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DESCRIPTION

BECONSTRUCTION OF THE SPECTRUM OF AN ADDIOSEGHAL WITE INCOMPLETE SPECTRUM BRSED
Ol FREQUENCY TRANSLATION

TECHNICAL FIELD
The present irvention relales generally to the transmission end recording of
andio signats. More particularly, the present invention provides for a reduoction
of information required fo ransmit or store 2 given audio signal while

matntaining 2 given level of percerved quality in the oufput signal.

BACKGROUND ART
Many communications systems face the problem that the demand for
inforration transmission and storage capacity ofien exceeds the available
capacity, As a result there Is considerable interest among those in the fields of
broadcasting and recording 1o reduce the amownt of information required 1o
transmit or record an audio signal intended for humen perception without
degrading its subjective quality. Similariy there is a need to improve the quality

of the ouiput signal for a given bandwidth or storage capacity.

Two principle considerations drive the design of systems intended for audio
transmission aud storage: the need to reduce informanon requirements and the
need to ensure 2 specified level of perceptual quality m the output signal. These
two considerations conflict in that reducing the quantity of information
transmitted can reduce the perceived quality of the ontput signal, While
objective constraints such as data rate are vsually imposed by the
communications system itself, subjective perceptual requirements are usually
dictated by the application.

Traditional methods for reducing information requirements involve

transmithing or recording only a selected portion of the input signa!, with the
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remainder being discarded. Preferably, only that portion deemed to be either
redundant or perceptually irrelevant is discarded. If additional reduction 1s
required, preferably only & poriion of the signal deemed to have the least
perceptual significance is discarded.

Speech applications that emphastze intelligibility over fidelity, such as spsech
coding, may transmit or record only a poriion of a signal, referred foherein as a
"baseband signal”, which contains onty the percepiually most relevant portions
of the signal's frequency spectrum. A receiver can regenerate the omitied
portion of the voice signal from information contained within that bassband
signal. The regenerated signal generally ts not perceptually identical to the
original, but for many eppiications an approximate reproduction is sufficient.
On the other hand, applications designed fo achieve & high degree of fdelity,
such as high-quality muste applications, generally require a higher quality
output signal. To obiain 2 higher guality output signai, if is generally necessary
to transmit a greater amount of information or to utilize 2 more sophisticated

method of generating the output signal.

One technique vsed in connection with speech signal decoding is known es
high frequency regeneration ("HFR"). A baseband signal containing only low-
frerpuency components of a signal ts transmitted or stored. A receiver
regeneraies the omitted high-frequency components based on the contents of
the received baseband signal and combines the baseband signal with the
regensrated high-frequency components to produce an oufput signal. Although
the regenerated high-freguency components are gensrally not identical to the
high-frequensy components in the original signal, this technique can prodoce
an output signal that is more satisfactory than other tecimiques that do notuse
HFR. Numerous varations of this technique have been déveloped m the area of
speech encoding ard decoding. Thres common methods used for HER are

gpectral folding, spectral translation, and rectification. A description of these
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techniques can be found th Makhoul and Berouti, "High-Frequency

Regeneration in Speech Coding Systems®, ICASSP 1979 IEEE International
Conf. on Acoust., Speech and Signal Proc., Apeil 2-4, 1879,

Although simple to implement, thess FHFR_ techniques ere usually not snitable
for high quality reproduction systems such as thoss used for high quaiiiy
‘music. Speotral folding and speetral translation can produce undesirable
background tanes, Restification tends to produce results that are perceived to
be harsh. The inventors have noted that in many cases where fhese iechniques
have produced unsatisfactory results, the techniques were usad in bandlimited
speech coders where HFR was restristed io the transiation of components
below 5 kHz

The inventors have also noted two other probiems that can arise from the use of
HFR techniques. The first problem is related to the fone and noise
characteristics of signals, and the sccond probiem s related i the femporal
shape or envelope of regenerated signals, Many natural signals contain 2 noise
componert that increases in magnitude as a function of freguency. Known HFR
eshnigues regenerate high-frequency components from 2 baseband signal but
fail to reproduce a proper mix of ione-like and noise-like componenis in the
regenerated signal at the higher frequencies. The regenerated signal ofien
contains a distinet. high-frequency "buzz" atiributable to the substifution of
tone-like components in the baseband for the original, more noiss-fike high-
frequency components. Furthermore, known HFR technigues fail {o regenerate
speciral components i such a way that the temporal envelops of the
regenerated signal preserves or is at least similar to the temporal envelope of

the onginal signal.

A nurnber of more sophisticated HFR techmgues have been developed that

offer improved results; however, these techniques tend {o be either speech



specific, relying on characteristics of speech that are not suitable for music and other forms of

audio, or require extensive computational resources that cannot be implemented economically.
DISCLOSURE OF INVENTION

Embodiments of the present invention seek to provide for the processing of audio signals to
reduce the quantity of information required to represent a signal during transmission or storage
while maintaining the perceived quality of the signal. Although embodiments of the present
invention are particularly directed toward the reproduction of music signals, it is also applicable

to a wide range of audio signals inciuding voice.

According to one aspect of the present invention, there is provided a method for generating an
electrical reconstructed signal that comprises: receiving from an electrical communication path
an encoded electrical signal comprising baseband spectral components of an audio signal, a noise
blending parameter and an estimated spectral envelope, wherein the number of baseband spectral
components contained in the encoded signal may vary dynamically; decoding the encoded
electrical signal to obtain the baseband spectral components, the noise blending parameter, and
the estimated spectral envelope; generating a noise signal comprising noise-signal spectral
components in an interval of frequencies above the baseband spectral components, wherein the
noise-signal spectral components are weighted in amplitude by a noise blending function that is a
function of frequency and the noise blending parameter and that gives greater weight to spectral
components at higher frequencies; generating a regenerated signal comprising regencrated-signal
spectral components in the interval of frequencies above the baseband spectral components,
wherein the regenerated-signal components are copied from at least some of the baseband
spectral components and weighted in amplitude by an inverse of the noise blending function;
generating noisy regenerated spectral components from a combination of the noise-signal
spectral components and the regenerated-signal spectral components, wherein amplitudes of the
noisy regenerated spectral components are weighted according to the estimated spectral
envelope; and -generating along an electrical communication path the elecirical reconstructed
signal from a time-domain representation of the baseband spectral components combined with

the noisy regenerated spectral components.



According to another aspect of the present invention, there is provided an apparatus for
generating a reconstructed signal that comprises: means for receiving an encoded signal
comprising baseband spectral components of an audio signal, a noise blending parameter and an
estimated spectral envelope, wherein the number of baseband spectral components contained in
the encoded signal may vary dynamically; means for decoding the encoded signal to obtain the
baseband spectral components, the noise blending parameter, and the estimated spectral
envelope; means for generating a noise signal comprising noise-signal spectral components in an
interval of frequencies above the baseband spectral components, wherein the noise-signal
spectral components are weighted in amplitude by a noise blending function that is a function of
frequency and the noise blending parameter and that gives greater weight to spectral components
at higher frequencies; means for generating a regenerated signal comprising regenerated-signal
spectral components in the interval of frequencies above the baseband spectral components,
wherein the regenerated-signal components are copied from at least some of the baseband
spectral components and weighted in amplitude by an inverse of the noise blending function;
means for generating noisy regenerated spectral components from a combination of the noise-
signal spectral components and the regenerated-signal spectral components, wherein amplitudes
of the noisy regenerated spectral components are weighted according to the estimated spectral
envelope; and means for generating the reconstructed signal from a time-domain representation

of the baseband spectral components combined with the noisy regenerated spectral components.

