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DESCRIPTION

RECOHNETRUCTION OF THE SPECTRUM OF AN AUDIOSIGNAL WITH INCOMPLETE SPECTRUM BASED
OF FREQUENCY TEANSLAETION

TECHNICAL ¥FIELD
The present invention relates generally to the transmission and recording of
audio signals. More particularly, the present invention provides for 2 reduction
of information required to fransmit or store & given audio signal while

maintaining & given level of perceived quality in the output signal.

BACKGROUND ART
Many communications systems face the problem that the demand for
information transmission and storage capacity often exceeds the available
capacity. As a result there 1s considsrable interest among those in the fields of
broadcasting and recording to reduce the amount of information reguired to
transmit of record an avdie signal intended for human percepuion without
degrading Its subjective quality. Similarly there is a need to improve the quality

of the output signal for a grven bandwidth or storage capacity.

Two principle considerations drive the design of systems intended for audio
transmussion and storags: the need to reduce mformation requirements and the
need to ensure & specified level of perceptual quality in the output signal. These
two considerations conflict in that reducing the guantity of information
transrhitied can reduce the percerved quality of the output signal. While
objective constraints such as data rate are usually imposed by the
communications system itself, subjective perceptual requirsments are usually

dictated by the application.

Traditional methods for reducing information requirements involve

transmitiing or recording only a selested portion of the input signal, with the
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remainder being discarded. Preferably, only that portion deemed to be sither
redundant or perceptually rrrelevant is discarded. If edditional reduction is
required, preferably only & portion of the signal deemed to have the least

perceptual significance i3 discarded.

Speech applications that emphasize intelligibility over fidelity, such as spesch
coding, may transmit or record only a poriion of a signal, referred {0 herein as a
"baseband signal”, which contains only the percepmaliy most relevant porbions
of the signal's frequency spectrum. A receiver can regenerate the omitied
portion of the voice signal from mformation contained within that basehand
signal. The regenerated signal generally is not perceptually identical to the
original, but for many applications an approximate reproduction is sufficient.
On the other hand, applications designed to achieve & high degree of fideliry,
such as high-quality music applications, generally require 2 higher guality
output signal. To obtain e higher quality output signal, it is generally necessary
to transmit & greater amount of information or to utilize 2 more sophisticated

method of generating the cutput sigral.

One technigue used in connection with speech signal decoding is known as
high frequency regensration ("HFR"). A baseband signal containing only ow-
frequency components of z signal is transmitied or stored. A receiver
regenerates the onutisd high-freguency components besed on the coniants of
the received baseband signal and combines the baseband signal with fae
regenerated iugh-frequency components to produce an output signal. Although
the regenerated high-frequency components are generaliv not identical to the
high-frequency components in the original signa!, this technique can produce
an output signal that i5 more satisfactory than other techniques that do not use
HFR. Numerous vaniations of this technigue have been devejoped in the area of
speech encoding and decoding. Thres sommon methods used for HFE are

spectral folding, spectral transiation, and rectification. A description of these
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techniques can be found in Makhou! and Berouti, “High-Frequency

Regeneration in Speech Coding Systems®, 1CASSP 1979 IEEE International
Conf. on Acoust., Speech and Signal Proc., April 2-4, 1975

Although simple to implement, these FIFR techniques are usually not suitable
for high quality reproduction systems such as those used for high quaiiiy
music. Spectral foiding and spectral translation can produce undesirabie
background tones. Rectification tends o produce results that are perceived 1o
be harsh. The inventors have noted that in many cases where these techniques
have produced unsatisfactory results, the techniques were used in bandlimited
speech coders where HFR was restricted {o the transiaton of components

below 5 kHz

The ventors have also noted two other problems thet can arise from the use of
HFR technigues. The first problem Is related to the tone and noise
characterisiics of signals, and the second problem is related to the temporal
shape or envelope of regenerated signals. Many natura! signals contain a noise
component that increases in magnitude as 2 function of Fequency. Known HFR
techmigues regenerate high-frequensy compaonents from 2 baseband signal but
fail to reproduce a proper mix of tone-like and noise-like components in the
regenerated signal at the higher frequencies. The regenerated signal ofien
contains a disanct high-frequency “buzz® attributable 1o the substitution of
tone-like components in the baseband for the original, mors noise-like high-
frequency components. Furthermore, known HFR techniques fail to regenerate
spectral components in such a way that the temporal envelope of the
regenerated signal preserves or is at least similar to the temporal envelope of

the onginal signal

A number of more sophisticated HFE. techniquss have been developed that

offer improved results; however, these techniques tend to 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
It is an object of the present invention 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 the present invention is particularly directed toward the
reproduction of music signals, it is also applicable to a wide range of audio

signals including voice.

