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The invention relates in general to the reproducing of multi-channel signals. More particularly, the
invention relates to the decoding of muiti-channel audio signals representing multidimeasional sound fields
delivered by one or more delivery channels, wherein the complexity of the decoding is roughly proportional

to the number of channels used to present the decoded signal which may differ from the number of delivery
channels.

Background Art

A goal for high-fidelity reproduction of recorded or transmitted sounds is the presentation at another time
or location as faithful a representation of an "original” sound field as possible given the limitations of the |
presentation or reproduction system. 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 a listener.

Ideally, differences between the original sound field and the reproduced sound field are inaudible, or if not
inandibie at least relatively unnoticeable to most listeners. Two general measures of fidelity are "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 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 appareat direction (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 multiple track recordings produced in a studio, the angular directionality and depth may
bear no relationship to any "real-life" arrangement of sound sources and the localization is merely a part of
the overall artistic impression intended to be conveyed to the listener. For example, speech seeming to
originate from a specific point in space may be added to a pre-recorded sound field. 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. As with respect to sound quality, in practical systems measurable changes in
localization are, under certain conditions, inaudible %; relatwely unnonceabli E:ecause of ehgm}ensnes of §
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these sound channels increases, the ability to reproduce complex sound fields increases, practical considerations
impose limits on the number of such channels. .

In most, if not all cases, the sound field producer works in a relatively well defined system in which there
are known presentation channel configurations and environments. For example, a two-channei stereophonic
recording is generally expected to be presented through either two presentation channels ("stereophonic®) or
one presentation channel ("monophonic”). The recording is usually optimized to sound good to most listeners
baving either stereophonic or monophonic playback equipment. As another example, a multiple-channel
recording in stereo with surround sound for motion pictures is made with the expectation that motion picture
theeterswlllhaveeatheraknown,genemllystandardmdamngement for preseating the left, center, right, bass
and surround channels ot‘ alternatively, a classic *Academy” monophonic playback. Such recordings are also
made with the expectation that they will be played by home playback equipment ranging from single
presentation-channel systems such as a small loudspeaker in a television set to relatively sophisticated multiple
presentation-channel surround-sound systems.

Various techniques are sometimes used to reduce the number of transmission channels required to carry
signals representing multiple-dimensional sound fields. One example of such a technique is a 4-2-4 matrix
system which combines four channels into two transmission channels for transmission or storage, from which
four presentation channels are extracted for playback. Ideally, such techniques should not create audibie
changes in the sound field when presented.

Such techniques may be used without departing from the scope of the present invention; however, it may
not always be desirable to do so. The use of these techniques make it necessary todeveloptheconeeptofa
*delivery channel.” A delivery channel represents a discrete encoder channel, or a set of information which
is independently encoded. A delivery channel corresponds to a transmission channel in systems which do not
use techniques to reduce the number of transmission channels. For example, a 4-2-4 matrix system carries
four delivery channels over two transmission channels, ostensibly for playback using four presentation
channels. The present invention is directed toward selecting a number of presentation channels which differs
from the number of delivery channels.

An example of a simple technique which generates one presentation channel in response to two delivery
channels is the summing of two delivery channels to form one presentation channel. If a signal is sampled and
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information required to represent signal. Such representations may be conveyed by transmission

channels with reduced informational capacity, such as lowerbandwxdthornonsy transmission paths, or by
15 recording media with lower storage capacity.

Nonlinear representations need not reduce informational requirements. Various forms of information
packing may be used only to facilitate transmission error detection and correction. The broader terms
“formatted” and "formatting™ will be used herein to refer to nonlinear representations and to obtaining such
representations, respectively. The terms "deformatted” and "deformatting” will refer to reconstructed linear

20 representations and to obthining such reconstructed linear representations, respectively.
It shouldbemenﬁonedthatwhateoneﬁmwsa “linear” representation depends upon the signal processing
. methods employed. For example, floating-point represenatation is linear for a Digital Signal Processor (DSP)
which can perform arithmetic with floating-point operands, but such representation is not linear for a DSP
which can only perform integer arithmetic. The significance of *linear" will be discussed further in connection
25 with the Modes for Carrying Out the Invention, below.

A decoder should use deformatting techniques inverse to the formatting techniques used to format the
information to obtain a representation like PCM which can be summed as described above.

Two encoding techniques which utilize formatting to reduce informational requirements are subband coding
and transform coding. Subband and transform coders attempt to reduce the amount of information transmitted

30 in particular frequency bands where the resulting coding imaccuracy or coding noise is psychoacoustically
masked by neighboring spectral components. Psychoacoustic masking effects usually may be more efficiently
exploited if the bandwidth of the frequency bands are chosen commensurate with the bandwidths of the human
ear’s "critical bands.” See generally, the Audio Engineering Handbook, K. Blair Beason ed., McGraw-Hill,
San Francisco, 1988, pages 1.40-1.42 and 4.8-4.10. Throughout the following discussion, the term “subband*®

35 shall refer to portions of the useful signal bandwidth, whether implemented by a true subband coder, a
transform coder, or other technique. The term "subband coder” shall refer to true subband coders, transform
coders, and other coding techniques which operate upon such *subbands.”

Signals in a formatted form cannot be summed directly; therefore each of the two delivery channels must
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0t decoding are rehtwely expenswe to implement. 'I'hmfore, monophonic presentation of a two-channel signal
N is approximately twice as costly as monophonic presentation of a one~channel signal. The cost is approximately
- double because an expensive decoder is needed for each delivery channel.

5 One prior art technique which avoids burdening the cost of monophonic presentation of two-channel signals
is matrixing. It is important to distinguish matrixing used to reduce the number presentation channels from
matrixing used to reduce the number of transmission channels. Although they are mathematically similar, each

< technique is directed to very different aspects of signal transmission and reproduction.

One simple example of matrixing encodes two channels, A and B, into SUM and DIFFERENCE delivery

10 channels according to

SUM = A + B, and

DIFFERENCE = A - B.

For two-channel stereophonic playback, a presentation system can obtain the original two-channel signal
by using two decoders to decode each delivery channel and de-matrixing the decoded channels according to

15 A’ = 1% - (SUM + DIFFERENCE), and

B' = % - (SUM - DIFFERENCE).

The notation A’ and B’ is used to represent the fact that in practical systems, theslgnalsreeoveredbyde-
matrixing generally do not exactly correspond to the original matrixed signals.

For monophonic playback, a presentation system can obtain a summation of the original two-channel signal

20 byumgonlyonedecodertodecodetheSUM delivery channel.

Although matrixing solves the problem of disproportionate cost for monophonic presentation of two delivery
channels, it suffers from what may be perceived as cross-channel noise modulation whea it is used in
conjunction with encoding techniques which reduce the informational requirements of the encoded signal. For
example, "companding” may be used for analog signals, and various bit-rate reduction methods may be used

25 for digital signals. The application of such techniques stimmlates noise in the output signal of the decoder.
The intent and expectation is that this noise is masked by the audio signal which stimulated it, and therefore
is inaudible. Whea such techniques are applied to matrixed signals, the de-matrixed signal may be incapable
of masking the noise.