According to another aspect of the present invention, there is provided a non-transitory medium
recording a program of instructions that is executable by a device to perform a method for
generating a reconstructed signal, wherein the method comprises: receiving an encoded signal
comprising baseband spectral components of an audio signal, a noise blending parameter and an
estimated spectral envelope, wherein the number of baseband spectral components contained in
the encoded signal may vary dynamically; decoding the encoded signal to obtain the baseband
spectral components, the noise blending parameter, and the estimated spectral envelope;
generating a noise signal comprising noise-signal spectral components in an interval of
frequencies above the baseband spectral components, wherein the noise-signal spectral

components are weighted in amplitude by a noise blending function that is a function of
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frequency and the noise blending parameter and that gives greater weight to spectral components
at higher frequencies; generating a regenerated signal comprising regenerated-signal spectral
components in the interval of frequencies above the baseband spectral components, wherein the
regenerated-signal components are copied from at least some of the baseband spectral
components and weighted in amplitude by an inverse of the noise blending function; generating
noisy regenerated spectral components from a combination of the noise-signal spectral
components and the regenerated-signal spectral components, wherein amplitudes of the noisy
regenerated spectral components are weighted according to the estimated spectral envelope; and
generating the reconstructed signal from a time-domain representation of the baseband spectral

components -combined with the noisy regenerated spectral components.
Other aspects of the present invention are described below and set forth in the claims.

The various features of the present invention and its preferred implementations may be better
understood by referring to the following discussion and the accompanying drawings in which
like reference numerals refer to like elements in the several figures. The contents of the
following discussion and the drawings are set forth as examples only and should not be

understood to represent limitations upon the scope of the present invention.
BRIEF DESCRIPTION OF DRAWINGS

Fig. 1 illustrates major components in a communications system.

Fig. 2 is a block diagram of a transmitter.

Figs. 3 A and 3B are hypothetical graphical illustrations of an audio signal and a corresponding

baseband signal.

Fig. 4 is a block diagram of a receiver.
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Figs. 5A-5D are hypothetical graphical illustrations of a baseband signal and

signals generated by translation of the baseband signal.

Figs, 6A-6G are hypothetical graphical. iflusirations of signals obtained by
regenerating high-frequency components using both spectral translation and
noise blending.

Fig, 6H is an illustration of the signal in Fig, 6G after gain adjustment.

Fig. 7 1s an illestrafion of the baseband signal shown in Fig. 6B combined with

the regenerated signal shown in Fig. 6FL

Fig. 84 15 an illustration of a signal's temporal shape.

Fig. 8B shows the temporal shape of an output stgnal that is produced by
deriving a baseband signal from the signal in Fig. 8A and regenerating the

signal through a process of spactral translation.

Fig. 8C shows the temporal shape of the signal in Fig. 8B afier temporal

envelope conirol hag been performed.

Fig. 9 is 2 block diagram of a transmitter that provides information needed for

iemporal envelope contro using time-domain techmiques,

Fig. 10 s a block diagram of a recetver that provides temporal envelope control

vsing time-domain technigues.

Fig. 11 is a block diagram of & transmitter that provides information needed for

temporal envelope coniro! using frequency-domain technigues.
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Fig. 12 is a block diagram of a receiver that provides temporal envelope control

using frequency-domain techniques.

MODES FOR CARRYING OUT THE INVENTION
A. Overview

Fig. 1 illustrates major components in one example of a communications
system. An information source 112 generates an audio signal along path 115
that represents essentially any type of audio information such as speech-or
music. A transmitter 136 receives the andio signal from path 115 and processes
the information into a form that is'suitable for fransmission through the channel
146, The transmitier 136 may prepare the signal to-mateh the physical
characteristics of the channel 140, The channel 140 may be a iransmission path
such as electrical wires or optical fibers, or # may be 2 wireless communication
path through space. The channe] 140 may also include 2 storage device that
records the signal on a storage medium such as a magnetic tape or disk, or an
optical disc for later use by 2 receiver 142, The recsiver 142 may perform a
vanety of signal processing fanctions such as demodulation or decoding of the
signal received from the channel 140, The cuiput of the recetver 142 is passed
along a path 145 to & wansducer 147, which comrveris it into an output signal
152 that is suitable for the user. In 2 conventional audio playback systam, for
example, loudspeakers serve as ransducers {6 converi elecirical signals into

acoustic signals.

Communication systsms, which are restricted 1o transmifing over 4 channel
that has & iimited bandwidth or recording on a medium that has hmited
capacity, encounter problems when the demand for information excesds this
availabie bandwidih or capacity, As & result thare is a continuing need in the
fields of broadeasting and recording ts reduce the amount of information
required to transmit or record an audio signa! intended for human perception

without degrading its subjective quality. Similarly there is a need to improve
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the quality of the output signal for 2 given transmission bandwidth or storags.
capacify.

A technique used m connection with spesch coding is known as high-frequency

regeneration ("FIFR"). Only a baseband signal containing low-frequency

‘components of a speech signal are transmitted or stored. The receiver 142

regenerates the omifted high-frequency components based on the contents of
the received baseband signal and combines the baseband signal with the
regenerated high-fraquency components to produce an output signal. In
general, however, known HFR technigues produce repenerated high-frequency
components that are sasily distinguishable from the high-frequency
components in the original signal. The present invention provides an improved
technigue for spectmal component regensration that produces regenerated
spectral components peroepiually more similar to cnrreéponding speotral
componerts in the original signal than is provided by other known techniques,
it is important to note that although the techniques deseribed herein are
sometimes referred to 2s high-frequency regeneration, the present invention 1s
not fumited to the regeneration of high-frequency components of & signal. The
techmques desoribed below may alse be utilized to regenerate speciral.

components in any part of the spectrurmn.

B. Transmitter
Fig. 2 1s a block diagram of the transmitter 136 according to one aspect of the
present invention. An input audio signal is recetved from path 115 and
processed by an analysis filterbank 705 fo obiain a fraquency-domain
representation of the input signal. A baseband signal anaiyzer 710 determines
whichs speetral components of the input signal ars to be discarded. A filter 715
removes the speciral components to be discarded to produce a baseband signal
consisting of the remaining spectral companents. A spectral envolope estimator

720 obtaing an estimate of the input signal's spectral envelope, A speetrsl
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anatyzer 722 analyzes the estimated spectral envelope to determine noise-
blending parameters for the signal. A signal formatier 725 combines the
estimated speciral envelope information, the noise-blending parameters, and
the baseband signal Into an output signal having a form suitable for

transmission or storage.

1. Analysis Filterbank
The analysis filterbank 705 may be implemented by essentially any time-
domain to frequency-domain transform. The transform used in a preferred
implementation of the present invention is described in Princen, Johpson and
Bradley, "Subband/Transform Coding Using Filter Bank Destgns Based on
Time Domairn Aliasing Cancellation," JCASSP 1987 Conf. Proc., May 1957,
pp. 2161-64. This transform is the time-domain equivaient of an oddly-stacked
eritically sampied single-sideband anaiysis-synthesis system with time-domain

aliasing canceliation and is referred to herem as “O-TDACK.

According to the O-TDAC technique, ar audio signa! is sampled, quantized
and grouped info a series of overtapped time-domain signal sample blocks.
Fach sample block 13 weighted by an analysis window function. This is
equivalent to a sample-by-sampie multiplication of the signal sample block.
The O-TDAC technique applies 2 modified Discrete Cosine Transform
("DCT™) 10 the weighted time-domain signal sample blocks o produce sets of
transform coeflicients, referred to hersin as “transform blocks". To achieve
critical sampling, the technique retains only half of the spectral cosfficients
prior to transmission or storage. Unfortunately, the retention of only half of the
spectral coefficients causes a compiementary inverse wansform to generate
time-domain aliasing componenis. The O-TDAC technigue can cancel the
aliasing and accurately recover the input signal. The length of the biooks may
be varied n response fo signal characteristics using technigues that are known

in the art; however, care should be taken with respect to phase coherency for
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reasons that are discussed below. Additional details of the O-TDAC technique

may be obtained by referring to 1.8, Patent 5,394,473,

To recover the original input signal blocks from the transform blocks, the O-
TDAC technique utilizes an inverse modified DCT, The signal blocks
produced by the mverse transform are weighted by a synthesis window
function, overlapped and added to recreate the input signal, To cance] the time-
domain aliasing and accurately recover the input signal, the analysis and

synthesis witdows must be designed to mesat strict eriteria.