According to one aspect of the present invention in a transmitter, an output
signal is generated by obtaining a frequency-domain representation of a
baseband signal having some but not all spectral components of the audio
signal; obtaining an estimated spectral envelope of a residual signal having
spectral components of the audio signal that are not in the baseband signal;
deriving a noise-blending parameter from a measure of noise content of the
residual signal; and assembling data representing the frequency-domain
representation of the baseband signal, the estimated spectral envelope and the

noise-blending parameter into the output signal.

According to another aspect of the present invention in a receiver, an audio
signal is reconstructed by receiving a signal containing data representing a
baseband signal, an estimated spectral envelope and a noise-blending parameter;
obtaining from the data a frequency-domain representation of the baseband
signal; obtaining a regenerated signal comprising regenerated spectral
components by translating spectral components of the baseband in frequency;
adjusting phase of the regenerated spectral components to maintain phase

coherency within the regenerated signal; obtaining an adjusted regenerated



signal by obtaining a noise signal in response to the noise-blending parameter,
modifying the regenerated signal by adjusting amplitudes of the regenerated
spectral components according to the estimated spectral envelope and the
noise-blending parameter, and combining the modified regenerated signal with
the noise signal; and obtaining a time-domain representation of the
reconstructed signal corresponding to a combination of the spectral
components in the adjusted regenerated signal with spectral components in the

frequency-domain representation of the baseband signal.

Another aspect of the present invention is a method for generating a
reconstructed audio signal having a baseband portion and a highband portion,
the method comprising: deformatting an encoded audio signal into a first part
and a second part; obtaining a decoded baseband audio signal by decoding the
first part, wherein the first part includes spectral components of the baseband
portion and does not include spectral components of the highband portion,
wherein the number of the spectral components of the baseband portion may
vary dynamically; extracting, from the second part, a noise parameter and an
estimated spectral envelope of the highband portion; obtaining a plurality of
subband signals by filtering the decoded baseband audio signal; generating a
high-frequency reconstructed signal by copying in a circular manner a number
of consecutive subband signals of the plurality of subband signals; obtaining an
envelope adjusted high-frequency signal by adjusting, based on the estimated
spectral envelope of the highband portion, a spectral envelope of the high-
frequency reconstructed signal, wherein a frequency resolution of the estimated
spectral envelope is adaptive; generating a noise component based on the noise
parameter, wherein the noise parameter indicates a level of noise contained in
the highband portion; obtaining a combined high-frequency signal by adding the
noise component to the envelope adjusted high-frequency signal; and obtaining
a time-domain reconstructed audio signal by combining the decoded baseband
audio signal and the combined high-frequency signal; wherein the method is
implemented by an audio decoding device comprising one or more hardware

elements.
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Another aspect of the present invention is an audio decoder generating a
reconstructed audio signal having a baseband portion and a highband portion,
the audio decoder comprising: a deformatter for extracting a first part and a
second part from an encoded audio signal; a decoder for obtaining a decoded
baseband audio signal from the first part, wherein the first part includes spectral
components of the baseband portion and does not include spectral components
of the highband portion, wherein the number of the spectral components of the
baseband portion may vary dynamically; an extractor for obtaining, from the
second part, a noise parameter and an estimated spectral envelope of the
highband portion; a filter for obtaining a plurality of subband signals from the
decoded baseband audio signal; a generator for creating a high-frequency
reconstructed signal by copying in a circular manner a number of consecutive
subband signals of the plurality of subband signals; an envelope adjuster for
obtaining an envelope adjusted high-frequency signal by adjusting, based on the
estimated spectral envelope of the highband portion, a spectral envelope of the
high-frequency reconstructed signal, wherein a frequency resolution of the
estimated spectral envelope is adaptive; a noise generator for generating a noise
component based on the noise parameter, wherein the noise parameter indicates
a level of noise contained in the highband portion; a combiner for obtaining a
combined high-frequency signal by adding the noise component to the envelope
adjusted high-frequency signal; and a synthesizer for obtaining a time-domain
reconstructed audio signal by combining the decoded baseband audio signal and
the combined high-frequency signal; wherein the audio decoder comprises one