AssumethatamamxeneoderencodeschmelsAmdBwhmonlychmnelBcontamsanaudxosxgnal

30 Normally, noise is injected into the SUM and DIFFERENCE channels when the SUM and DIFFERENCE
signals are coded for transmission with an anﬂog compander or a digital bit-rate reduction technique. During
decoding, the A’ presentation channel will be obtained from the sum of the SUM and DIFFERENCE delivery
channels. Although the A’ presentation channel will not contain any audio signal, it will contain the sum of
the analog modulation noise or the digital coding noise independently injected into each of the SUM and

35 DIFFERENCE delivery channels. The A’ presentation channel will not contain any audio signal to
psychoacoustically mask the noise. Furthermore, the noise in channel A’ may not be masked by the audio
signal in channel B’ because the ear can usually discern noise from audio signals, especially when the noise
and the signal have different angular localization.
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implemeated using analog or digital techniques or even a hybrid arrangement of such techniques, the inveation _
15 is more conveniently implemented using digital techniques and the preferred embodiments disclosed herein are
digital implementations.

In accordance with the teachings of the present invention, in one embodiment, a transform decoder receives
an encoded signal in a formatted form comprising one or more delivery channels. A deformatted
representation is generated for each delivery channel. Each channel of deformatted information is distributed

20 wm«mhvmﬁﬁmﬁmﬁtommdgnﬂsynmeds,mhvmmmruchmnﬁm
channel.

1t should be understood that although the use of subbands with bandwidths commensurate with the human
ear’s critical bandwidths allows greater exploitation of psychoacoustic effects, application of the teachings of

_ the present invention are not so limited. It will be obvious to those skilled in the art that these teachings may
25 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.

As discussed above, the present invention 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

30 Bradley, "Analysis/Synthesis Filter Bank Design Based on Time Domain Aliasing Cancellation,” JEEE 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 provided in International Patent Application Publication
Number WO 90/09022, published August 9, 1990.

The various features of the invention and its preferred embodiments are set forth in greater detail in the

_35 following Modes for Carrying Out the Inveation and in the accompanying drawings.

rief ipti
Figure 1 is a functional block diagram illustrating the basic structure of one embodiment incorporating the



;rrade W|th t he exp.&csmbﬁ%gegake ,Q || be played by hone pl ayback

equi g‘izé i?l |ng sent ation-channel systems such as a_ small
I oud;‘g@ : %MEO rel ati veI y sophi sti cat é’&’ﬁ'fﬂﬁ??@oéy
present ati on- chann nd systeg Vari ous techni ques are
sonmetimes used to reduce the nunber of t 'ansm' ssion channels required to

c_g,gry S glf“l nS| nd fields. One exanple
Yof such W%%ﬁﬂx%tgﬁﬁéﬁ?g&l}hﬁﬂ J?rIX m%&%n corrbl nes four channels
s~ Nnto two tFmserﬁ%sM%é%ﬁmﬂmmmmﬁpmwmwmwr

\J our presemgawmaﬁhmhmmmm&%f ic SR S multlpitEBhrni subbitfdldecoder
t echni qugls ihou HOt create audible changes in the sound field when
VST FEsmels iR tWoRssenfition,

presente eparting fromthe scope

of the 5pr e Figute 4 muaﬂwmu&pwﬁﬁ illukttatii@de wﬁmm%nmwam @ldbrporhrhgdie
so. The L‘{‘S%.CO)L Ihgse ?‘_It;,e m?ke It necessar devel op the concept of
a  "del | TYFRMCR distabut &@T%ﬂﬁrﬂ?‘ém a discrete encoder

channel, or a set of |nfornat|on which is independently encoded. A
delivery channel correspondsu'”“ el in systenms which do
not use technlques to reducé I on channel s. For

exanpl e, a Figupe.2ll mwmm‘mmﬂ MNWM@OSEmed
transnics sighills 5eddvEdChoin dBiVeR \cHaltel 2620 hre Adeforitiel ittS 1iAchr [T by UGS GIRAAT 3041 and

channel s. The present invention is directed toward selecti'ng _a nunber of

pr esent afYTFsiE 20 geperategalong presentation shanpel 208  fuflsbagdwidth reproentatian; of the fecoived sigetls
It should be appreciated that a practical implementation of a decoder may incorporate additional features such

as a buffer for delivery channel 202, and a digital-to-analog converter and a low-pass filter for presentation
channel 208, which are not shown.

15 As briefly mentioned above, deformatter 204 should obtain a linear representation using a method inverse
to that used by a companion encoder which generated the nonlinear representation. In a practical embodiment,
such nonlinear representations are generally used to reduce the informational requirements imposed upon
transmission channels and storage media. Deformatting generally involves simple operations which can be
performed relatively quickly and are relatively inexpensive to implement.

20  Synthesizer 206 reprekents a synthesis filter bank for true digital subband decoders, and represents an
inverse transform for digital transform decoders. Signal synthesis for either type of decoder is computationally
intensive, requiring many complex operations. Thus, synthesizer 206 typically requires much more time to
perform and incurs much higher costs to implement than that required by deformatter 204,

Figure 3 illustrates the basic structure of a typical decoder which receives and decodes four delivery

25 channels for presentation by two presentation channels. The encoded signal received from each of the delivery
channels 302a-302d is passed through a respective one of decoders 300a-300d, each comprising a respective
one of deformatters 304a-304d and a respective one of synthesizers 306a-306d, respectively. The synthesized
signal is passed from each decoder along a respective one of paths 3082-308d to distributor 310 which
combines the four synthesized channels into two presentation channels 312a and 312b. Distributor 310

30 generally involves simple operations which can be performed relatively quickly using implementations that are
relatively inexpensive to implement.

Most of the cost required to implement the decoder illustrated in Figure 3 is represented by the
synthesizers. The number of synthesizers is equal to the number of delivery channels; thus, the cost of
implementation is roughly proportional to the number of delivery channels.

35 Signal synthesis is linear if, ignoring small arithmetic round-off errors, signals combined before synthesis
will produce the same output signal as that produced by combining signals after synthesis. Synthesis is linear
for many implementations of decoders; therefore, it is often possible to put a distributor between the
deformatters and the synthesizers of such a muitiple-channel decoder. Such a structure is discussed more fully
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presentation channels.

In this context, it is possible to better appreciate the meaning of the term "linear” discussed above. Briefly,
any representation is considered linear if it satisfies two criteria: (1) it can be direct input for the synthesizer,
and (2) it permits directly forming linear combinations such as addition or subtraction which satisfy the signal
synthesis linearity property described above.

Figure 1 illustrates one embodiment of a decoder according to the present inveation which forms two
preseatation channels from four delivery channels. The decoder receives coded information from four delivery
channels 102a-102d which it deformats using deformatters 104a-104d, one for each delivery channel.
Distributor 108 combines the deformatted signals received from paths 106a-106d into two signals which it
passes along paths 110a and 110b to synthesizers 112a and 112b, respectively. Each of the synthesizers
generates a signal which it passes along a respective one of presentation channels 114a and 114b.

One skilled in the art should readily appreciate that the present inveation may be applied to a wide variety
of true subband and transform decoder implementations. Details of implementation for deformatters and
synthesizers are beyond the scope of this discussion; however, one may obtain details of implementation by
referring to any of several Intemational Patent Applications: Publication No. WO 90/09022 published August
9, 1990, Publication No. WO 90/09064 published August 9, 1990, and Publication No. WO 91/16769
published October 31, 1991.

