
-. 

PCT/US92/00134 

Trdmical Field 

The invention !elates in general to the reproducing of multi-channel sipals. More particularly, the 

10 invention relates to the decoding of multi-channel audio signals representing multidimensional sound fields 

delivered by one or more delivery channels, whetein the complexity of the decoding is rougbly proportional 

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

channels. 

15 Reqgmund 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 •onginal• sound field as poasible given the limilations 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 reprodiiction attempts to recreate the acoustic pressures which 

20 existed in the original sound field in a region about a listener. 

Ideally, differences betw9en the original sound field and the reproduced sound field are inaudible, or if not 

inaudible at least relativ.ely 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 

25 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 souuds and artifacts not present in the original SOUDd (noise). Although most aspects of sound quality 

are $USCeJ>tible to measurement by instmments, in practical systems characteristics of the human hearing system 

(psychoacoustic effects) render inaudible or relatively \IDll.Oticeable certain measurable deviations from the 

30 •original• sounds. 

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

. azimuth and elevation) and distance of a sound source is sometimes known as angular and depth JoealiWion, 

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 

3S recordings, particularly multiple track recordings produced in a studio, the angular directionality and depth may 

bear no relationship to any •reat-life• ammgement of sound sources and the lncali7ation 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. lD any case, one purpose 

of high-fidelity multi-channel reproduction systems is to reproduce spatial aspects of an on-gomg sound field, 

40 'whether real or synthesized. As with respect to sound quality, in practical systems measurable changes in 

localization are, under certain conditions, inaudible ~l~l_a,~ively ·~?-oticeable,;~~tlf ~rt~:.¥. 0r~ 
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human hearing. 

It is sufficient to iecognize that a sound-field producer may develop recorded or transmitted sipals which, 

in conjunction with a reproduction system, will present to a human listener a sound field possessing specific 

characteristics in sound quality and sound field localization. The sound field presented to the listener may 

S closely approximate the ideal sound field intended by the producer or it may deviate &om it depending on many 

factors including the reproduction equipment and acoustic reproduction environment. 

A sound field captured for transmission or ieproductioo is usually represented at some point by one or more 

.~ectrical sipals. Such signals usually constitute one or more cbsmnels at the point of sound field capture 

(•capture cbumels•), ac the point of sound field tmnsmission or recording c•traasmiision cbmmeJs•), and at 

10 the point of sound field presentation (•presentation cbanneJs•). Although within some limits as the number of 

these sound channels increases, the ability to ieproduce complex sound fields incnases, practical considerations 

impose limits on the number of such clwmels. 

In most, if not all ~ 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-chaooel stereophonic 

15 iecording is geneially expected to be presented through either two presentation channels c·stereophomc•) or 

one presentation channel (•monophonic·). The recording is usually optimi7.ed to sound good to most listeners 

having either stereophonic or monophonic playback equipment. As another example, a multiple-cbamlel 

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 

20 and surround cbannels ;;J, 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 

J'n*llltation-cbannel 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 tbe number of transmission channels required to carry 

2S 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 tnnsmissioo channels for transmission or storage, from wbicb 

four presentation channels are extracted for playback. Ideally, such techniques should not create audible 

changes in the. sound field when presented. 

Such techniques may be used without departing from the scope of the present invention; however, it may 

30 not always be desirable to do so. The use of these techniques make it necessary to develop tbe 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 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 

35 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 si~ is sampled and . 
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digitally encoded using Pulse Code Modulation (PCM), the summation of two delivery channels may be 

performed in the digital domain by adding PCM samples representing each cbannel and converting the summed 

samples into an analog signal using a digital-to-analog converter (DAC). The s11mmation of two PCM coded 

signals may also be performed in the analog domain by converting the PCM samples for each delivery channel 

S into an analog sipal using two DACs and summing the two analog sigaals. Performing the s11mmation in the 

digital domain is usually preferred because a digital adder is generally more accurate and less expensive to 

implement than using a second hip-precision DAC. 

This technique becomes much more complex, however, if sipal samples are digitally encoded in a 

nonJ;near form rather than encoded in linear PCM. Nonlinear forms may be generated by encoding methods 

10 such as loprithmic 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 sipal. Such representations may be conveyed by transmission 

channels with reduced informational capacity, such as lower bandwidth or noisy transmission paths, or by 

lS recording media with lower storaae 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 obcaining such 

representations, respectively. The terms •deformatted• and "deformatting" will refer to reconstructed linear 

20 representations and to ob&imng such recoastructed linear representations, respectively. 