or more hardware elements.

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
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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. 3A 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. 54-5D are hypothetical graphica! illustrations of & baseband signal and

signais generated by translation: of the baseband signal.

Figs. 64-6G are nypothetical graphical illustrations of signals obizined by
regenerating high-frequency componants using both spectral translation and
noise bianding.

Tig. 6H is an illustration of the signal in Fig, 643 after gpain adiustment.

Fig. 7 is an illustration of the baseband signal shown n Fig. 6B combined with

the regenerated signal shown in Fig. 611

Fig. 8A 15 an illustration of & signal's temporal shape.

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

signal through a process of spectral transiation.

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

envelope contro! has been performed.

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

ternporal envelope control using time-domain techniques.

Fig. 10 is  block diagram of a receiver that provides temporal envelope control

using time-dornain technigues.

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

temporal enveiope control using frequency-domain techniques.
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Fig. 12 1s 2 block diagram of a recerver that provides temporal envelope control

using freguency-domain technigues.

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 mformation such as speech or
music. A transmittzr 136 receives the audio signal from path 115 and processes
the mformation into a form that 1 suitable for transmission through the channel
140, The transmitter 136 may prepare the signal fo match the physical
characteristics of the channel 140. The channel 140 may be a transmission path

such as siectrical wires or oprical fibsre, or it may be 2 wirsless communication

path through space. The channegl 140 may also clude 2 storege device that
ecords the signal on a storage medium such as 2 magnetio fape or disk, or an

opticai dise for later use by a receiver 142, The receiver 142 may perfoom &

variety of signal processing functions such as demodulation or decoding of the

.

signal received from the channs! 140. The cutput of the recaiver 142 15 passed

3

along a path 143 to & transducer 147, which converts 1t info an output signal
152 that 15 suitable for the user. In 2 conventional audio plavback system, for
example, ioudspeakers serve as transducers 1o converi elecirieal signals into

acoustic signais.

Commumication systems, which are restricted to wansmithng over & channe!
that has z limited bandwidth or recording on a medium that has iimsed
capacity, encounter problems when the demand for information excesads this
availabie bandwidth or capacity, As a result thare is a continuing need in the
fields of broadcasting and recording to reduce the amount of information
required fo fransmit or record an audio signal intended for human perception

without degrading its subjective quality. Stmilarly thers is 2 need 10 improve
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the quality of the osutput signal for & given transmission bandwidth or storags

capacity.

A technique used i connection with speech coding is known as high-frequency
regeneration ("HFR"). Only a beseband signal containing low-frequency
components of a speech signal are transmitied or stored. The receiver 142
regenerates the omitted high-frequency components based on the contents of
the received baseband signal and combines the baseband signal with the
regenerated high-frequency components to produce an output signal. In
general, however, nown HFE techniques producs regenerated hugh-frequency
components that are easily distinguishable from the high-frequency
components in the onginal signal. The present invention provides an improved
fachniqus for speciral compenent regensration that produces regenerated
spectral components peroeptually more similar to corresponding spectral
components in the original signal than 1s provided by other known technigues.
t is important to note that although the techniquss deseribed herein ars
sometimes referred 10 as high-frequency regeneretion, e pregent inventon is
not iimited to the regeneration of high-frequency components of a signal, The
tzchniques described below may alse be utilized o regenerate spectral

components in any part of the spectrum.