One embodiment of a transform decoder according to the present invention comprises deformatters and
synthesizers substantially similar to those described in Publication No. WO 90/09022. According to this
embodiment, referring to Figure 1, a serial bit stream comprising frequency-domain transform coefficients
grouped into subbands is received from each of the delivery channels 102a-102d. Each deformatter 104a-104d
buffers the bit stream into blocks of information, establishes the number of bits adaptively allocated to each
frequency-domain transform coefficient by the encoder of the bit stream, and reconstructs a linear
representation for each frequency-domain transform coefficient. Distributor 108 receives the linearized
frequency-domain transform coefficients from paths 106a-106d, combines them as appropriate, and distributes
frequency-domain information among the paths 110a and 110b. Each of the synthesizers 112a and 112b
generates time-domain samples in response to the frequency-domain information received from paths 110a and
110b by applying an Inverse Fast Fourier Transform which implements the inverse TDAC transform mentioned
above. Although no subsequent features are shown in Figure 1, the time-domain samples are passed along
presentation channels 114a and 114b, buffered and combined to form a time-domain representation of the
original coded signal, and subsequently converted from digital form to analog form by a DAC.

Assuming that the four delivery channels 102a-102d in Figure 1 represent the left (L), center (C), right (R),
and surround () channels of a four-channel audio system, a typical embodiment of distributor 108 combines
these channels to form a two-channel stereophonic representation as follows:

L'=sL + .7071-C + 5-§ (1)
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the X(1) coefficients from each delivery channel according to equation 1. Equations 1 and 2 may be rewritten
. .
X = X@), + 7071 - X@) + .5+ X()s 3)
15 Xy =Xz + 7071 - X(@) + .5 - X(s ’ C))
where X(i), = transform coefficient i for channel Z. :

For a true subband decoder, theseeoﬁ:binaﬁonsrepresentthemmmaﬁonofconespondingﬁme—domain
samples in each subband. Thus, equations 1 and 2 may be rewritten as :

x(nt). = x{ne), + 7071 - x(m). + 5 x,(m), =)}

20  x(m)y = x(nt)y + %071 - x(nt)e + 5° * xX{ne)g ©®
where x(nf); = signal sample at time nz in subband j of channel Z. :

'I_Figure4reymtsmappﬁaﬁmof&epmmtinvmﬁmusedmfommwmchmnd4l4&om
four delivery channels 402a-402d. A typical combinatorial equation for distributor 408 in this application is

M =.011-L + C+ J0T1-R +8 o )

25 where M’ = monophonic presentation channel. |

The precise forms of the combinations provided by the distributor will vary according to the application.

Although it is envisioned that the present invention will normally be used to obtain a fewer number of
presentaﬁoncbmelsthanthereue(}elivery channels, the invention is not so limited. The number of
presentation channels may be the same or greater than the number of delivery channels, utilizing the distributor

30 to prepare presentation channels according to the needs of a desired application.

For example, in the transform decoder embodiment described above, two presentation channels might be
formed from one delivery channel by distributing specific frequency-domain transform coefficieats to a
particular preseatation channel, or by randomly distributing the coefficients to either or both of the presentation
channels. In embodiments using transforms which pass the phase of the spectral components, distribution may

35 be based upon the phase. Many other possibilities will be apparent.
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representations reconstructed |inear representations,

respecywookyi2¢os | m ntioned that what constitut pgTAUS92/06134"
represent-ation dep m B’i naI processi ng net hods enpl oyed. For
exanpl e, floating- E | on is9linear for a Digital Signal
Processor (DSP) which can perform arithnetic with floating-point operands,
but., ‘such representation is not |inear f SLABMBSP whi ch can only perform

‘| nteger arit hnet | c. The si gnr f i cance of "linear"” will be discussed further

J'n connection dﬁg% M}W QKEPEH)%“E'E‘%‘?W A
gecoder should use ornattrng techni ques i nverse t e for i ng

t echni ques used to f deformattingymeansfopgememting defyrmatediepresqutation of spid e of tate dalivery
PCM whi ch can DghairdB16E forisited GférinhtRad above. Two encodi ng techni ques
which utilize formatting to reduce i nformati onal requirenents are subband
codi ng and transf or nfigtH| meegf, PERoRsivente $ajd; Aelormptiing: pgans Jor; geoerting oms oTRME e
the amousit of | intentediate sippals,ddism tted in particular frequency bands where

the resulting coding_ipaccuracy or |se I S psychoacousti cal |

msked by netghbor | e BBR R RpiHyS R s e B FRCRRTRATE b respicn
usual ly may be sigmls. efficiently exploited if the bandwi dt h of the frequency
bands are chosen commensur at e vmth t he bandw dt hs of the human ear

"critical bands ee eneral udi o, Il neerin dho
Benson ed. , I\/bGz'a‘W ‘8@""1%@;&5&@%@2 3’2’&
Thr oughoutmymmmmmumww&sﬂw infoimpdtions ef er t o]
portions of the useful signal bandw dth, whether inplenented by a true
subband coder, 3 a . . ' . . . .
. A decoder according to claim 1 or 2 wherein said synthesis means applies an inverse frequency-
domain to time-domain transform to each of said one or more intermediate signals.

4. A decoder according to claim 1 or 2 wherein said synthesis means applies a true subband synthesis
filter bank to each of said one or more intermediate signals.

5. A decoder according to any of claims 1 through 4 wherein each of said one or more intermediate
signals includes a deforinatted representation of at least one of said one or more delivery channels of formatted

6. A decoder according to any of claims 1 through 4 wherein a deformatted representation of each
of said one or more delivery channels of formatted information is included in at least one of said one or more
intermediate signals.

i
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(57) Abstract

The invention relates in general to the reproducing of multi-channel signals. More particularly, the invention relates to the
decoding of multi-channel audio signals representing multidimensional sound fields delivered by one or more delivery channels,
wherein the complexity of the decoding is roughly proportional to the number of channels used to present the decoded signal

which may differ from the number of delivery channels.




IS apprOX|nater twice as costly as nDnophonlc presentation of a

one-ch al . The cost is approxi mately doubl e becaus ve
W92/

decoder |§5nee ed for each delivery channel. One prior Pﬁ%@ﬁﬁ@@g

whi ¢h avoi ds burdeni ng the cost of nobnophonic presentation of two-channel

signals is matrixing. It is inportant to gistinguish matrixing used to

reduce the nunmber presentation channels m matri xi ng used to reduce the

Aliber of transmission channels. Alt hough they are mathematically simlar,
each technique is directed to very different aspects of -signal transm ssion

&nhd reproducti on. One sinple exanple of matrixing encodes two channels,
A and B, into SUM and DI FFERE delivery channels agcording to SUM = A
+ B, and DI FFERENCE = A - For two-channel sgreophonl c playback, a

presentation system can obtaiv®tRe original two-chanmel _signal by using two
decoders to decode each delivet hannel and de- mat rTXi t he decoded
channel s according to A :\yn_z . (SUM + DI FFEREN and B =1/2 .
(SUM - DI FFERENCE). The notati A and B is used to present the f

that in practical syst eﬂﬁs he—skghat-s reeover ed- by—d R {5 nq general l'y
do not exactly corr%po d to thejoriginal matrixed signals.
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For nmonophoni ¢ pl ayback, a presentation systemcan obtain a summation of

t he ori J¥OH2/12608channel signal by using only one decoder to code the SUM
del i very channel . Al though matri xi ng sol ves the problem ofPCT/US92/00134

di sproportionate cost for nonophonic presentation of two delivery channel s,
it suffers fromwhat may be perceived as cross-channel noise noglul ation
whers'it is used in conjunction wi th encoding techniques whi chZ/ uce the
informational requirenments of the encoded signal. For exanple, "conpanding
nay be used for analog signals, and various bit-rate reduction methods may
be“used for digital signals. The application of such techni ques stinul ates
noi se in the output signal of the decoder. The intent and expectation is
that this noise is nasked by the audi o signal which stinmulated it, and
therefore is inaudible. Wien such techniques are applied to matri xed
signals, the de-matrixed signal may be incapabl e of masking the noise.
Assunme that a matrix encoder encodes channels A andgB ghere only channel B
contains an audio signal. Normally, noise is inject®l{Jto the SUM and