In one preferred implementation of a system for fransmitting or recording an
mput digital signal sampled at a rate of 44.1 kilosamples/second, the speciral
components obtained from the analysis filterbank 705 are divided info four

subbands having ranges of frequencies 2s shown in Table L

Band  Frequency Range
(k)
0 0.0 to 55
I 5510 11.0
2 11.8 o 165
3 165 1o 22
Table I

2. Baseband Signal Analyzer
The baseband signal analyzer 710 selects which spectral componenis to discard
and which speciral components o retain for the baseband signal, This selection
¢car vary depending on input signal characteristics or it can remaimn fixed
according to the needs of an application; however, the mventors have
determinsd empirically that the perceived quality of an audio signal
deteriorates if one or more of the signal's fundamenta! frequencies are

discarded. I is therefore preferable to preserve those portions of the spectrum



-11 -

that contain the signal's funtamental frequencies, Because the fundamental
frequencies of voice and most natural musical instruments are ganeraliy no
higher than about 5 kEz, a preferred implementation of the frimsmitter 136
intended for music applications uses a fixed cutsff frequency at or around 3
kHz and discards at! spectral components above that frequency. In the case of a
fixed cutoff frequency, the baseband signal analyzer need not do anything mors
than provide the fixed cutoff frequency to the filter 715 and the spectral
snalyzer 722 In an altsmative implementation, the baseband signal enalyzer
710 is eliminated and the filter 7135 and the spectral analyzer 722 operate
according fo the fixed cuioff frequency. In the subband struciure shown above
in Table I, for example, the spectral componenis in only subband 0 are retained
for the baseband signal. This choice 1s also suitable because the human ear
cannot easily distinguish differences in pitch above 5 kHz and therefore cannot

easily discem inaccuraciss in regenerated components above this frequency,

The chotee of cutoff freguency affects the bandwidth of the baseband signal,
which in furn influences 2 tradeoff between the information capacity
requirements af the output signal generated by the transmitier 136 and the
percetved quality of the signal reconstructed by the recetver 142, The perceived
-quality of the signal reconstrucied by the receiver 142 ig influenced by three

Factors that are discussed in the following paragraphs.

‘The first factor 15 the accuracy of the baseband signal representation that is
transmitted or stored. Generally, if the bandwidth of 2 baseband signai s held
constant, the perceived quality of a reconstructed signal will increase es the
accuracy of the baseband signal representation is increased. Inaccuracies
represent noise that will be andible in the reconstructed signal if the
inaccuracies are farge enough. The noise will degrade both the perceived
guality of the baseband signal and the spectral components that are regensrated

from the baseband signal. In an exemplary implementation, the bassband signal
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representation 1s a set of frequency~-darnain wansform cosefficrents. The
accuracy of ihis represeniation s controlled by the number of bits that are used:
1o express each transform coefficient. Coding techniques can be used 1o convey
& given level of accuracy with fewer bits; however, a basic tradeoff between
baseband signal accuracy and information capacity requirements exists for any

given coding techmque.

The second factor is the bandwidih of the baseband signal that is transmitied or
stored. Generally, if the ascuracy of the baseband signal representation is held
constant, the perceived quality of a reconstructed signal will increase as the
bandwidth of the baseband signal is increased. The Use of wider bandwidth

baseband signals allows the rsceiver 142 io confine regenerated spectral

components o higher frequencies where the humen auditory system is less
senstiive to Gifferences in temporal and spectral shaps. In the exemplary
implementation mentioned above, the bandwidth of the baseband signal is
controlied by the mmmber of transform coeflicients in the representation.
Coding technigues can be used io convey & given number of coefficients with
fawer bits; however, 2 basic tradeoff between beseband signal bandwidth and

information capacity requirements exists for any given coding technique.

The third factor 15 the information capacity that is required {0 transmit or store
the bassband signal representation. If the information sapaciiy requirement is
heid constant, the baseband signal acoureey will vary mversely with the
bandwidth of the baseband signal. The needs of an-application will generally
dictate 3 particular information capacity requirsment for the output signal that

is generated by the transmitter 136. This capacity must be aliocated to vanious
portions of the output signal such as & baseband signal representation and an
estimated spectrel envelope. The aliocaiion must balance the needs.of 2 number
of conflicting inferests thet are well known for communication systems, Within

this allocation, the bandwidth of the baseband signal shouid be chosen to
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balance a tradeoff with coding accuracy to optimize the perceived quality of the

reconstructed signal,

3, Spectral Envelope Bstimator
The spectral envelope estimator 720 analyzes the audio signal to extract
information regarding the signal's spectral envelope. If available information
capecity permits, an implementation of the wansmitter 136 preferably obtains
an estimate of a signal's spectral envelope by dividing the signal's spectrum
into frequency bands with bandwidths approximating the human ear's coitical
bands, and exiracting information regarding the signal magnitude in each band.
In most applications having limited information capacity, howsver, it is
preferable o divide the spectrom nito 2 smalier number of subbands such as the
arrangement shown above 1n Table L Other variations may be used such as
calculating a power spectral density, or extracting the average or maximum
amplitude in each band. More sophisticated iechniques can provide higher
quality in the output signal but generally require greater computational
resources. The chowce of method used to obtain an esimated spectral envelope
generally has praciical implications because it generally affects the perceived
quality of the communication system; however, the choice of method is not

critical in principle. Essentially any technigue may be used as desired,

In one implementation using the subband structure shown in Teble I, the
spectral envelope estimator 720 obtains an esumats of the spectral enveiope
only for subbands 0, 1 and 2. Subband 3 s exciuded 1o reduce the amount of

information required to represent the estimared spectral envelope.

4. Speciral Anajvzer
The speciral analyzer 722 analyzes the estimated spectral envelope received
from the speciral envelope estimator 720 and mfonnation from the baseband

signal analyzer 710, which identifies the spectral compenents to be discarded
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from a baseband signal, and calculates ane or more noise-blending parameters
to be used by the recetver 142 fo generate a noise component for tranglated
spectral companents. A preferred implementation minimizes data rate
requirements by computing and fransmitting a single noise-blending parameter
to be applied by the receiver 142 to all translated components. Noise-blending
parameters oan be calculated by any one of a number of different methods. A
preferréd method derives a single notse-blending parameter equal to a spectral
flatness measure thet is calculated from the ratio of the geomstric mean to the
arithmetic mean of the short-time power spectrum. The ratio gives a rongh
indication of the flainess of the spectrum. A higher speciral flatness measure,
which indicates a flatter spectrum, also indicates a higher noise-blending level

1s appropriaie.

In an atternative implementation of the transmitter 136, the spectral
components are grouped nto multiple subbands such as those shown in Table
L, and the transmitier 136 fransmits a noise-biendmg parameter for each
subband, This mors accurately defines the amount of noiss 10 be mixed with
the translated frequency content but it also requires a higher data mate to

transmit the additional nose-blending parameters,

3. Baseband Signal Filter
The filter 715 receives information from the baseband signal analyzer 710,
which identifies the spesiral components that are selected o be discarded from
a bassband sienzl, and eliminates the selscied frequency components fo obtain
a frequency-dormain representation of the bassband signal for transmission or
storage. Figs. 34 and 3B are hypothetical graphical illustrations of en audie
signal and a corresponding baseband signal. Fig, 3A shows the spectra]
envelope of 2 fraquency-domain representation 600 of & hypothetical andio

stgnal. Fig. 3B shows the speciral envelope of the baseband signal 610 that
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remains after the andio signal is processed to eliminate selected high-frequency

components.

The filter 715 may be tmplementied in essentially any manner that effectively
temoves the frequency components that are selecied for discarding, In one
implementation, the filter 715 applies 2 frequency-domain window function to
the frequency-domain representation of the input audio signal. The shape of the
window function 15 selected to provide an appropriate frade off between
frequency selectivity and attenuation against ime-domain effects in the output

audic signal that is ultimately generated by the receiver 142,

6. Signal Formatier
The signal formatter 725 generaies an output signal along communication
channel 140 by combining the eshmated spectral envelope informaiion, the one
or more noise-blending parameters, and a representanion of the baseband signal
o an ontput signal having a form suitable for transmission or storage. The
individual signals may be combined in essentialiv any marner. In many
applications, the formatter 723 maltiplexes the individual signals into 2 serial
bit stream with appropriate synchronization patterns, error detection and
correction codes, and other information that is periinent either to transmission
or storage operations or to the appiication m which the audio information is
used. The signal formatier 725 may also encode all or portions of the cwiput
signal to reduce information capacity requirements, to provide security, or io

put the output signal nto a form that facilitates subsequent usage.