B. Transmitter
Tig. 2 15 a block diagram of the transmitier 135 according o one aspect of the
present invention. An mnput audio signal is recetved from path 115 and
processed by an analysis fillerbank 705 to obtain 2 frequency-domam
representation of the input signal. A baseband signal enalyzer 710 determines
which spectral components of the input signal ars to be discarded. A filter 715
removes the spectral components to be discarded to produce a baseband signal
consisting of the remaining spectral components, A speeiral envelope estimator

720 obtains an estimate of the input signal's spectral envelope. A spectral
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analyzer 722 analyzes the estimated spectral envelops io dstermine noise-
blending parameiers for the signal. A signal formatter 725 combines the
estimated speciral enveiope information, the notse-biendin g parameters, and
the baseband signal into an output signal having a form suitable for

transmission or storage,

1. Analysis Fiiterbank
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 deseribed in Princer, Johnson and
Bradley, "Subband/Transform Coding Using Filter Bank Des gns Besed on
Time Domain Altasing Cancellation," JCASSP 1987 Conf. Proc., May 1987,
pp. 2161-64. This transform 1s the time~domain equivalent of an oddiv-stacked
crincally sampied single-sideband anaiysis-synthesis system with time-domam

aliasing canceliation and is reforred 1o hersin as "O-TDACY

According 1o the O-TDAC technique, an avdio signa! is sampied, quantized
and grouped into 2 series of overiapped tme-domain s gnal sample blocks.
Each sample block is weighted by an analysis window functon. This is
cquivalent 1o a sampie-by-sample multiptication of the signal sample biock.
The G-TDAC technique appiies 2 modified Discrete Cosine Transform
{"DCT") to the weighted time-domain signal sample blacks o produce sets of
transform coefficients, referred to herein as “ransform blocks”. To achieve
critical sempling. the technique retains only half of the spectrat cosfficients
prior to transmission or storage. Unfortunately, the retention of onty half of the
spectial cosfficients causes a complementary inverss transform 1o generate
fime-domain aliasing components. The O-TDAC technigus can cancal the
eliasing and ascurately recover fhe input signal. The tength of the blocks may
be varied tn response 1o signal characteristics using techniques that are kinown
in the art, however, care should be taken with respect to phase cohersney for

(3
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reasons that are discussed below. Additional details of the O-TDAC technique

may be obtamed by referring to U5, Patent 5,394,475,

To recover the original input signal blocks from the transform blocks, the O-
TDAC technique utilizes an wnverse modified DCT. The signal blocks
produced by the inverse transform are waighted by a svnthesis window
function, overlapped and added to recreate the input signal. To cancel the time-
domain aliasing and accurately recover the input signal, the analysis and

synthesis windows must be designed {o meat strict orieriza.

in one preferred implementation of 2 system for transmititing or recording an
input digital signal sampled at a rate of 44,1 kilosamples/second, the spectral
componenis obtained from the analysis filterbank 705 are divided into four

subbands having ranges of frequencies as shown in Table L

Band | Frequency Range
; {kHz)
G | G010 55
] L 5540 110
2 g 110 w 163
3 | 165 0 22

Tabie I

2. Baseband Signal Arnalyzer
The baseband signal analyzer 710 selects which spectral components to discard
and which spectral components to retain for the baseband signal. This selection
can vary depending on input sigmal characteristics or 1t can remam foied
according to the needs of an application; however, the mventors have
determined empirically that the perceived quality of an audic signal
deteriorates if one or more of the signal’s fundamenwal frequencies are

discarded. It 1s therefore preferable to preserve those portions of the spectrum
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that contain the signal's fundamental frequencies, Becauvse the fundamental
frequenciss of voice and most natural musical instruments are generally no
higher than about 5 ¥Hz, a preferred implementation of the transmutter 136
intended for music applications uses 2 fixed cutoff frequency at or around 5
KFiz and discards all spectral components above that frequency. In the cass of a
fixed cutofl frequency, the baseband signal analyzer need not do anything more
than provide the fixed cutoff frequency to the filter 715 and the speciral
analyzer 722. In an alternative implementation, the baseband signal analyzer
718 is elminated and the filter 715 and the spectral analyzer 722 operate
according to the fixed cutoff frequency. In the subband struciure shown ebove
in Table I, for example, the spectral components in only subband O are retained
for the baseband signal. This choice 15 also sutiable because the human ear
cannot easily distinguish differences in pitch above 5 kHz and therefore cannct