DI FFERENCE channel s when the SUM and DI FFERENCE si ¢Wal $ are coded for
transm ssion with an anal og conpander or a digital % rate reduction
techni que. During decoding, the A presentation chan w Il be obtained
fromthe sum of the SUM and DI FFERENCE del i very channels. Al though the A
presentation channel will not contain any audio signal| it will contain the
sum of the anal og nodul ati on noi se or the digtal—cadi hg nojise __ :

i ndependently injected into each of the SUM a&gl
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DI FFERENCE del i very channels. The A presentation channel will not contain

any audwO 9242808t o psychoacoustically nmask the noise. Furthernore, the
noi se in channel A" may.not be masked by the audio signal inPCRAUSS/00H34

because the car can usually discern noise fromaudio signals, especially

when the noise and the signal have differept angul ar |ocalization.
-5-.F Techni ques used to control the naﬂgﬁr of presentation channels

beconme even nore of a probl em when nore
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than two delivery channels are involved. For exanple, notion picture
soundt jcally contain four channels: Left, Center, Ekgp
Surrouﬁ@saéﬁﬁggurrent .proposals for future moti on plcture Qﬁvancéﬁ

t el evi si on appllcatlons suggest five channels plus a sixth limted
bandw dt h subwoof er channel. Wen nmul ti pl channel signals in a formatted
form are delivered to consuners for playﬂi'r on nonophoni ¢ and two- channel
'ﬁﬁﬁ% equi pment, the question arises how to econonically obtain a signal
Suitable for one- and two-channel presentation while avoiding the

€L 0ss-channel noi se nodul ati on effect descri bed above. .

Di scl osure of Invention It is an object of the present invention to
provi de for the decoding of one or nore delivery channels of signals
encoded to represent in a formatted forma nulti-dinensional sound field
wi thout artifacts perceived as cross-chganel noi se nodul ation, wherein the
conplexity or cost of the decoding is reughly proportional to the nunber of
presentation channels. Although a deco® nmbodyi ng the present inve

may be inplenented using analog or digit techni ques or even a hybrid
arrangenment of such techniques, theginventon is nore conveniently

i npl emented using digital techni ques of erred enbodi nent s
di scl osed herein are digital inple
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In accordance with the teachings of the present iiny
*enbodi ment, a transform decoder receives an- encoéie; ‘
form conprising one or nore delivery channels. Ajde -__orrf‘am ed: &éﬁée’seﬁ’?‘ti&t"’"@nr
is generated for each delivery channel. -Each chann&l & @fvieator paged o to pages
information is distributed to one or nore inverse ¥rawsfor ms: paged oot fputaged =,
si gnal synthesis, one inverse transRESERIBEFION,ch: presentation channel .

It should be under st ood that aI t hough the use of | | subbaﬂd$ M"E‘h’ Tbangsifgt hs

conmensurate with |% i reat-efr
hi ngs of
5‘5“'osovi ous to those

exploitation of p
the present invention are .

skilled in the art that these teachi ngs may be applied to w deband signals
as well; therefore, reference to subkapds falgoughout the remaining

di scussi on _shoul d be construed as one or nore frequency bands spanning the
total usef ufheyayseRgndeiNesm gengstlitodhereptoducing of multichapnet signnlsel Mo particulpsly, the

present i iRveRitn roles?@thd &aom.@ of HRRBMNEhnEORR0 $i umhsmﬁ&dmmmmmm soufy Rb1d
techni qu %gyeﬁﬂdqi referred m’emgrrentatlon uses a transform nore particularly
0

a tine-d % OPG Qe Jrast, tsfivery ghapgels, whereim, the somplerity of the desodine vwsﬁ'r propestions]
Al asing tezismeinbeniof cianrelkhidid)to preeit theidieodedsignaPiwhitic @iy diffét froni délmfber of delivery
"Anal ysi spovpthesis Filter Bank Design Based on Tinme Donain Aliasing
Cancel l atton, "IEEE Trans. on Acoust., Speech, Signal Proc., vol. ASSP-34,
1986, pp. 1153-1161. An exanple of a transform encoder/decoder system

utilizi ng a TDAC transformis provi Wrnat I onal Patent Application
Publ i cation
A goal for high-fidelity reproductnon of recorded or transmitted sounds is the presentation at another time

or location as faithful a representation of an "original” sound field as possible given the limitations of the
presentation or reproduction system. 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 a listener.

Ideally, differences between the original sound field and the reproduced sound field are inaudible, or if not
inaudible at least relatively unnoticeable to most listeners. Two general measures of fidelity are "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 (hmbre), 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 present in the ongmal.sound (noise). Although most aspects of sound quality
are susceptible to measurement by instrumeats, in practical systems characteristics of the human hearing system
(psychoacoustic effects) render inaudible or relatively unnoticeable certain measurable deviations froml the
*original” sounds. '

Sound field localization is one measure of spatial fidelity. The presecrvation of the apparent direction (both
azimuth and elevation) and distance of & 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 multiple track recordings produced in a studio, the angular directionality and depth may
bear no relationship. to any “real-life” arrangement of sound s&urces and the localization is merely a past of
the overall artistic ilﬁpression_ intended to be conveyed to the listener. For example, speech seeming to
originate from a specific point in spaée may be added to a pre-recorded sound field. 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. 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
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Number WO 90/ 09022, published August 9, 1990. The various features of
‘the invention and its preferred enbodi nents are set forth in greater detall

in the foll owi ng Modes for Carrying Qut the Inventlon and in the
acconpanyi ng draw ngs. Bri ef

Descri ption of Draw ngs Figure | % a functional bl ock di agram
Il lustratj g‘gnwe basi ¢ structure of one enbodi nent incor por ating the

It is sufficient to recognize that a sound-field producer may develop recorded or tunsmlued signals which,
in conjunction with a reproduction system, will present to-a human listener a sound field possessing speclﬁc
characteristics in sound quality and sound field localization. The sound field presented to the listener may
closely approximate the ideal sound field intended by the producer or it may deviate from it depending on many
factors including the reproduction equipment and acoustic reproduction eavironment.

A sound field captured for transmission 61' reproduction is usually represented at some point by one or more
electrical signals. Such signals usually constitute one or more channels at the point of sound field capture
("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 sound channels increases, the ability to reproduce complex sound fields increases, practical considerations
impose limits on the nuﬁber of such channels.