It should be mentioned that what constitutes a "linear" repr11sentation depends upon the signal processing 

methods employed. For example, tloati:ng-poiat representation is linear for a Digital Sigaal Processor (DSP) 

which can peiform arithmetic with floating-point operands, but such 1epresentation is not linear for a DSP 

which can only perform integer arithmetic. The significance of "linear" will be discussed further in CODDection 

25 with the Modes for Carrying Out tbe Invention, below. 

A decoder should use defonnatting techniques invene 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~ coding 

and transform coding. Subband and transform coders attempt to reduce the amount of information tnnsmitted 

30 in particular frequency bands where the resulting coding :inaccuracy or coding noise is psychoacoustically 

masked by neighboring spectral components. Psychoacoustic masking effects usually may be more effici.eatly 

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 Enginpmng Handbo9k, K. Blair Beason ed., McGraw-Hill, 

San Fnmcisco, 1988, pages 1.40-1.42and4.8-4.10. Throu1houtthe following discussion, tbeterm •subband• 

35 shall refer to portions of the useful sipal bandwidth. whether implemented by a true subband coder, a 

tnnsform coder, or other technique. The term "subband ceder• sball refer to true subbaad coders, tnnsform 

codets, and other coding techniques which opetate upon such •subbands. • 

Signals in a formatted form cannot be summed directly; therefore each of the two delivery channels must 
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be decoded before they can be combined by s11mmation. Generally. decoding techniques such as subband 

decoding are relatively expensive to implement. Therefore, monophonic presentation of a two-channel signal 

is approximately lwico as cosdy as monophonic presentation of a one-clwmel signal. The cost is approximately 

.1'1fti double beCause an expensive decoder is needed for each delivery channel. 

5 One prior art tecbaique which avoids burdeainc the cost of monophonic presentation of two-channel signals 

is matrixi.ag. It is important to distinguish matrixi.ag used to reduce the number presentation cbumels from 

matrixing used to reduce the number of transmission cbaanels. Although they are mathematically similar, each 

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

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

10 cbaaa.els accontin1 to 

SUM = A + B, and 

DIFFERENCE= A-B. 

For two-chaaael 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' = 1h • (SUM + DIFFERENCE), and 

B' = 1h • (SUM - DIFFERENCE.). 

The notation A' and B' is used to represent the fact that in practical systems, the signals recovered by de­

matrixinc generally do not exactly correspond to the original matrixed signals. 

For monophonic playback, a presentation system can obtain a summation of the original two-cluuule1 signal 

20 by using only one decodir to decode the SUM delivery ch8!Ulel. 

Although matrixing solves the problem of disproportionate cost for monophonic presentation of two delivery 

chailaels, it suffers from what may be perceived as cross-chaanel 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 analoa signals, and various bit-race reduction methods may be used 

25 for digital sipals. 1be application of such techniques stimulates noise in the output signal of the decoder. 

The intent and expectation is that tbis noise is masked by the audio sipal which stimulated it, and therefore 

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

of masking ~ noise. 

Assume tbat a matrix encoder encodes clwmels A and B where only channel B contains an audiO signal. 

30 Normally, noise is injected into.the SUM and DIFFERENCE chaaaels when the SUM and DIFFERENCE 

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 iadependeady injected into each of the SUM and 

35 DIFFERENCE delivery channels. The A' presentation channel will not contain any audio signal to 

psychoa.c.oustically mask the noise. Furthermore, the noise in cbanael A• may not be masked by the audio 

sipal in channel B' because the ear can usually discern noise from audio signals, especially when the noise 

and the sipal have different ansular localization. 
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Tec:bniques used to control the number of pceSentation cbaanela become even more of a problem when more 

than two delivery channels are involved. For example, motion picture soundtracks typically contain four 

channels: Left, Center, Right, and Surround. Some cunmt proposals for future motion picture and advanced 

television applications suggest five cb•aaels plus a six.th limited bandwidth aubwoofet cbanel. When multiple-

s channel signals in a formatted form are delivered to coasumers for playback oa monophonic uad two-cbannel 

home equipment, the question arises how to economically obtain a signal suitable for one- and two-cbaanel 

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

10 It is an object of the present invention to provide for the clecocliq of one or more delivery channels of 

sipals eacoded to represent in a formatted form a multi-climeasioaal sound field without artifacts perceived 

as crosa-channe1 noise modulation, wherein the compla.ity or cost of the decoding is roughly proportional to 

the number of presentation channels. Although a decoder embodying the present invention may be 

implemeared using analog or digital techniques or even a hybrid arrangement of such techniques, the invention 

15 is more conveniently implemented usiq digital techniques and the prefened embodiments disclosed herein are 

digital implementations. 