eastly discemn Inaccuracies in regenerated components above this frequency,

The chotee of cutoff frequency affects the bandwidth of the baseband signal,
which In turn mfluences & tradsofl between the miormation capacity
reguiremnents of the outpt signal generated by the fansmitter 136 and the
percetved guality of the signal reconstructed by the recetver 142, The percaived
guaiity of the signal reconswructed by the recerver 142 s infivenced by three

factors that are discussed in the following paragraphs,

The first factor 15 the acouracy of the baseband signal representation that is
transmitied or stored. Generally, if the bandwidth of 2 baseband signat 15 heid
constant, the percetved quality of a reconstructed signal will increase as the
accuracy of the baseband signal representation is increased. Inascuracies
represent notse that will be andible i the reconstrucied signal ifthe
maccuracies are large enough. The notse will degrade both the perceived
guality of the baseband signal and the speciral components that are regenerated

from the baseband signal. In an exemplary implementation, the bassband signal
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representation is a set of frequency-domain transtorm coefficients. The
accuracy of this representation 1¢ controlled by the number of bits that are used
0 exprass each transform coefficient. Coding technigues can be used o convey
a given level of accuracy with fewer bits; however, a basic tradeoff between
baszeband signal aceuracy and information capacity reguirements exisis for any

given coding technique,

The second factor 15 the bandwidth of the baseband signal that 15 transmitted or
stored. Generally, if the accuracy of the baseband signal representation s held
constant, the percetved quality of & reconstructad signal will increase as the
handwidth of the beseband signal is Increased, The use of wider bandwidth
baseband signals allows the receiver 142 1o confine regensrated spectral
components to higher frequencies where the human auditory system is less
sensitive to differences in tsmporal and spestral shape. In the sxamplary
implementation mentioned above, the bandwidih of the baseband signal is
conirolled by the number of ransform cosfficients in the repragentation.
Coding tachniguss can be vsed to convey 2 given number of soefficients with
Tewer bits, however, 2 basie tradeoff batween basebend signzl bandwidih and

information capacity requirsments sxists for any given coding technigue.

The third factor 15 the infommation capacity that s required to fransmit or store
the baseband signal representation. If the information capacity requirement is
held constant, the baseband signa! acouracy will vary twversely with the
bandwidth of the beseband signal. The needs of an application will generaliy
dictate = particular information capacify requiremnent for the output signaf that
is generated by the transmitter 136, This capacity must be aliosated to various
portions of the ouiput signal such as 2 baseband signal representation and an
estimated spectral envelope. The allocation must balance the nesds of a number
of conflicting interests that are well imown for communication systems. Within

this allocation, the bandwidth of the baseband signal should be chosen to
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balance 2 tradeoff with coding accuracy 1o ontimize the perceived ouality of the
4 j & 3

reconstrusted signal,

3. Spectral Envelope Bstimator
The spectral envelope estimator 720 analyzes the audio signal fo extract
information regarding the signal's spectral envelope. If available information
capecity permits, an implementation of the wransmitier 136 preferably obtains
an sstimate of 2 signal's spectral envalope by dividing the signal's spestrum
into frequency bands with bandwidihs approximating the human ear's oritical
vands, and extracting information regarding the signal macnitude in each band.
in most applications having limited information capacity, however, it s
preferable 1o divide the spectrum ivo a smelier number of subbands such &8 the
arrangement shown above in Table L Other variations may be used such as
calculating 2 power spectral density, or exiracting the averags or maximum
amplitude in each band. More sophisucated 1echnigues can provide higher
quality in the output signal but generally require greater computational
resources. The choice of method used to obtain an ssumated spectral envelope
generally has pracucal unplications because it generally affects the perceived
quality of the communication system; however, the choice of method is not

critical in principle. Essentialty any fechnigue may be used as desired.

In one implementation using the subband structure shown i Table I, the
spectral envelope estimator 720 obtains an esumate of the spectral envelope
only for subbands 0, 1 and 2. Subband 3 1s excluded 1o reduse the amount of

information required to represent the estimated specwal envelops.