" In most, if not all cases, the sound field producer works in & relitively well defined system in which there
are known presentation channel configurations and environments. For example, a two-channel stereophonic
recording is generally expected to be presented (hrough either two presentation channels ("stereophonic®) or
one presentation channel ("monophonic”). The recording is usually optimized to sound good to most listeners
having either stereophonic or monophonic playback equipment. As another example, a multiple-channel
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 presenting the left, center, right, bass
and surround channels or, alternatively, a classic "Academy™ monophonic playback. Such recordings are also
made with the expectation that they will be played by home playback equipment ranging from single

~ presentation-channel systems such as a small loudspeaker in a television set to relatively sophisﬁénted multiple
presentation-channel surround-sound systems. '

Various techﬁiques are sometimes used to reduce the number of transmission channels required to carry
signals representing inultiple-dimnéioml sound fields. One example of such N technique is & 4-2-4 matrix
system which combines four channéls into two transmission channels for transmission or storage, from which
four presentation channels are extracted for playback. Ideally, such techniques should not create audible
changes in the sound field when presented. '

Such techaiques may be used without departing from the scope of the present invention; however, it may
not'always be desirable to do s0. The use of these techniques make it necessary to develop the concept of a
*delivery channel.” A delivery channel represents a discrete encoder channel, or a set of information which

' is independently encoded. A delivery channel corresponds to a transmission channel in systems which do not
use fechniques io reduce the number of transmission channels. For example, a 4-2-4 matrix system carries
four delivery channels over two transmission channels, ostensibly for playback using four presentation
channels. The present invention is directed toward selecting a number of presentation channels which differs
from the number of delivery channels., .

An example of a simple technique which generates one presentation channel in response to two delivery
channels is the summing of two delivery channels to form one presentation channel. If a signal is sampled and
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-6- invention distributing four delivery channels into two presentation
channel s. “Figure 2 is a functional block diagramillustrating the basic
structure of a single-channel subband decoder. Figure 3 is a functional
bl ock diagramillustrating the basic strg&tureJof a mul tipl e-channel
subband decoder distributing four decoded delivery channels into two

present at iggaify VARIAEd Ssing Pulsk 'CAE ﬁloai?li!ﬁﬁ ?Pé%%&! SBlaud &q&oquﬁ%%H, may be
illustrating the basic structure of one enbodi nent | ncorporati.ng e
i nvent i on Pefeseed ip the tigifal dosmpin by addingACM sapmplereepresenting sach shanpal andspnvasting the summed
channel . samples into an analog signal using a digital-to-analog convéHef @5A ) O Frhésiinimati o tvS PEM Roded
Ipvention_. Figqure 2 H?I strates jhe_ggsic structure of a typical
si ngl e- ch&i8Hd ™Y 8@8 S?ﬁ' HEE'EH‘é*;e ‘25?,3. OFfRe, Hé?i‘"g'ﬂ%‘gﬁﬂc’é istpplgs dor r‘%‘gé'F‘V’éﬁ hannch
del i very. dhesmmshlo@@ghabining thef RACshd Shniing the twondog signslsn Peyfotitiagthefukinationin the
U - Danduniif pordl s QSR pies Beallys Weia kel @i L eole oft o srpensiv to
appr eci at duplemeat than ysing @ secendd highpsecisionMAG-i on of a decoder may incorporate
addi tional framtteohRiGueSbddines mudh Ridkel GmpleR hak@ldrY A signfiN@AMMIRY ard Uigitalfy \éhcoled in a
digital -t ?I;)lﬁ{lllgilr fotm Gt J%LE: gwfeﬂ gn l?}wlr?:‘&f) aﬁosnlil:léalr E‘o?ti;ls Ing; bepgren?eia? tb%te:\cgging methods
" such as logarithmic quantizing, normalizing floating-point representations, and adaptively allocating bits to
represent each sample.
~ Nonlinear representations are frequently used in encoder/decoder systems to reduce the amount of
information required to represent the coded signal. Such representations may be conveyed by transmission
channels with reduced informational capacity, such as lower bandwidth or noisy transmission paths, or by
recording media with lower storage capacity.
Nonlinear representations need not reduce informational requirements. Various forms of information
packing may be used only to facilitate transmission error detection and correction. The broader terms
*formatted” and "formatting* will be used herein to refer to nonlinear representations and to obtaining such
representations, respectively. The terms “deformatted” and "deformatting® will refer to r;eonstmcted linear
representations and to obtaining such reconstructed linear representations, respectively;
1t should be mentioned that what constitutes a "linear" representation depends upon the signal processing
methods employed. For example, floating-point repréen!ation is linear fora Digital Signal Processor (DSP)
which can perform arithmetic with ﬂoating-point operands, but such representation is not linear for a DSP
which can only perform integer arithmetic. The significance of “linear™ will be discussed further in connection
with the Modes for Carrying Out the Invention, below. '
A decoder should use deformatting techniques inverse to the formatting techniques used to format the
information to obtain a representation like PCM which can be summed as described above, :
Two encoding techniques which utilize fonnatting to reduce informational requirements are subband coding
and transform coding. Subband and transform coders attempt to reduce the amount of information transmitted
in particular frequency bands where the resulting coding inaccuracy or coding noise is psychoacoustically
masked by neighboring spect:il components. Psychoacoustic masking effects usually may be more efficiently
exploited if the bandwidth of the frequency bands are chosen commensurate with the bandwidths of the human
ear’s "critical bands." See generally, the Audio Engineering Handbook, K. Blair Benson ed., McGraw-Hill,
San Francisco, 1988, pages 1.40-1.42 and 4.8-4.10. Throughout the following discussion, the term “subband®
shall refer to portions of the useful signal bandwidth, whether implemented by a true subband coder, a
transform coder, or other technique. The term "subband coder” shall refer to true subband coders, transform
coders, and other coding techniques which operate upon such “subbands. *
_ Signals in a formatted form cannot be summed directly; therefore each of the two delivery channels must
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channel 208, which are not shown. ' As briefly nentioned above,
‘deformatter 204 should obtain a linear representation using a nethod

i nverse to that used by a compani on encoder which generated the nonlinear
representation. In a practical enbodi nent, such nonlinear representations
are generally used to reduce the infornma#i onal requirenents inposed upon
transm ssion channel s and storage nedia. Deformatting generally invol ves
si npl e opkerdepadeshbefogp they canche combined: tiyummetione | Genérally, ylecqding tebhpiqaesciuchrss subband
[l al | Vel decd pARAARIV ok fad VO Riffebar. TherofS Wobli3Boh S prealifuiberdta B9 ihinefbignal

synthesis, filter bank for true digital subband decoders, and represent
i nverse t ' ARETEPARYIce tFicgitly 41 menophaaie presentatinn Sfine-chaanel pignal. STha eqstis ppproxispately
ei t her t ydosblebecalee adexpensise deodietiis atdd@Nfol bagh déliNérg Bihie®, T €qUi ri ng nany

conpl ex opekat.i , nt hesi zer 206 i cal,ly, requi L es_nuc re time
torrppe)r(f olromblger#ggf]%‘ctﬁc;%%r?u%ﬁ%ﬁ%é se'lr"é%"b"& °°fsgxf'lﬁ%'f’%hﬁé'ﬂm%ﬁ%'h°“t°ﬁﬁ‘prﬂﬂ P88 by
def or mat t ismatriging. ‘It is ingogat to distinguish snatrixing usedite reducs it mimberqirasengatiod clantdels|fronal|

d d ' ' A ' a t atyi
byt pr Cuiting SEPl Voo BAdutiic S Rent idh ifflls! Aougk BENIEmindollicali SREL; A O

del i very teghmigneis digected so,veapdifferent aspectacof signal transmpission snd sepsoduttion. one of decoders

300a- 300d, oasimflORipIS bf atdisgLREALs twi ShanstiC AGhd HShH@'SUM LATFRSKENCE dbfiveyd
a respective one qf nt hesi zers 306a-306d, respectively. The synthesi zed
si gnal is%'géﬁ”ﬁ%?"éigleach decoder along a respective one of paths

308a-308d t8UMi=sWAr+Bjtand 310 which conbines the four synthesized channels

into two prepppreikerL ghgnnel s 312a and 312b. Dilstri butor 310

For two-channel stereophonic playback, a presentation system can obtain the ori_ginkl two-channel signal
by using two decoders to decode each delivery channel and de-matrixing the decoded channels according to

‘A’ = %4 - (SUM + DIFFERENCE), and

B’ = % - (SUM - DIFFERENCE).