In accordance with the teachings of the present invention, in one embodiment, a transform decoder receives 

an eacoded signal in a formatted form comprising one or more delivery cbanneJs. A deformatted 

representalion is generated for each delivery channel. Each channel of deformatted informacion is distributed 

20 to one or more inverse tdnstorms for output signal synthesis, one inverse tnmsform for each presentation 

cbaanel. 

It should be UDdentoocl 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 t.eachings of 

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

2S be applied to wideband sipals as well; therefore, reference to subbands throughout the remaining discussion 

should be coastrued as one or more frequmcy bands spanning the total usefid 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 t:<> frequeacy­

domain transform accordinc to the Time Domain A1iasinc Cancellation (TDAC) technique. See Princen and 

30 Bradley, •Analysis/Synthesis Filter Bank Desip Based on Time Domain Aliasing Cancellaiion, • IEEE Tpns. 

on Acoust .. Speech. Signal Proc., vol. ASSP-34, 1986, pp. 1153-1161. An example of a tnmsform 

encoder/decoder system utilizing a TDAC transform is provided in Internatioaal 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 Carryiac Out the Invention and in the accompanying drawings. 

Brief Description of Drawi• 
Figure 1 is a functional block diagram illustrating the basic structure of one embodiment incorporating the 



. ' 

WO!ll/12608 PCT/US92/00134 

-6-

invention distributing four delivery channels into two presentation clwmels. 

Figure 2 is a functional block diagram illustrating the basic structure of a singlo-cbaanel subbaad decoder. 

Figure 3 is a functional block diagram illustrating the basic structure of a multiple-channel subband decoder 

disuibutin1 four decoded delivery channels into two presentation cbannels. 

5 Figure 4 is a functional block diagram illustrating the basic structure of one embodiment incorporating the 

invention distribUting four delivery channels into one presentation channel. 

Modes for Can:ri• Out the Jnnntion 

Figure 2 illustrates the basic structure of a ~ical sinale-channel subband decoder 200. Encoded subbaad 

10 sipals received from delivery channel 202 are deformatted into linear form by deformatter 204. and 

synthesiw 206 generates along presentation clumnel 208 a full-bandwidth representation of the received signal. 

It should be appreciated that a practical implementation of a decoder may U1corporate 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. wbicb are not shown. 

15 As briefly mentioned above. deformattet 204 should obtain a linear representation usina a method inverse 

to that used by a companion encoder which generated the nonlinear representation. Jn a practical embodiment. 

such nonlinear repRSentations are genmally used to reduce the informational requilements imposed upon 

transmission channels and storage media. Deformatting generally involves simple operations which can be 

performed relatively quickly and are relatively inexpensive to implemenL 

20 Synthesimr 206 ~ts a synthesis filter bank for ttue digital subbaad 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 typic:ally requires much more time to 

perform and incurs much higher costs to implement than tbat required by deformatter 204. 

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

2S channels for presentation by two presentation channels. The encoded sigaal 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 synthesi7.ed 

signal is~ from each decoder along a respective one of padls 308a-308d to distributor 310 which 

combines the four synthesi7.ed 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 implemenL 

Most of the cost required to implement the decoder illustrated in Figure 3 is represented by the 

syntbesh:ers. 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, sipals 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 multiple-channel decoder. Such a structure is discussed more fully 
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below and is illustrated in Figure 1. In this manner. the cost of implementation is roughly proportional to the 

number of presentation channels. This is highly desirable in applications suc:h as those proposed for advanced 

television systems which may receive five delivery channels, but which will provide only one or two 

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 lwO criteria: ( 1) it can be direct input for the syntbesiz.er, 

and (2) it permits dUectly forming linear combinations such as addition or subtraction which satisfy the signal 

synthesis linearity property described above. 

Figure 1 illustmtes one embodiment of a decoder according to the present invention which forms two 

10 presentation 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 deformaeted signals received from paths 106a-106d into two signals which it 

passes along paths llOa and llOb to synthesiats 112a and 112b, respectively. Each of the synthesiz.ers 

generates a signal which it passes along a xespective one of presentation clwmels 114a and l 14b. 

lS One skilled in the art should readily appreciate that the present invention may be applied to a wide variety 

of true subband and tnnsfonn decoder implementations. Details of implementation for deformatters and 

synthesimrs 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 91116769 

20 published October 31,.J991. 