4. Spectral Analvzer
The spectral enaivzer 722 analyzes the estimated spectral envelope received
from the speciral snvelope esumator 720 and information from the basehand

stgnal anaiyzer 710, which identifies the spectral compenents to be discarded
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from a baseband signal, and caloulaies one or more noise-blending parameters
to be used by the receiver 142 to generate a noise component for translated
spectral components. 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 can be calculated by any one of a number of different methods. A
preferred method derives & single noise-blending parameter equal to a spectral
flatness measure that 15 caleulated from the ratio of the geometric mean to the
anthmetic mean of the short-time power spectrum. The ratto gives 2 rough
indication of the fiatness of the spectrum. A higher specirel flatness measure,
which indicates a flatter spectrurm, also indicates a higher noise-blending level
15 appropriate.

in an alternative implementation of the transmitter 136, the spectral
components are grouped mto maltiple subbands such as those shown in Table
I, and the transmifrer 136 transmits & notse-blending parameter for each
subband This more accurately defines the amount of noise to be mixed with
the transiated frequency content but 1t also requires & higher data rats to

transmit the additional noise-blending parameters.

5. Baseband Signal Filter
The fitter 715 recerves mformation from the baseband signal anatyzer 710,
which identifies the speoiral components that are sslected to be discarded from
= baseband signal, and eliminates the selected frequency components to obtain
& frequency-domain represeniation of the baseband signal for transmission or
storage. Figs. 3A and 3B are hypotheiical graphical iliustrations of an audio
signal and 2 corresponding bassband signal. Fig, 3A shows the spectral
envelope of 2 frequency-domam representation 600 of 2 hypothatical audic

signal. Fig. 3B shows the spectral envelope of the baseband signal 610 that
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remains after the avdic signal is processed to eliminate selected high-frequeney

SOMPONENts,

The filter 715 may be implemenied in essentiallv any manner that effectively
removes the frequency components that are selectad for discarding. In one
unplementation, the filter 715 apphies a fFequency-domain window function to
the frequency-domain representation of the input audio signal. The shaps of the
window function 15 selected 1o provide an appropriate frade off between
frequency selectivity and attenuation against ime-domain effects in the cutput

audio signaf that s uittmately generated by the recetver 142,

6. Signal Formatter
The signal formatter 725 generates an output signal along comrmunication
channel 140 by combining the estimaied speciral envelope information, the one
or mors noise-blending parameters, and 2 representation of the besshand sional
mio an output signal having a form suitable for transmission or storage. The
individual signals may be combined in essentiaBly ary manner. In many
applications, the formatier 725 multiplexes the individuzs! signals into 2 serial
bit stream with appropriate synchronization pattems, srror detection and
correciion codes, and other information that 15 pertment either o fransmission
or storage operations of to the application in which the audic mformation is
used. The signal formatier 725 may also encode all or pornons of the output
signal o recuce mformation capacity requirements, t provide security, or io

put the output signal into a form that facilitates subsegquent vsage.

C. Recsiver
Fig. 4 is a block diagram of the receiver 142 according to one aspect of the
present invention. A deformatter 805 receives a signal from the communication
channe! 140 and obtains from this signal & baseband signal, estimated spestral

envelope information and one or more noise-blending parameters. These
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elements of nformation are transmitted to a signal processor 808 that
comprises 2 spectral regenerator 810, a phase adjuster 815, 2 blending filter 818
and 2 gain adjuster 820. The spectral component regenerator 810 determines
wiich spectral components are missing from the baseband signal and
regenerates them by transiating all or at least some spectral compenents of the
baseband signal to the locations of the missing spectral components. The
transiated components are passed fo the phase adjuster 815, which adjusts the
phase of one or more spectral components within the combined signal 1o 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
parameters received with the baseband signal. The gain adjuster 820 adjusts the
amplitude of spectral components in the regensrated signal according to the
estimated spectral envelope information received with the baseband signal. The
translated and adjusted spestral components are combined with the baseband
signal to produce a frequancy-domain representation of the cutput signel. A
synthesis fiterbank 825 processes the signal to obtain a ime-domain