The notation A® and B’ is used to represent the fact that in practical systems, the signals recovered by de-
matrixing generally do not exactly correspond to the original matri;ted signals.

For monophonic playback, a presentation system can obtain a summation of the original two-channel signal
byousing only one decoder to decode the SUM delivery channel. '

Although matrixing solves the problem of disproportionate cost for monophonic presentation of two delivery
channels, it suffers from what may be perceivéd as cross-channel noise modulation when it is used in
conjunction with encoding techniques which reduce the informational requirements of the encoded signal. For
example, “companding® may be used for analog signals, and various bit-rate reduction methods may be used
for digital signals. The application of such techniques stimulates noise in the output signal of the decoder.
The intent and expectation is that this noise is masked by the sudio signal which stimulated it, and therefore

 is inaudible. When such techniques are applied to matrixed signals, the de-matrixed signal may be incapable
of masking the noise. '

Assume that a matrix encoder encodes channels A and B where only channel B contains an audio signal.
Normally, noise is injected into the SUM and DIFFERENCE channels when the SUM and DlFFERENCE
signals are coded for transmission with an analog compander or a digital bit-rate reduction technique. During
decoding, the A’ presentation channel will be obtained from the sum of the SUM and DIFFERENCE delivery
channels. Although the A’ presentation channel will not contain any audio signal, it will contain the sum of
the analog modulation noise or the digital coding noise independently injected into each of the SUM and
DIFFERENCE delivery channels. The A’ presentation channel will not contain any audio signal to
psychoacoustically mask the noise. Furthermore, the noise in channel A’ may not be masked by the audio

signal in channel B® because the ear can usually discern noise from audio signals, especially when the noise
and the signal have different angular localization.
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general |y involves sinple operations which can be perfornmed relatively
‘qui ckly using inplementations that are relatively inexpensive to

i npl enent . Most of the cost required to inplenment the decoder
illustrated in Figure 3 is represented by the synthesizers. The nunber of
synthesi zers is equal to the nunber of d&€livery channels; thus t he cost of
inplenenta n.i s rqughl ropqrtional he n nber of deI channel s.
Si gnal syntﬁ§§ﬁ¥”|§8f‘W@éPHFPQQFﬁHBFFﬂﬁ' mm?%u q'errors

sihgnal S dlpwitwe delivirg fcbmeels ymtidvelyeds Foni dximple, ouh!loe plcheb smnqklttxpm"ysqoghulfous
t hat pro t
that p ny@ﬁg{i : D SR, Right) pid dg@.@lgar %L.fn@ u.éxm&}ﬁaus%or (R RSA Ficthd J.d aed

errentatlons (0] er ef ore, It Is often pOSSI le to
put a di delevisinnmpnlicationsmuggest fivpshangely n!vmm‘év@%md‘v'ﬂ'éﬂévmfﬁ@émér Whey multipler

mul ti pl e-himé halsin 6 GsiRbtted Rtmaredlefiverdd @S stnfuniefs okl fldybifek G4l moRdpRonicshd Wvo-channel
home equipment, the question arises how to econo:hically obtain a signal suitable for one- and two-channel

presentation while avoiding the cross-channel noise modulation effect described above.

i ure of Invention

It is an object of the present invention to provide for the decoding of one or more delivery channels of
signals encoded to represent in a formatted form a multi-dimensional sound field without artifacts perceived
as cross-channel noise modulation, wherein the complexity or cost of the decoding is roughly proportional to
the number of presentation channéls. Although a decoder embodying the present invention may be
implemented using analog or digital techniques or even a hybrid arrangement of such techniques, the invention
is more conveniently implemented ﬁsing digital techniques and the preferred embodiments disclosed herein are
digital implemenmtions.

In accordance with the teachings of the present invention, in one embodiment, a transform decoder receives
an encoded signal in a formatted form comprising one or miore delivery cbannels.li A deformatted
representation is generated for each delivery channel. Each channel of deformatted information is distributed
to one or more inverse transforms for output signal synthesis, one inverse transform for each preseatation
channel. _ '

It should be understood that although the use of subbands with bandwidths commensurate with the human
ear’s critical bandwidths allows greater exploitation of psychoacoustic effects, application of the teachings of
the present invention are not so fimited. It will be obvious to those skilled in the art that these teachings may
be applied to wideband signals as well; lherefore. reference to subbands thtoughout the remaining discussion
should be construed gs one or more frequency bands spanning the total useful bandwidth of input signals.

As discussed above, the present invention applies to subband coders implemented by any of several
techniques. A prefufed 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
Bradley, "Analysis/Synthesis Filter Bank Design Based on Time Domain Aliasing Cancellation, " IEEE Trans.
on_Acoust., Sm. , Signal Proc., vol. ASSP-34, 1986, pp. 1153-1161. An example of a transform
encoder/decoder system utilizing a TDAC transform is provided in Intemnational Patent Application Publication
Number WO 90/09022, published August 9, 1990.

The various features of the invention and its preferred embodiments are set forlh in greater detail in the

following Modes for Carrying Out the Invention and in the accompanying drnwmgs

Figure | is a functional block diagnm illustrating the basic structure o_l' one embodiment incorporating the
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-7- below and is illustrated in Figure 1. In this mannor, the cost of
inplenmentation is roughly proportional to the nunber of presentation
channel's. This is highly desirable in applications such as those proposed
for advanced television systens which nay receive five delivery channels,
but which will provide only one or two -presentation channels. In thls
context, *it is possible to better appreciate the meaning of the term

"1inear" inyeatiapdlistsiputingfour delpyeryshangels in tyye peessplalion shamnelsy, s considered | near
if it sati shipRe2 isaQuiliodafBldcR disgrio illubteatiy théasidl sthuetite ofapingletimnnd fubband decoder.

th 2) it t I f h
22"t orFieye Skttt et W miaytend it pf B0 E S L enll Bt
property disdlmmdbukMuladeliveryclimgbmotlvomkdsmwadwebne enbodi nent of a
decoder acCREHL R J fndibil HER SR m.xp.x«?.m. BEbUR s lede 6 TR LliRinREITRSRolz 1R

channels fro our e I ver nne e decoder receives coded
i nf or mat i loyeatienlistaibyting faund intacang prespptationebannglei oh it defor mats using

deformatters 104a-104d, one for each delivery channel. Distributor 108
conbi nes the deforrratted sig LS 106a-106d into two

signals which it passes al ong—pe ' : TT0 O synt hesizers 112a and
112 b r es peBigure @lijustrdt dlic badic dtdocture yfi ﬂygal n&igchannel subband decoder 200, Encoded subband

signals recelved from delivery channel 202 are defonnatted into linear form by deformatter 204, and
syn!heswer 206 generates along preseatation channel 208 a full-bandwidth representation of the received signal.
It should be appreciated that a practical implementation of a decoder may incorporate additional features such

ss a buffer for delivery channel 202, and a digital-to-analog converter and & low-pass filter for pmentatlon _
channel 208, which are not shown

As briefly mentioned above, deformatter 204 should obtain a linear representation using a method inverse
to that used by a companion encoder which generated the nonlinear representation. In a practical embodiment,
such nonlinear representations are generally used to reduce the informational requirements imposed upon
transmission channels and storage media. Deformatting generall; involves simple operations which can be
performed relatively quickly and are relatively inexpensive to implement.