C. Receiver
Fig. 4 is a block diagram of'the receiver 142 according to one aspeet of the
present invention. A deformatier 805 receives a signal from the communication
channe! 140 and obiains from this signal a baseband signat, estimated spesiral

envelope information and one or more noise-blending parameters. These
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elements of iformation are transmitted to a2 signal processor 808 that
comprises a spectral régenerator 810, a phase adjusier 815, 2 blending filter 818
and 2 gain adjuster 82C. The spectal component regenerator 810 determines
which spectral components are missing from the baseband signal and
regenerates them by translating all or at least some spectral components of the
baseband signal to the locations of the missing spectral components, The
translated components are passed fo the phase adjuster 815, which adjusts the
phase of one or more spectral components within the combined signal to ensure
phase coherency. The blending filter $18 adds one or more noise components
to the translated components according to the one or more notse-blending
parametars recerved with the baseband signal. The gain adjuster §20 adjusts the
amplitude of spectral components in the regenarated signal according o the
estimated spectral envelops mformation received with the beseband signal, The
translated and adjusted spectral components are combined with the baseband
signal to produce a frequency-domain representation of the output signat. A
synthesis filierbank 825 processes the signal fo obtain a fime~-domain

representation of the output signal, which is passed along path 145,

1. Deformatter
The deformatter 805 processes the signat recetved from communication
channel 140 in a rhanner that 15 complementary o the formatiing process
provided by the signal formatter 725. In many applications, the deformatier 805
receives a serial bif stream from the channel 140, uses synchronization pattems
within the bit stream to synchronize its procegsing, uses error correction and
deiection codss to identify and rectify errors that were introduced info the bit
stream during transmission or storage, and operates as & demultipiexer to
extract a representation of the baseband signal, the estimated spectral envelope
information, one or mare noise-biending pammeters, and any other informatton
that may be pertinent to the application. The deformatter 805 may also decode

all or portions of the serial bit stream to reverse the effects of any coding
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provided by ths transmitier 136. A frequency-domain representafion of the
baseband signal is passed to the spectral component regenerator B10, the noise-
blending parameters are passed to the blending filter 818, and the speciral

envelope information is passed to the gain adjuster 820,

2. Speciral Component Regenerator
The spectral comporient regenerator 810 regenerates missing spectral
componsnts by copying or translating all or at least some of the spectral
components of the baseband signal to the locations of the missirg componemnts
of the signal. Spectral compenents may be copied into mors than one interval
of frequencies, thereby allowing an output signal to be genaratad with 2

bandwidih greater than twice the bandwidth of the baseband signal.

In an implemantation of the receiver 142 that uses only subbands O and 1

shown above in Table T, the baseband signal contams no spectral components
above g cutoff frequency at or sbout 5.5 kEiz. Spectral components of the
baseband signal are copied or transiated 1w & range of frequencies from about
5.5 ¥Hz to sbout 11.0 KMz, If & 18.5 KF2 bandwidth is desired, for example, the
speciral components of the baseband signal can aiso be translated nto ranges of
frequencies from abowt 11.0 kHz to about 16,5 kHz, Generally, the speciral
components are {ranstated into non-overlapping freguency ranges such that no
gap exisis in the specirum inchuding the bassband signal and all copied specizal
components; howsver, this feature s not essential. Spectral components may be
translaied into overlapping frequency ranges and/or into frequency ranges with

gaps in the spectrum in essentially any manner as desired.

e chaice of which spectral components should be copied can be varied to
suit the pasticular application. For example, special components that are
copied nzed not start at the lower edgs of the baseband and need not end at the

upper edge of the bassband. The perceived quality of the signal reconstructed
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by the receiver 142 can someiimes be improved by excluding fundamental
frequencies of voice and instruments and copying only harmonics. This aspect
1s incorporated into one implementation by excluding from transiation those
baseband spectral components that are below about | ke, Referring to the
subband structure shown above in Table I as an example, only spectraf

components from about 1 kiz fo about 5.5 kHz are translated.

1f the bandwidth of all spectral componsnts to be regenerated is wider than the
bandwidth of the baseband spectral components to be copied, the baseband
spectral components may be copied in 2 circular manner starting with the
iowest frequéncy component up 1o the highest frequency component and, if
necessary, wrapping around and continuing with the lowest frequency
component. For example, referring to the subband structore shown in Table T if
only baseband spectral components from about 1 kHz to 5.5 iz are fo be
copied and spectra! components are to be regenerated for subbands 1 and Z that
span frequencies from about 5.5 kHz to 16.5 K¥z, then baseband spectral
components from about I k¥ fo 5.5 kFr are copied to respective frequencies
from about 5.5 Iz to 10 kKHz, the same baseband specival componenis from
about 1 kHz to 5.5 kHz are copied again to respective frequencies from about
10 kHz to 14.5 kiiz, and the baseband specral component from about } kKHz to
3 k¥iz are copied to respective frequencies from about 14.5 iz to 16.5 Iz
Alternatrvely, this copying process can be performed for each individual
subband of regenemated components by copying the lowest-frequency
component of the baseband 1o the lower edge of the respective subband and
continuing through the baseband spectral components in 2 circular manner as

necessary to compiete the translation for that subband.

Figs. SA through 5D are hypothetical graphicat illustrations of the spectral
envelope of z baseband signal and the spectral envelops of signals penerated by

translation of spectral components within the baseband signal. Fig, 5A shows a
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hypothetical decoded baseband signal 900. Fig. 5B shows spectral sompenents
of the baseband signal 905 translated to higher frequencies. Fig. 5C shows the
baseband signal components 910 translated multiple times to higher
frequencies. Fig, 5D shows a signal resulting from the combination of the

tranglated components 915 and the baseband signat 920,

3. Phase Adjuster
The transtation of spectral components may create disconfimniies in the phase
of the regenerated components. The O-~TDXAC transform implementation
described above, for example, as well as many other possible implementations,
provides frequency-domain representations that are arranged in biocks of
transform coefficients, The iranslated speciral components are also arranged
blocks. If spectral components regenerated by translation have phase
discontinuities between successive biocics, audible ariifacts i the output andio

signat are hkely to cocur.

The phase adjuster 815 adjusts the phase of each regenerated spectral
component t¢ mainiain a censistant or coherent phase, In an implementation of
the recetver 142 which employs the O-TDAC transform described above, each
of the regenerated spectral components s muitiplied by the complex vaiue &,
where Am represents the frequency interval sach respective speciral component
is transiated, expressed as the number of transform coefficients that comespond
to that frequency interval. For example, if 2 spectral component is translated to
the frequency of fhie adjacent component, the translatior. interval Aw 1s equal to
one. Alternative implementations may require different phase adjustment
techmiques appropriate o the partcular implementation of the gynthesis
filterbanic §25.

The transletion process may be adapied to match the regensrated components

with harmenics of significant spectral coinponents within the baseband signal.
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Two ways in which translation may be adapted is by changing either the
specific spectral components that are copied, or by changing the amount of
transiation. X an adaptive process is used, special care should be talean with
regard to phase coherency if spectral components are arranged in blocks. If the
regenerated spectral components are copied from different base components
from block to block or if the amount of frequency translation is changed from
blook o block, it is very likely the regenerated components will not be phase
coherent. I is possible o adapt the translation of speciral components but care
must be taken 1o ensure the audibility of artifacts caused by phase incoherency
1s not significant. A system that employs either multiple-pass technigues or
look-ahead technigues could identify intervals during which transtation could
be adapted. Blocks representing intervals of an audio signal in which the
regenerated spectral components ar:;. deemed io be inaudible are usually good

candidates for adapting the translation process.