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

1. Deformatter
The deformatter 805 processas the signal recerved from communicaion
channel 140 in a mannes that 15 complementary to the formatting process
provided by the signal formatter 725. In many apphications, the deformatier 803
receives a serial bit stream from the channel 140, uses synchronization pattems
within the bit stream to synchronize its processing, uses efror correction and
detection codes to identify and rectify errors that were introduced into the bit
stream during transmission or storage, and operates as a demultipiexer o
extract a representation of the baseband signal, the estimated spectral envelops
information, one or more noise-blending parameters, and any other information
fnat may be pertinent to the application. The deformatter 805 may alse deoode

all or portions of the serial bit stream to reverse the effects of any coding
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provided by the ransmitter 136. A freguency-domain representation of the
baseband signal is passed to the spectral component regenerator 810, the noise~
blending parametzrs are passed {o the blending flter 818, and the spectral

envelope information 1s passed to the gamn adjuster 820

2. Specwal Component Regenerator
The spectral camporient regenerator B10 regenerates mussing spectral
somponeants by copving or fransiating all or at least some of the spectral
components of the baseband signat fo the locations of the mMiSsIRE COMPORENIS
of the signal. Spectral components may be copied into mors than one mterval
i ieg, thereby altowi t signal to be generated with
of frequenciss, thersby allowing an output signal to be generated with a

bandwidth greater than twice the bandwidth of the baseband signal.

In an implementation of the recerver 147 that uses only subbands G and |

shown above mn Table I, the baseband signal contains no spectral components
above z cutofl freguency at or gbout £.5 k¥Hz. Spectral components of the
baseband signal are copied or wansiated 1o a range of frequencies from abow
S5 kHzto about 11.0 kHz, I a 16.5 kB2 bandwidth is desired, for exampie, the
spectral components of the baseband signal can also be transiated o ranges of
frequencias from about 11.0 kHz 1o about 16.5 kHz. Generalty, the specwal
companents are transiated mito non-overiapping frequency ranges such that no
gap exists m the specmun inciuding the baseband signal and all copied specizal
components, however, thie feature 15 not essenual, Spectral components may be
transiaied into overlapping frequency ranges and/or into Fequency rangss with

gaps in the spectrum in essentially any manner as desired.

e choice of which spectral components should be copied can be vaned 1o
suit the parficular appiication. For example, spectral components that are
copied need not start af the lowsr edgs of the beassband and need not end &t the

upper edge of the baseband. The percetved quality of the signal reconsiructed
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by the recetver 142 can sometimes be nmproved by excluding fundamental
frequencies of voice and instruments and copying only harmonics. This aspect
is incorporated into one implementation by excluding from transiation those
baseband speciral components that ars below about | k¥Hz. Referring fo the
subband structure shown above in Table I as an example, only spectral

components from about 1 kEz to about 5.5 kHz are translated.

If the bandwidth of all spectral components to be regeneratad 15 wider than the
bandwadth of the baseband spectral components 1o be copied, the baseband
spectral componenis may be copied in & circular manner starting with the
towest frequency component up to the highest frequency component and, if
necessary, wrapping around and conttnumng with the lowest frequency
component. For example, referning to the subband structure shown in Table L if
only baseband spectral components from about 1 KFz to0 5.5 iz are to be
copied and spactral components are to be regenerated for subbands 1 and 2 that
span frequencies from about 5.5 kHz to 16 5 kHz, then baseband spectral
components from about | iz o 5.5 Iz are copied to respective frequencies
from about 5.5 KHz 10 10 kHz, the same bessband speciral compensnts from
about ! KMz to 5.5 kHz are copied again to respectve Freguencies from about
10 kHz to 14.5 Kz, and the baseband spectral component from about [ kHz to
3 kHz arz copisd 1o respective frequencies from about 14.5 kHz to 16.5 kHz.
Alternatively, this copying process can be performed for each individual
subband of regenerated components by copying the lowest-frequency
component of the baseband io the fower edae of the respective subband and
continuing through the bassband spectral components in & circuiar manner as

necessary to complete the translation {or that subband.