Synthesizer 206 represeats a synthesis filter bank for true digital subband decoders, and represents an
inverse transform for digital transform decoders. Signal synthesis for either type of decoder is computationally
intensive, requiring many complex operations. Thus, synthesizer 206 typically requires much more time to
perform and incurs much higher costs to implement than that required by deformatter 204.

Figure 3 illustrates the basic structure of a typical decoder which receives and decodes four delivery
channels for presenﬁtion by two presentation channels. The encoded signal received from each of the delivery
channels 302a-302d is passed through a respective one of decoders 3008-300d, each comprising & respective
one of deformatters 304a-304d and a respective one of synthesiiers 3062-306d, respectively. The synthesized
signal is passed from each decoder along a respective one of paths 3082-308d to distributor 310 which
combines the four synthesized channels into two presentation channels 312a and 312b. Distributor 310
generally involves simple operations which can be performed relatively quickly using implementations that are

_ relatively inexpensive to implement.
Most of the cost required to implement the decoder illustrated in Figure 3 is represented by the
- synthesizers. The number of synthesizers is equal to the number of delivery channels; thus, the cost of
implementation is roughly proportional to the number of delivery channels.

Signal synthesis is linear if, ignoring small aﬁthmetic round-off errors, signals combined before synthesis
will produce the same output signal as that produced by combiﬁing' signals after synthesis. Synthesis is linear
for many implementations of decoders; therefore, it is often possible to put a distributor between the
deformatters and the synthesizers of such a ﬁultiplechmnd decoder. Such a structure is discussed more fully
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generates a signal- which it passes along a respective one of presentation
‘channel s 114a and 114b. One skilled-in the art should readily

appreci ate that the present invention nay be applied to a wide variety of
true subband and transform decoder inplementations. Details of

i npl ementation for deformatters and synthesizers are beyond the scope of
thi s di sclelowesd is fllosteted in Figunel. ninyhiodinnery the edshoflimplehentatid ie nmphily priopuntiday to the

[ I (N C n
No. VIO 00 a0 W erruni Qlytte Ml DR o OBl o omopl o el
publ i shed ngtsmmmw may, gy fivecdelivesy, chagnels)\chut whicls »dlh proyidp loplyHrag or two
Gct ober  3]preséhfifidn channels. One embodi ment of a transform decoder according to -

t he present def or. ers.a esL ers
subsfant i al Il{l/msé Ix?n“? l%‘égat %%WB’FF‘EE Wﬁg&zﬂ%
Accordi ng '@W‘H#esmwe i xousidesed dinear éit@msﬁﬂgw critériag(l) odn beahrm inpul fortahd sysdwsman;n

o ool vam (YRBERRY SR hind JARE ARG AR e i i o BHARH hith e A Rl

104a- 104d syathesis linearity peopesty; described shovent o bl ocks of | nf ormation, establishes

the nunber &% tm..adwwa.m fhdt OF 8 06 ddr QoSRfink cof:ﬁaeﬂ%mxveﬂmm%amwm
coeffici ent bg“bll1 ?%Q‘}fét he bit st ream and reconstructs a |inear

h
represent z!’f?%%'?'b Thedecoderirespinescofied fnformation fromyfour dalivery o
108 recei chamndh eozaun:mawmeek defd’tﬁiw emsg/ detamms H0ANIBAd) ok FOCEakh @elfvedySchhnern

P equency Disinkte 158 HlWIES s 4SEhei BiRS By i Tt J0S0i eh mypsppte whien i
synt hesi z @rsgesiaiong pathei1102 apd 110b to syndmm 112a and 112b, respectively. Each of the synthesizers
generates a signal which it passes along a respective one of presentation channels 114a and 114b.

One skilled in the art should readily appreciate that the present inveation may be applied to a wide variety
of true subband and transform decoder implementations. Details of implementation for deformatters and
synthesizers are beyond the scope of this discussion; however, one may obtain details of implementation by
referring to any of several International Patent Applications: Publication No. WO 90/09022 published August
9, 1990, Publication No. WO 90/09064 published August 9, 1990, and Publication No; ‘WO 91/16769

 published October 31, 1991,

One embodiment of a transform decoder according to the present invention comprises deformatters and
synthesizers substantially similar to those described in Publication No. WO 90/09022. According to this
embodiment, referring to Figufe 1, a serial bit stream comprising frequency-domain transform coefficients
grouped into subbands is received from each of the delivery channels 1022-102d. Each deformatter 104a-104d
buffers the bit stream into blocks of information, establishes the number of bits adaptively allocated to each
frequency-domain transform coefficient by the encoder of the bit stream, and reconstructs a linear
represeatation for each frequency-domain transform coefficient. Distributor 108 receives the linearized
frequency-domain transform coefficients from paths 106a-106d, combines them as appropriate, and distributes
frequency-domain information among the paths 110a and 110b. Each of the synthesizers 112a and 112b

- generates time-domain samples in response to the frequency-domain information received from paths 1102 and

110b by applying an Inverse Fast Fourier Transform which implements the inverse TDAC transform mentioned

~above. Although no subsequent features are shown in Figure 1, the time-domain samples are passed along

© . presentation channels 114a and 114b, buffered and combined to forns a time-domain representation of the
original coded signal, and subsequently converted from digital form to analog form by a DAC.

Assuming that the four delivery channels 102a-102d in Figure 1 represent the leﬂ (L), center (C), right (R),.
and surround (S) channels of a four-channel wdit; system, a typical embodiment of distributor 108 combines

these changels to form a two-channel stereophonic representation as follows:
L'=L + .7071-C + .5-8 o)
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generates tine-domain sanples in response to the frequency-domain
‘information received frompaths 110a and 110b by applying an I nverse Fast
Fourier Transform which inplenents the inverse TDAC transform nenti oned
above. Al though no subsequent features are shown in Figure 1, the

ti me-domai n sanpl es are passed along presentation channels 114a and 114b,
buffered and conbined to forma tine-domain representation of the original
coded si gnatt’,= &d smBEequents S converted fromdigital formto anal og f&dm

by a DAC. » A ] e fiour delivery channels 102a-102d in Figure
1 represe‘mmt ({eAIslgﬁ EE;MR%{&'\%%? O, right (R, and surround (S)
channel s of aR! eusight brosentationghadpel. system a typical enbodi nent of

di stributgy, JlQGhsoRi LGS, thele\@ABinktldA feplesent thel sAinihtfont SHOwREISRM Befficients in the
stereop hofrrquen[:ye ormealsne nltt laét'uln ertt?o% ﬂ]:a(t) L(larglaVY?y: onbl co:fﬁléien-lt-s r'legsL]itilig ﬂ% s-:me ?a'ngse Sfl s})eclml
frequencies are combined. For example, suppose each delivery channel carries a frequency-domain

representation of & 20 kHz bandwidth signal transformed by a 256-point transform. Frequency-domain

transform coefficient X(0) for each delivery channel represents the spectral energy of the encoded signal carried

_ by the- respective delivery channel centered about O Hz, and coefficient X(1) for each delivery channel

represents the spectral energy of the encoded signal for the respective delivery channel centered about 78.1 Hz

.OO kHz / 256). Thus, coefficient X(1) for the L' presentation channel is formed from the weighted sum of

the X(1) coefficients from each delivery chiannel according to equation 1. Equations 1 and 2 may be rewritten

as . -

XM = XM, + 7071 X@;: + .5 X(s ' (€)

X(e = X + 7071+ X(@) + .5 - X(Ds : @
where X(f), = transform coefficient # for channel Z. | - |

For a true subband decoder, these combinations represent the summation of conespc;ndihg time-domain-
samples in each subband. Thus, equations 1 and 2 may be rewritten as .