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. Accon:lin1 to this 

embodiment, referring to Figure 1, a serial bit stream comprising fnqueacy-domain transform coefficients 

grouped into subbands is received from each of the delivery channels 102a-102d. Each deformatter 104a-104d 

2S 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 stteam, 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 llOa and 110b. Each of the syntbesizers· 112a and 112b 

30 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. 

3S Assuming that the four delivery channels 102a-102d in Figure 1 represent the left (L), center ( C), right (R), 

and surround (S) 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' == L + .7071 • C + .S · S (1) 
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R' = R + .7071 · C + .5 · S 

where L' = left presentation cbanael:" and 

R' = right presentation ch1DDel. 

-8-

(2) 

For a transform decoder, these combinations rqnesent the summalion of transform coefficients in tbe 

5 frequency-domain. It is understood tbat normally only cocffic.ients representing tbe same rmp of spectral 

frequencies are combined. For example, suppose each delivery c:baanel carries a frequency-domain 

reprmsentation of a 20 kHz bandwidth sipal transformed by a 256-point transform. }frequency-domain 

transform coefficient X(O) for each delivery channel represents the specbal eaeray of the encoded sipal carried 

by the respective delivery clwmel centeted about O Hz, and coefficient X(l) for each delivery channel 

10 iepnsents the spectral energy of the encoded signal for the ~ve delivery cbannel centmed about 78.1 Hz 

(20 kHz/ 256). Thus, coefficient X(l) for the L' presmtadon chmmeJ is formed from the weighted sum of 

the X(l) coefficients from each delivery channel accordina to equation 1. Equations 1 and 2 may be rewritten 

15 

as 

X(i)L. = X(i)L + . 7071 • X(i)c + .S • X(i)8 

X(i)r = X(i).1t + .7071 • X(i)c .f. .S • X(i)8 

where X(i)z = transform coefficient i for channel Z. 

(3) 

(4) 

For a true subband decoder, these combimdions represea.t the SUlllDlldion of corresponding time-domain 

samples in each subband. Thus, equations 1 and 2 may be :rewritten as 

xj.nt)L. = xj.n1)1. + .7071 • xj.nt)c + .S • .. xj.n1)8 
~.. ~· 

(S) 

20 xj.nt)r = xj.nt)Jt + ··:1011 • xj.nt)c + .S~~. xj.111)8 (6) 

where xj.nt)z = signal sample at time n1 in subbandj of ch1DDel z. 
"Figure 4 1ep1esents an application of the present invention used to form one presentation channel 414 from 

four delivery channels 402a-402d. A typical combinatorial equation for distributor 408 in chis application is 

M' = .7071 • L + C + .7071 • R + S (7} 

2S where M' = monophonic pre5eatation channel. 

The precise forms of the combinatioas provided by the distributor will vary acconling to the application. 

Although it is envisioned that the present invention will normally be used to obtain a fewer number of 

presentation chlDDels than there are ~very channels, the invention is not so limited. Tho number of 

presentation chmmels may be tbe 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 eumple, in the transform decoder embodiment described above, two preseatation channels might be 

formed from one delivery channel by distributing specific fnquency-domain transform coefficients to a 

particular presentation channel, or by ta11domly distributina 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 appamrt. 
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CLAIMS 

1. A decoder of one or more delivery clmmel• of formatted information, comprisin1 

deformattiag means for generating a defomudted 1ep.11lllClltalion of said o0 or more delivery 

channels of formauecl infomlat:ion, 

distribution means responsive to said defonnaning meams for pnealiDg one or more 

intermediate sipals, and 

synthesis mam nspcmsive to said discributioa. meams for geaenting one or more presentation 

sipals. 

2. A decoder according to claim 1 wherein said deformatted 11ep.11enatation bu bicJler informaUoaal 

capacity requirements tban said one or more deliveiy channels of formatted informalion. 

3. A decoder according to claim 1 or 2 whetein said synthesis meams applies an inverse frequency­

domain to time-domain tnmsform to each of said one or more intermediate sipals. 

4. A decoder acconling to claim 1 or 2 wherein said synthesis means applies a true subband synthesis 

filter bank to each of said one or more intermediate sipals. 

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

signals includes a deformatted n:presentation 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 whenin a deformatted 1epresentation 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. 

II 