4, Noise Blending Filier
The blending filter 818 generates a noisé component for the translated spectral
components using the noise-biending pararaeters recerved from the deformatier
803, The blending filter 818 generates a noise signal, computes a noise-
blending function using the nojse-blending parameters and utilizes the notse-
blending function to combine the noise signal with the translated spectral

components,

A noise signal can be generated by any one of a variety of ways. In a preferred
implementation, & noise signal ts produced by generating 2 sequence of random
numbers having a distribution with zero mean and vatance of one. The
biending filter 818 adjusts the noise signal by multiptying the noise signal by
the noise-blending function, £ a single noise-biending parameter 15 used, the
noise-blending function generally should adjust the noise signal to have higher

amplitude at higher frequencies. This follows from the assumptions disoussed
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above that voice and natural musical instrument signals fend to contain more
noise at higher frequencies. In a preferred implementation when speciral
components are transiated to higher frequencies, a noise-blending function has
e maximum amplitude at the highest frequency and decays smoothly to a

minimum value at the lowest frequency at which noiss is blended.

One implementation uses a noise-blending function N(Z) as shown in the
following expression:
. £ ok-k A
N(k) = max| — A __ L p 1,.0} for Ky Sk Sk (N

g - Brgw

where max(x,y) = the larger of x and );
B =a noise-blending parameter basad on SFM;
k== the index of regenerated speciral components;
kygar= nighest frequenoy for spsetral componen: regenesration; and

ke = lowest frequency for speciral component regensration,

In this implementation, the value of B varies from zero to one, where one
indicates a flat spectrum that is typical of & noise-iike signal and zero indicates
a spectral shape that is not flat and is typical of a ione-like signal. The value of
the guotient in equation ! varies from zerc to one as k increases from by to
kagar. IEB 15 egual to zero, the first term in the "max® function varies from
negative one to zero; therefore, N(k} will be equal to zero throughout the
regeneratsd spectrum and no noise 15 added to regenerated spectral
components. I B is equal to one, the first term in the "max" funciion vanes
from zero to ong; therefore, W{E) mcreases linearly from zero at the lowest
regenerated frequency Xy up to 2 value equal to one at the maximum
regenerated frequency Ky, If B has ¢ value berween zero and one, N(E) is
equal to zero from Ky up to some frequancy between by and kg, and
increases hinearly for the remainder of the regenerated specirurn. The amplitude

of the regenerated spectral components is adjusted by multiplying the



-22.

regenerated components with the noise-blending function. The adjusted noise

signal and the adjusted regenerated spectral components are combined.

This particular implementation deseribed above is merely one suitable

example. Other noise blending fechniques may be used as desired.

Figs. 6A through 64 are hypothetical graphical illustrations of the spectral
envelopes of signals obtained by regeneraiing high-frequency components
using both spaciral translation and noise biending. Fig. 6A showsa
hypothetical input signal 410 io be transmitted. Fig. 6B shows the baseband
signal 420 produced by discarding high-frequency components. Fig. 6C shows
the regensrated high-freguency components 431, 432 and 433, Fig. 6D depicis
a possible noise-blending function 440 that gives greater weight to notse
components af higher frequencies. Fig. 6E is a schematic fliustration of & noise
signal 445 that has been multipiied by the noise-biending function 440. Fig. 6F
shows a signat £50 generated by multplying the regenerated hugh-frequency
components 431, 432 and 433 by the inverse of the noise-blending fenction
440 Fig. 6( is 2 schematic illustration of a combined signal 460 resulting from.
adding the adjusted noise signal 445 to the adjusted high-frequency
components 450. Fig. 6G is drawn to illustrate schematically that the high-
frequency portion 430 contains a mixture of the transiated high-frequency

components 431, 432 and 433 and noise,

5. Gain Adjuster
The gain adjuster 820 adjusts the amplituds of the regeneraied signal according
to the estimated spectral envelape information received from the deformatter
805. Fig. 6H is a hypothetical illustration of the spectrmal envelope of signal 460
shown n Fig. 6G afier gain adjustment. The portion 510 of the signal
eontaining & mixture of transiated spectral components and noise has been

given & speciyal envelope approximating that of the original signal 410 shown
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in Fig, 6A. Reproducing the spectral envelope on e fine scale is generally
unnecessary becanse the regenerated spectral components do not exactly
repraduce the speatral components of the ariginal signal. A translated harmonic
seties generally will notequal an harmonic series; therefore, it is generally
mmpossible to ensure that the regensrated cutput signal is identical to the
original input signal on a fine scals. Coarse approximations that match the
spectral energy within a few critical bands or less have been found fo work
eil. It should also be noted that the use of a coarse estimate of spactral shape
 rather than s finer approximation is generally preferred because 2 coarse
estimate imposes lower information capacity recuirements upon iransmission
channels and storage media, In audio applications that have more than ane
channel, however, aural imaging may be improved by using finer
approximations of spectral shape so thai more precige gain adjustments can be

rade fo ensure a proper balance between channels,

6. Synthesis Filterbank
The pain-adjusted ragensrated spectral componsents provided by the gain
adjuster 820 are combined with the frequency-domain representation of the
bassband signal received from the defomatier 805 to form a frequency-domain
reprasentation of 2 reconstructed signal, This may be done by adding the
regenerated components to corresponding components of the baseband signal.
Fig. 7 shows a hypotheiical reconsiructed signal obtained by combining the

baseband signal shown in Fig. 68 with the regenerated components shown in
Fipg. 6HL

The synthesis filterbank 823 transforms the frequency-domain representation
into a time domain representation of the reconstructed signal. This filterbani
can be impiemented in essentially any manner but it should be inverse to the

flterbank 705 used in the transmitier 136, In the preferred implementation
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discussed above, recetver 142 uses O-TDAC synthesis that applies an inverss
‘modified BCT.

D. Alternative Implementations of the Invention
The width and location of the baseband signal can be established in essentally
any manner and can be varied dynzmically according to input signal
chametenisics, for example. In one siternative implementation, the fransmitter
136 generaies & bassband signal by discarding multipis bands of speciral
components, thereby creating gaps in the spectrum of the baseband signal.
During spectral component regeneration, portions of the baseband signal are

franslated to regenemie the missing spectral components.

The direction of translation can also be varied, In another implementation, the
transmitter 136 discards speciral components at iow frequencies to produce 2
baseband sipnal located at relatively higher frequenciss. The recerver 142
iransiaies portions of the high-frequency bassband signal down to iower-

frequency locations to regenerate the missing spectral components.

E. Temporal Envelope Control
"The regenerafion techniques discussed above are able to generate a
reconstructed signaf that subsiantially preserves the spectral envelope of the
nput audio signal; however, the temporz! envelope of the input signal
generally is not preserved. Fig_ 8A shows the temporal shape of an audic signal
860, Fig. 8B shows the temporal shape of a reconstructed output signal 870
prdducéd by deriving a baseband signal from the signal 860 . Tig, 8A and
regenerating discarded speciral components through s proeess of spectral
component translation. The terporal shape of the reconstructed signal 870
differs significantly from the temporal shape of the original signal 860.

Changes in the temporal shaps can have 2 significant effect on the pereetved
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quality of a regenerated audio signal. Two methods for preserving the temporal

envelope are discussed below,

1. Time-Domain Technique
In the first method, the transmitier 136 determines the temporal envelope of the
input audio signal in the time domain and the receiver 142 restores the same or

substantially the same temporal envelope to the reconstrucisd signal in the time
domain.

a} Transmitier
Fig. 9 shows a block diagram of one implementation of the transmitter 136 2
communication systers that provides temporal envelops control using & time-
domain technigue. The analysis filterbank 205 recajves an input signal from
path 115 and divides the signal into multiple frequency subband signals. The
figure illustrates only two subbands for iliustrative clarity, however, the
analysis filterbank 205 may divide the input signal into any integer number of

subbands that ts greater than one.

The analysis filterbank 205 may be implemanted in essentially any manner
such as one or more Quadrature Mirror Filters (QMF) connecied tn cascade oz,
preferably, by a pseudo-QME technique that can divide an input signal into any
integer number of subbands in one filter stage. Additional information about
the pseudo-QMFE technique may be obtained from Vaidyanathan, "Multirate

Systems and Filter Banks,” Prentice Hall, New Jersey, 1993, pp. 354-373,

One or more of the subband signals are used to form the baseband signal. The
remaining subband signals contain the spectral components of the input signal
that are discarded. In many applications, the baseband signa! 15 formed fom

one subband signal representing the lowest-Frequency spectral components of

the input signa!, but this is not necessary m principle. In one preferred
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implementation of a system for transmitting or recording an Input digital signal
sampled at a rate of 44.1 kilosamples/second, the anatysis filterbank 205
divides the input signal into four subbands having ranges of frequencies as
shown above in Table 1. The lowest-frequency subband is used o form the

baseband signal.

