue for
a respective one of said codegﬁg sard) error value having a
mean and range simlar to the aF and rdﬁ@e of the

o
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expected quantizing error of said respective one of said code words, and
means for conbining said error value with said respective one of said code
words 40 generate a new representati on of said coded signal. 12.
An encoder for encoding an input signal conprising one or nore sanple

bl ocks, each of said one or nore sanple bl ocks conprising tinme-domain
sanpl es, sai d encoder conpri sing 4/9 nmeans for generating a
transform bl ock by applying one or nore discrete transforns to
each of said one or nore sanple bl ocks, said transform bl ock

conprising transform coefficients represented in bl ock-floating- p0|ntform

conpri sing one or nore exponent sheach associated with one or nore
manti ssas, and means for]|adjusting either or both dynam c
range and gain of said transfgrm cqeLfL%ients by mani pul ating the

val ues of said one or nore e@gond‘is
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- 38°- 13. A decoder for decoding a coded signal conprising one or
nmore transform bl ocks, each of said one or nore transform bl ocks conpri si.ng
transtorm coefficients represented in bl ock-floating-point form conprising
one or nore exponents each associated with one or nore manti ssas, said

decoder conpri sing . means fay,pdj usting either or both dynamc
range and gain of said transform d%fficients by mani pul ating said.
one or nore exponents, and nmeans for generating a sanple

bl ock by applying one or nDre inverse discrete transforns to each of
said one or nore—tr I ng

ti me- domai n sal#il es. I nplut si gnal
conpri sing spon

generating S|gﬁ@I bl conp |nf i on repfesenfting said

i nput signal, for rati C|Ilary bl ocks

conpri si ng anC|ILaty. r ot —— senbl i ng
sai d signal bl o®ks and said anC|Ihary blocks |nto a'coded ' 1 signal.

15. A decoder f r decodlng a toded ng S|gnaI.bIocks and

ancillary bloc Sy

S|gnal GOﬁphIS

6
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means for extracting ancillary information fromsaid ancillary bl ocks and
altering the operation or the operational characteristics of either said

decoder or other peri pheral device in response to said ancillary
i nformation, and . means for generating an output signal in
response to said signal blocks. 16. An encoder for encoding a
plurality of input signals, conprising nmeans for
representing each of said plurality of i@gat signals by spectral
i nformati on grouped into one or nore subbands, and means

for generating code words representing the contents of said one or
nor e subbands, and allocating a nunber of bits to said code words fr
or. nore pools of bits, at |east one pool of bits shared by §;~=

| east one of said one nor e supbands i ngtwo or nore of sa
plurality of |nputhngFls cq\\Ni \\\1
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- 39 17. A decoder for decoding a coded signal conprising code
words representing a plurality of input signals, conprising

means: for cal culating the nunber of bits allocated to said code words from
one or nore pools of bits, at |east one pool of bits shared by at |east one

of one or nore subbands in two or nore of said plurality of input
signals, and for deriving fromsaid code words spectral information
grouped into said one or nore subbands, 7/9 and ' nmeans for

generating a representation of said plurality of input signals from
said spectral information grouped into said one or nore subbands.
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" ENCODER/DECODER FOR MULTIDIMENSIONAL SOUND FIELDS

ABSTRACT

The invention relates in general to the recording, MM;. and reproducing of ;nulti-
dimensional sound fields inteaded for human hearing. More pacticularly, the inveation relates to subband
encoding and decoding of signals representing such sound ficlds, wherein the encoded signals may be
carried by multiple discrete siﬁuals and/or a composite signal with a control signal conveying either the
relative levels of the encoded signals, or the apparent direction of the sound field represented by the
encoded signals. In digital implementations, adaptive bit allocation may bo used to feduce the
informationsl requiremeats of the encoded signals. | |

FIGURE 7
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