Xy = x(nf), + 071 - x(m)e + .5 x{ne)s L ®)

X{(n)p = x{nl)y + .7071 - x{nt)c + .5° x{nt)s 6)

. where x(nr); = signal sample at time #¢ in subband j of channel Z. .
Figure 4 represents an applieatidn of the present invention used to form bne presentation channel 414 from
- four delivery channels 402a-402d. A typical combinatorial equation for distributor 408 in this application is

M=.071-L + C + 7011-R +§ _ @
where M’ = monophonic presentation channel.

The precise forms of the combinations provided by the distributor will vary according to the application.

Although it is envisioned that the present invention will normally be used to obtain a fewer number of
presenhlion channels than there are delivery channels, the inveation is mot so limited. The number of
preseatation channels may be the same or greater than the numl;er of delivery channels, utilizing the distributor
to prepare presentation channels according to the needs of a desired application.

For example, in the transform decoder embodiment described above, two presentation channels might be
formed from one deliveiy channel by distributing specific frequency-domain transform coefficients to a
particular presentation channel, or by randomly distributing the coefficients to either or both of the presentation
channels. In embodiments using transforms which pass the phise of the spectral components, distribution may

| be based upoﬁ the phase. Many other possibilities will be apparent.
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R=R +.7071 C + .5. S
. (2) Wnere | —TeTt presentatlon channel, and R =right

present a a transform decoder these conbi nations represent
t he su ﬁ“k mcoeff|C|ents |nthefrequency domain. It is
under st oo att nor ¥ only coefficien®s representing the same range of

spectral frequencles are conbi ned. For exanple, suppose each delivery
channel carries a frequency-donain reflddM% ation of a 20 kHz bandwi dth
signal -transfornmed by a 256-point transform Frequency-donmain transform

coef {1 cf ent X( 9)a (bgel 8 dhe UP bk itk RS of GHRBATNolil: oA 2! _ener 9y

of the encoded S|gnal carrie respective delivery channel centered
about 0 Hz, and coefdfermptlipg %’W@&C* M‘%’ﬁ%‘ﬁﬂhéﬁ“‘?éﬁr%é‘é’m@"‘fﬂe
spectral ener gshasikls oh ontdned theaimaiognal for the respective delivery channel

centered about 78.1 20 kHz | 25 coefficient X

presentation channef‘l_% "‘ toYaii=lo| 'F?"Snrﬁ%h‘% s{"/\'/el gf?fm (T h% ké"%‘@"f? ‘ond Q? nlore
coefficients fintsrmedistetsigdel.isndry channel according to equation 1. Equations
1 and 2 may be rew kyniedls means responsive to said distribution means for generating one or more presentation

* signals.

2. A decoder according to claim 1 wherein said deformatted repmsenhﬁm has higher informational
capacity requirements than said one or more delivery channels of formatted information.

3. A decoder according to claim 1 or 2 wherein said synthesis means applies an inverse frequency-
domain to time-domain transform to each of said one or more intermediate signals.

4 A decoder according to claim 1 or 2 wherein said synthesis means appl:es 8 true subband synthesis
filter bank to each of said one or more intermediate signals.

3. A decoder according to any of claims 1 through 4 wherein each of said one or more intermediate

signals includes a deformatted representation of at least one of said one or more delivery channels of formatted
information.

6. A decoder according to any of claims 1 through 4 wherein a deformatted representation of each -

of said one or more delivery channels of formatted information is included in at least one of said one or more
intermediate signals. - '

et
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as X(i)[err] = X(i)[err] + 7071 X(l)[err] + 5. X(i)[err]
- (3) X(i)[err] = X(i)[err] + .7071 .Xtij[err] + .5.X(i)[err]

(4)- where X(i)z = transform coefficient i for channel Z. For a true
subband decoder, these conbi nati ons represent the summati on of
correspondi ng time-donmain sanples in ﬁ@ch subband. Thus, equations 1 and 2
may be rewitten as [err] [err]” 7071 . [err] + .5 .[err]

(5) - [err] =Jerr] + .7071 . [err] + .5 . [ert]

(6) where [err] = signal sanple at tine nt in subband j of channel Z.
Figure 4 represents an application of the present invention used to form
one presentation channel 414 from fAQBSTRET very channel s 402a-402d. A

typi cal conbinatorial equation for distributor 408 in this application is
M = .7071..L + C+ .7071 . R+ S

(7) where M = nDnophOnic presentati on channel. The precise forns of
the conbi nati qgs .mx.t Qﬁcts RYgehdift (it feploiitingof mutcumaxe.gaap ONBHe pactibulacly! e
appl i cati on. Al t hough 1t" Is envisioned that he present i nventi on wil |

nor nal | y inyentige giptes do s ing, of wylfirchagpel gutio gigna sm@@m&m" Kidimepsianalcsound; fields
there ar delieded bone oF i dlivery dhliBiels, WiRiin thelconiplekity of e debdlling Groughlycpropentioas Of

to the number of channels used to present the decoded kignal which may differ from the number of delivery
channels. '

Figure 1

“This is the replacement sheet

9 0 Jan B

Date:



presentation channels may be the same or greater than the nunber of
-delivery channels, utilizing the distributor¥ to prepare presentation
channel s according to the needs of a desired application. For exanpl e,
in the transform decoder enbodi nent descri bed above, two presentation
channel s m ght be forned fromone delivery channel by distributing

speci fic frequency-domain transformcoefficients to a particular
presentation channel, or by randomy distributing the coefficients to
either or both of the presentation channels. In enbodi nents using
transforns which pass the phase of the spectral conponents, distribution

may be based upon the phase. Many ot idr possibilities will be apparent.
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CLAI V5 1. A decoder of one or nore delivery channels of formatted
‘information, conprising . deformatting neans for generating a
defornmatted representation of said one or nore delivery channel s of
formatted i nformation, di stribution neans responsive to said
deformatti ng neans for generating one or nore i nternedi ate signals,
and synt hesi s neans responsive to said distribution neans
for generating one or nore presentation ) si gnal s. 2. A
decoder according to claim 1 wherein said deformatted representati on has

hi gher informational capacity requireggpts than said one or nore delivery
channel s of formatted information.

_;5,6

200

Fig. 2
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3.” A decoder according to claim1 or 2 wherein said synthesis neans applies
. an inverse frequency- donmain to tine-donmain transformto each of said one

or nore internediate signals. 4. A decoder according to claiml
or 2 wherein said synthesis neans applies a true subband synthesis filter
bank to each of said one or nore internedi ate signals. 5 A

decoder according to any of clains 1 through 4 wherein each of said one or
nore intermediate signals includes a deformatted representation of at | east
one of said one or nore delivery channels of formatted infornmation.

6. A decoder according to any of claLgs 1 through 4 wherein a deformatted
‘representati on of each
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of said one or more del i very channels of formatted information is included
2in at |east one of said one or nore internediate signals.
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