Referring to the implementation shown in Fig. 9, the analysis filterbank 205
passes the lower-frequency subband signal 25 the baseband signal to the
temporal envelope estimator 213 and the modulator 214. The temporal
envelope estimator 213 pmvides.an estimated ternporal envelope of the
baseband signal to the modulator 214 and to the signal formaiter 225,
Preferably, baseband signa!l spectral components that are below about 500 Hz
are either excluded from the process that estimates the temporal envelope or are
attenuated so that they do not have any significant effect on the shape of the
estimated temporal envelope. This may be accomplished by applying an
appropriate high-pass ﬂllter_to the signal that is analyzed by the temporal
envelope estimator 213, The modulator 214 divides the amphiude of the
baseband signal by the estimated temporal envelope and passes to the analysis
filierbank 215 g representation of the baseband signal that is flatizned
temporally. The analysts filiarbank 215 generates a frequency-domam
representation of the flattened baseband signal, which is passed to the encoder
220 for encoding, The analysis fitterbank 215, as welt a5 the analysts filterbanic
12 discussad below, may be implemeniad by sssentially any time-domain-to-
frequency-domain fransform; however, a transform like the O-TDAC transionm
that implemenis & critically-sampled fitterbank 15 generally preferred. The
encoder 220 is optional, however, its use is preferred becanse encoding can
generally be used to reduce the information requirements of the flattened
baseband signal. The flattened baseband signal, whether in encoded form ot

not, 15 passed io the signal formatter 2235,
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The analysis Hlterbank 205 passes the higher-frequency subband signal o the
temporal envelope estimator 210 and the modulator 211. The temporal
envelope esiimator 210 provides an estimated temporal envelope of the higher-
frequency subband signal to fhe modulator 211 and to the output signal
farmatter 225. The modutaior 211 divides the amplitude of the higher-
frequency subband signel by the estimated temporal envelope and passes to the
analysis filterbank 212 & representation of the higher-frequency subband signa!
that is flattened temporally. The enalyais filtsrbank 212 generates a Fequency-
domain representation of the flattened higher-frequency. subband signal. The
spectral envelope estimator 720 and the speotral analyzer 722 provide an
estimated speciral envalope and one or more notse-blending parameters,
respectively, for the mgher-frequency subband signal in esseniialiy the same
manner a5 that described above, and pass this information %o the signal
formatter 225,

The signal formatter 225 provides an output signal along communication
channel 140 by assembling a representaiion of the flattened bassband signal,
the estimafed temporal envelopes of the baseband signal and the higher-
frequency subband signal, the estimated spestral envelope, and the one or mors
noise-blending parameters mto the output sigmal. The individual signals and
information are assembled into 2 signal having a form that Is suitable for
transmmisston or storage using esseniially any desired formatting technique as

described above for the signal formatter 723,

b} Temporal Envelope Estimaror
The temporal envelope estimators 210 and 213 may be bnplemented in wide
vattety of ways. In one implementation, each of these estimators processss a
subband signal that is divided into blocks of subband signal samples. These
blocks.of subband signal samples are also processed by either the analysis

filierbank 212 or 215, In many praciical implementations, the biocks are
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arranged to contmin a number of samples that is a powsr of two and is greater
than 256 samples. Such g block size is generally preferred to improve the
efficiency and the frequency resolution of the transforms used to implement the
analysis filterbanks 212 and 215, The length of the blocks may also be adapted
in response to mput signal characteristics such as the occurrence or absence of
large transients, Each block is further divided into groups of 256 samples for
temporal envelope estimation. The size of the groups is chosen {o balance a
radeofl between the accuracy of the estimaie and the amount of information

required to convey the estimate in the output signal.

Int one implementation, the temporal envelope estimator calculates the power of
the samples in each group of subband signal samples. The szt of power values
for the block of subband signal samples is the estimated temporal envelope for
that block. In another unplementation, the temporal envelops estimator
calculates the mean value of the subband signal sample magnitudes in each

group. The set of means for the bicek is the astimated temporal envelope for
that block.

The set of values in the estimated envelope may be encoded w a variety of
ways. In one example, the envelope for each blodk is represented by an initial
vaiue for the first group of samples in the block and a set of differential values
that express the relaiive values fur subsequent groups. In another example,
either differential or absolute codes are used i an adapiive manner to reduce

the amount of information required to convey the values.

¢} Receiver
Fig. 10 shows a block diagram of one implementation of the receiver 142 ina
communication system that provides temporal envelope control using » time-
domain technique. The deformatter 265 recerves a signal from communication

channel 140 and obtains from this signal & representation of 2 flattened
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baseband signal, estimated temporal envelopes of the baseband signat and a
higher-freguency subband signal, an estimated speciral envelope and one or
miore noise-blending parameters, The decoder 267 is optional but should be
used to reverse the effects of any encoding performed in the transmitier 136 to

obtain a frequency-domain representation of the flattenad bassband signal.

The synthesis filizrbank 280 recerves the freguency-domain representation of
the flattened baseband signal and generates 2 tirme-domain representation using
a technique ihvat is ivverse to that used by the analysis filterbank 215 inthe
transmitier 136. The modulator 281 receives the estimated temporal envelope
of the baseband signal from the deformatter 263, and uses this estimated
envelope ic modulaie the flattened baseband signai received from the synthesis
filterbank 280. This modulation provides a temporal shape that is substaniiafly
the same as the temporal shape of the origina! baseband signal before 1t was

flattened by the modulator 214 in the transmitter 134,

The signal processor 808 receives the frequency-domain representation of the
flatiened baseband signal, the esimated specital envelope and the one or more
noise-blending parameters from the deformatier 265, and regénerates spectral
compaonents in the sarne manner as that discussed above for the signal
processor 808 shown in Fig. 4. The regenerated spectral components are passed
to the synthesis filterbank 283, which generaies a time-domain representation
using a2 technique that is inverse 1o that used by the analysis filterbanks 212 and
215 in the transmiiter 136. The modulatar 284 receives the estimated temporal
envelope of the higher-frequency subband signal from the deformateer 265, and
uses this estimated envelope to modulate the regenerated spectral components
signal received from the synthesis filterbank Z€3. This modulation provides &
temporal shaps that 1s substantially the same as the temporal shape of the
original higher-frequency subband signal before it was fiattened by the

modulator 211 in the transmiter 136.
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The modutated subband signal and the modulated higher-frequency subband
signa! are combined to form a reconstructed signal, which is passed to the
synthesis filterbanlc 287, The synthesis filterbank 287 uses 2 technique inverse
to that used by the analysis filterbank 205 in the transmitter 136 to provide
along path 145 an output signal that is perceptually indistinguishable or neatly
indistinguishable from the original input signal received from path 115 by the
transmitter 136,

2. Frequency-Domamn Technique
In the second method, the fransmitter 136 determines the temporal envelope of
the mnput sudio signal in the frequency domain and the receiver 142 resiores the
same or substantially the same témporal envelape to the reconstructed signal n

the frequency domam.

a) Transmitter
Fig. 11 shows 2 block diagram of one implementation of the transmifter 136
a communication system that provides temporal envelope control using 2
frequency-domain technique. The implementation of this transmitter is very
similar to the mplementation of the transmitter shown in Fig. 2. The principal
difference is the temporal envelope estimator 707. The other components are
not discussed here in detail becauss their operation is essenttally the same 25

that described above in connection with Fig, 2.

Referring to Fig. 11, the temporai envaiope estimator 707 receives from the
enalysis filierbank 705 a fraquan;.:y-domain representation of the mput signal,
which it analyzes to derive an estimate of the temporal envelope of the input
signal, Preferably, spectral compenents that are below about 500 Hz are etther
excluded from the frequency-domein representation or are attenuated so that

they do not have any significant effzct on the process that estimates the
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temporal envelope. The fempora! envelope estimator 707 obtains a frequency-
domain representation of a temporathy-flattened version of the input signal by
deconvolving a frequency-domain representation: of the estimated femporal
envelope and the frequency-domain representation of the input signgl. This
deconvolution may be done by convolving the frequency-domain
representation of the input signal with an inverse of the frequency-domain
representation of the estimated temporal envelope, The frequency-domain
representation of a temporally-flattened version of the input signal is passed to
the filter 715, the bassband signal anatyzer 710, and the spestral envelope
estimator 720. A description of the frequency-domain representation of the
estimated temporal envelope is passed to the signal formatter 725 for assembly

into the output signal that is passed along the communicaiion channe! 146,

b) Temporal Fnvelope Estimator

The temporal envelope estimator 767 may be implemented in a number of
ways. The technical basis for one implementation of the temporal envelope
exiimator may be explained in tefms of the inear system shown in equation 2

POy =ild) - x(1) @)
where W)= asignal to be transmitted;

h{fy =the 1zmporal envelope of the signal o be transmitted;

ihe dot symbol (-} denotes multiplication; and

x{f) = a temporaliy-fiat version of the signal ().

Equation 2 may be rewritten as:

Uiy = H{i * Xk (3>
where ¥Tk] = 2 frequency-domain representation of the input signal y(7);

Hik]= a frequency-domain representation of {7}

the star symbol (¥} denotes convoluiion; and

X[k} = & frequency-domain representation of x(f).
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Referring to Fig, 11, the signal 1(9) is the audio signal that the transmitter 136
receives from path 115, The analysis filterbank 703 provides the frequency-
domain representation ITk] of the signal y(r), The temporal envelope estimator
707 obtains an estimate of the frequency-domeain representation Kk} of the
signal's temporal envelope i{f) by solving a set of equations dertved from an
autoregressive moving average (ARMAY) maodel of ¥k] and XTx]. Additional
information about the use of ARMA modeis may be obtained from Proakis and
Manolakis, "Digital Signal Processing: Principles, Algorithms and
Applications,* MacMilian Publishing Co., New York, 1988, See especially pp.
818-821,

In a preferred implementation of the transmitter 136, the filierbank 705 applies
a transform to blocks of samples representing the signal W) to provide the
frequency-domain representation F{£] arranged in biocks of fransform
cocfiicients. Bach block of transform coefficients expresses a shori-time
spectrum of the signal of the signal ¥{F). The frequency-domain representation
XIE) is also arranged in blocks. Each block of coefficients in the frequency-
domain representation ATA represents a black of samples for the tempaoralby-
flat signal x(7) that i assumed o be wide sense stationary (WSS}, It 1s also
assumed the coefficients in sach block of the XJk] representation are
independently distributed (ID). Given these assumptions, the signals can be

expressed by an ARMA model as foliows:

¥l Y el - }f’j, Xk —g] (4)

Equetion 4 can be solved for ayand b, by solving for the autocorrelation of

Yiky:

efrlic}- vix m]}m—‘i"a E{rE -1} ¥iE - m},h‘j;bqg{m gl-¥le—m} (5)
ir'l g=l

where E{} denotes the expected value funciion;
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L = length of the autoregressive portion of the ARMA model; and
(} = the length of the moving average portion of the ARMA model,

Equation 5 can be rewritten as:
) L g
. 4 " -
Rerlml= =3 a Ry bm =114 3" bRy I =g @
Jest g=0
where Ryyfr] denotes the antocomelation of Yirl: and
Rk} denotes the crosscorrelation of Y[£] and X]&L

f we further essume the linear systern represented by HiA] is ondy
suforegressive, then the second term on the right side of equation 6 1s equal o

the variance ¢y of Mkl Equation 6 can then be rewritien as:

L
=Y Ry [m 1] for pi > 0
If-l
Ryplml= =Y aBpfm—1]+c} form=0 {7y
P
Ry [} form<0

Equation 7 can be solved by inverting the following set of inear equations:

PRI’T [G] RYI’ E.... 1} RY}’ [‘?‘} b RJ’T E_""‘ .L] T 1 " _{_',_':";, i
BpBll Rplol Ryl - BRyl-Lellfa 0
= (8}
Rpf2] Ryl Rplol - Rpl-L+2lja 6
(R ll] Bpll-1} Rpli~-2] - Ryfo] Jar! | o]

—he - e

Given this background, it is now possible to describe one implementation of a
temporal envelope estimator that uses fraquency-domain techniques. In this
implementation, fhe temporal envelope estimator 707 recerves a frequency-
domain representation Y1k} of an input signal () and caiculates the

aunfocorretation sequence Ryfm) for <L <m < L. These values are used to
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eonstruct the matnix shown in equation 8. The matrix is then inverted 1o solve
for the coefficients ;. Because the matrix in equation 8 is Toeplitz, it can be
inveried by the Levinson-Durbin algorithm. For information, see Proakis and

Manolakis, pp. 458-462.

‘The set of equations obtained by inverting the matrix cannot be sotved directly
because the variance 67y of XYK] is not known; however, the set of equationg
can be solved for some arbitrary variance such as the value one. Onee solved
for this arbitrary value, the sét of equations yields a set of unnormalized
coefficients {a‘g, ey é},}. These coefficients are unnormalized because the
equations were solved for an arbitrary variance, The coefficients ¢an be
normalized by dividing each by the valve of the first unnonmaiized coefficient
tty, which can be expressed as;

a, =2t forO<igl. (5}

ey

The variance can be obtained from the foliowing equation.

62 = (10)
{p

The set of normalized coefficients {1, ay, ..., ay} represents the zeroes of
flattening filter FF that can be convolved with a frequency-domain
representation Tk} of an input signal 37} to obtain e frequency-domain
representation ATk] of a temporally-fiattened version x(7) of the input signal,
The set of normalized cosfficients also represents the pales of a reconstruction
filter FR that can be convolved with the frequency-domain représentation XX}
of a temporaliy-flat signal x(7) to obtzin a frequency-domain representation of
that flat signal having a modified temporal shape substantiaily equal to the
temporal envelope of the input signal 3(f).
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The temporal envelope estimatar 707 conrvalves the flattening filter FF with
the frequency-domain representation YTk received from the Slterbank 705 and
passes the temporally-fiatiened result to the filter 7135, the beseband signal
analyzer 710, and the spectral envelope estimator 720. A deseription of the
coefficients in flattening filter FF'is passed to the signal formatter 725 for

assembly inio the output signal passed along path 140.

¢} Receiver
Fig. 12 shows a block diagram of one impiementation of the receiver 142 ma
communication systemn that provides temporal envelope control vsing a
frequency-domam technique. The implementation of this receiver is very
similar to the implementation of the receiver shown in Fig. 4. The principal
difference js the temporal envelope regensrator 807, The other components are
not discussed here n detail because their operation is sssentialiy the same as

that described above in comnsction with Fig. 4.

Referring to Fig. 12, the temporal envelope regenerator 807 receives from the
deformatter 805 a description of an estimated femporal envelope, which is
eonvoived with a Frequency-domain representation of a reconstnucted signal.
The result obtained from the convolution is passed to the synthests filterbank
825, which provides along path 145 an ouiput signal that is perceptuaily
indistinguishable or nearly indistinguishable from the origingl input signal

recetved from path 115 by the transmitter 136.

The temporal envelope regensrator 807 may be implemenied m a number of
ways. In an implementation compatible with the implementation 6f the
envelope estimator discussed above, the deformatier 805 provides a set of
coefficients that represent the poles of 2 reconstruction filter FE, which is
convolved with the frequency-domain repregentation of the reconstructed

pigial.
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Alternative implementations are possible. In one altemative for the transmitter
136, the speciral components of the frequency-domain representation recefved
from the filterbank 705 are grouped into frequercy subbands: The set of
subbands shown in Table I is one suitable example. A flattening flter FFis
derived for each subband and convolved with the frequency-domain
representation of each subband to temporally flatien it. The signal formatter

25 assembles into the output signal an dentification of the estimated temporat
envelops for each subband, The receiver 142 receives the envelope
ic'ientiﬁcatiun for each subband, obtains an appropriate regeneration filter 7R
for each subband, and convolves it with a frequency-domzin representation of

the corresponding subband in the reconstructed signal.

In another aliernative, mulfipie sets of coefficients {C;}; arz stored in a table,
Coefficients {1, 4y, ..., a.} for flattening fiter FF arz celoulated for an input
signal, and ths calculated coefficients are compared with each of the multiple
sefs of coefficients stored in the table. The set {C}}; in the table that 15 deemed
i0 be closestio the calculated coefficients is selected and used to flatien the
input signal. An identification of the set {C;}; that is selected from the table is
passed to the signal formatter 725 to he assembled into the output signal. The
receiver 142 receives the identification of the set {C}};, consulis 2 table of
stored cosfficient sets to obtain the appropriate set of coefiicients {C,},, derives
a repeneration filker FR that corresponds to the cosfficients, and convoives the
filier with 2 frequency-domain representation of the reconstructed signal. This

alternativemay also be applied to subbands.as discussed above,

One way in which a set of coefficients in the table may be sslected is fo define
a target point in an L-dimenstonal space having Euciidean coordinates equal to

the caleulated coefficients (o, ..., ar) for the input signal or subband of the
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input signal. Bach of the sets stored in the table also defines a respective point
in the L-dimensional space. The set stored in the eble whose associated point
has the shortest Buclidean distance to the target peintis deemed to be closest fo
the calculated cosfficients. If the table stores 256 sats of cosfficients, for

sxampie, an eight-bit number could be passed to the signal formatter 725 to
identify the selected set of coeficients.

. Implementations
The present invention may be implemented in a wide variety of ways. Analog
and digital technologies may be used as desived, Various sspecte may be
implementad by discrete electrical components, integrated cirauits,
programmable iogic arrays, ASICs and other types of electronic components,
and by devices that executs programs of insirections, for example. Programs of
instructions may be conveyad by essentially any device-readable media such as
magnetic and optical siorage media, read-only memory and programmabls

STy,



38

Claims:

1. A method for generating an electrical reconstructed signal that comprises: receiving from an
electrical communication path an encoded electrical signal comprising baseband spectral
components of an audio signal, a noise blending parameter and an estimated spectral envelope,
wherein the number of baseband spectral components contained in the encoded signal may vary
dynamically; decoding the encoded electrical signal to obtain the baseband spectral components,
the noise blending parameter, and the estimated spectral envelope; generating a noise signal
comprising noise-signal spectral components in an interval of frequencies above the baseband
spectral components, wherein the noise-signal spectral components are weighted in amplitude by
a noise blending function that is a function of frequency and the noise blending parameter and
that gives greater weight to spectral components at higher frequencies; generating a regenerated
signal comprising regenerated-signal spectral components in the interval of frequencies above
the baseband spectral components, wherein the regenerated-signal components are copied from
at least some of the baseband spectral components and weighted in amplitude by an inverse of
the noise blending function; generating noisy regenerated spectral components from a
combination of the noise-signal spectral components and the regenerated-signal spectral
components, wherein amplitudes of the noisy regenerated spectral components are weighted
according to the estimated spectral envelope; and generating along an electrical communication
path the electrical reconstructed signal from a time-domain representation of the baseband

spectral components combined with the noisy regenerated spectral components.

2. The method of claim 1, wherein the time-domain representation of the baseband spectral

components is obtained to represent segments of the reconstructed signal that vary in length.

3. The method of claim 1 that comprises applying a time-domain aliasing cancellation synthesis

transform to obtain the time-domain representation of the baseband spectral components.

4. The method of claim 1 that comprises adapting the generating of the regenerated signal by
changing which baseband spectral components are copied or by changing the frequency amount

by which baseband spectral components are copied.
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5. The method of claim 1, wherein: the data also represents one or more additional noise
blending parameters; and the noise blending function is also a function of the one or more

additional noise blending parameters.

6. The method of claim 1, wherein the regenerated signal comprises regenerated-signal spectral
components copied from the baseband spectral components in a circular manner into one or more

additional intervals of frequencies.

7. An apparatus for generating a reconstructed signal that comprises: means for receiving an
encoded signal comprising baseband spectral components of an audio signal, a noise blending
parameter and an estimated spectral envelope, wherein the number of baseband spectral
components contained in the encoded signal may vary dynamically; means for decoding the
encoded signal to obtain the baseband spectral components, the noise blending parameter, and
the estimated spectral envelope; means for generating a noise signal comprising noise-signal
spectral components in an interval of frequencies above the baseband spectral components,
wherein the noise-signal spectral coinponents are weighted in amplitude by a noise blending
function that is a function of frequency and the noise blending parameter and that gives greater
weight to spectral components at higher frequencies; means for generating a regenerated signal
comprising regenerated-signal spectral components in the interval of frequencies above the
baseband. spectral components, wherein the regenerated-signal components are copied from at
least some of the baseband spectral components and weighted in amplitude by an inverse of the
noise blending function; means for generating noisy regenerated spectral components from a
combination of the noise-signal spectral components and the regenerated-signal spectral
components, wherein amplitudes of the noisy regenerated spectral components are weighted
according to the estimated spectral envelope; and means for generating the reconstructed signal
from a time-domain representation of the baseband spectral components combined with the noisy

regenerated spectral components.

8. The apparatus of claim 7, wherein the time-domain representation of the baseband spectral

components is obtained to represent segments of the reconstructed signal that vary in length.



40

time-domain aliasing cancellation synthesis transform fo obtain the time-domain representation

of the baseband spectral components.

9. The apparatus of claim 7 that comprises means for applying a time-domain aliasing
cancellation synthesis transform to obtain the time-domain representation of the baseband

spectral components.

10. The apparatus of claim 7 that comprises means for adapting the generating of the regenerated
signal by changing which baseband spectral components are copied or by changing the

frequency amount by which baseband spectral components are copied.

11. The apparatus of claim 7, wherein: the data also represents one or more additional noise
blending parameters; and the noise blending function is also a function of the one or more

additional noise blending parameters.

12. The apparatus of claim 7, wherein the regenerated signal comprises regenerated-signal
spectral components copied from the baseband spectral components in a circular manner into one

or more additional intervals of frequencies.

13. A non-transitory medium recording a program of instructions that is executable by a device
to perform a method for generating a reconstructed signal, wherein the method comprises:
receiving an encoded signal comprising baseband spectral components of an audio signal, a noise
blending parameter and an estimated spectral envelope, wherein the number of baseband spectral
components contained in the encoded signal may vary dynamically; decoding the encoded signal
to obtain the baseband spectral components, the noise blending parameter, and the estimated
spectral envelope; generating a noise signal comprising noise-signal spectral components in an
interval of frequencies above the baseband spectral components, wherein the noise-signal
spectral components are weighted in amplitude by a noise blending function that is a function of
frequency and the noise blending parameter and that gives greater weight to spectral components

at higher frequencies; generating a regenerated signal comprising regenerated-signal spectral
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components in the interval of frequencies above the baseband spectral components, wherein the
regenerated-signal components are copied from at least some of the baseband spectral
components and weighted in amplitude by an inverse of the noise blending function; generating
noisy regeneratéd spectral components from a combination of the noise-signal spectral
components and the regenerated-signal spectral components, whetein amplitudes of the noisy
regenerated spectral components are weighted according to the estimated spectral envelope; and
generating the reconstructed signal from a time-domain representation of the baseband spectral

components combined with the noisy regenerated spectral components.

14. The medium of claim 13, wherein the time-domain representation of the baseband spectral

components is obtained to represent segments of the reconstructed signal that vary in length.

15. The medium of claim 13, wherein the method comprises applying a time-domain aliasing
cancellation synthesis transform to obtain the time-domain representation of the baseband

spectral components.

16. The medium of claim 13, wherein the method comprises adapting the generating of the
regenerated signal by changing which baseband spectral components are copied or by changing

the frequency amount by which baseband spectral components are copied.

17. The medium of claim 13, wherein: the data also represents one or more additional noise
blending parameters; and the noise blending function is also a function of the one or more

additional noise blending parameters.

18. The medium of claim 13, wherein the regenerated signal comprises regenerated-signal
spectral components copied from the baseband spectral components in a circular manner into one

or more additional intervals of frequencies.