Figs. S5A through 5D are hypothetical graphical illustreiions of the spectral
envelape of a baseband signal and the spectral envelope of signals generated by

transiation of spectral components within the baseband signal. Fig, 5A shows a
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hypothetical decoded baseband signal 800, Fig. 5B shows spectral components
of the baseband signal 903 translated to higher fequencies. Fig. 5C shows the
basehand signal components 910 translated muoltiple times o higher
frequencies. Fig. 5D shows 2 signal resulting from the combination of the

translated components 515 and ths baseband signal 920,

3. Phase Adjuster
The translation of spectral components mav create disconfimuiies in the phass
of the regenerated components. The O-TDAC transform implamentation
deseribed above, for example, as well as many other possible implementations,
provides frequency-domain representations that are arranged in blocks of
transform coefficients, The translated speciral components are also arranged 1
bincks. If spectral components regensrzied by translation have phase
discontinuities between successtve biocks, audible artifacts m the output andio

signal are likely to ocour.

The phase adjuster 815 adjusts the phass of each regeneraized spectral
sompanent fo mainain & consistent or cohersnt phase. In an implementaton of

v
ch

9

the recerver 142 which employs the O-TDAC transform described above, &

Lk

>

@

of the regenerated specual components is muliiplied by the compies valus
where Ao represents the Fequency interval each respeciive spectral component
1s translated, expressed as the number of wansform coefficiens that comespond
to that frequenoy interval. For example, if 2 spectral component is transtated w©
the frequency of the adjacent component, the translation inferval Aw is egual to
one. Alternative implemeniations may require different phase adjustment
techniques appropriate 1o the parncular implementation of the synthesiz

filterbank 823,

The translation procsss may be adapted o match the regenerated components

with harmonics of significant spectral components within the bassband signal.
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Two ways in which franstation may be adapted is by changing either the
specific spectral components that are copied, or by changing the amount of
transiation. I an adaptive process is used, special care should be taken with
regard to phase coherenoy if spectral cornponents are arranged in blocks. If the
regenerated spectrai components are copied from different base components
from blocl: to blosk or if the amount of frequency transiation is changed from
block to block, it is very likely the regenerated components will not be phase
coherent. It is possible 1o adapt the transiation of spectral componenis but care
must be taken 1o ensure the audibility of artifacts caused by phase mcoherency
is not significant. A system that employs sither multiple-pass techniguss or
look-ahead technigues could identify intervals during which transiation could
be adapted. Blocks representing intervals of an audio signe! in which the
regenerated spectral components are deemed to be inaudible are usually good
candidates for adapting the transiation process.

4, Noise Blending Filter
The blending filter 818 genemtes & noisé component for the translated spectral
components using the noise-blending parameters received from the defarmatter
803, The biending filter 818 generates a noise signal, computes & noise-
blending function using the noise-blending parameters and utilizes the nose-
blending function to combine the noise signal with the translated spectral

components.

A noise signal can be generatzd by any one of 2 variety of ways. In a preferred
implemeniation, & noise signal 1s produced by generating 2 sequence of random
numbers having & distribution with zero mean and vaniance of one. The
blending filter 818 adjusts the noise signal by multiplying the noise signal by
the noise-blending functior. If a single noise-blending parameter 1s used, the
noise-blending function penerally should adjust the noise signal to have higher

amplitude at higher frequencies. This follows from the assumptions discussed
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above that voice and natural musics! instrument gignals tend o contain more
noise at higher frequencies. In e preferred implementation when speciral
components are transtated o higher frequencies, a noise-blending function has
2 maximum ampfitude at the highest frequency and decays smoothiy to a

mirtmum value at the lowest frequency at which noise 15 blended,

One implementation uses a noise-blending function N(&) as shown in the
following expression:
£k A
Ny = max ——Me P10 for Ky Sk Sk {1
N By = Kagie f
where mas(x,y) = the larger of x and ¥;
B = a noise-blending parameter based on SFM;
k= the index of regensrated spectral components;
kyey = highest frequency for spectral component regeneration; and

Erg = lowest frequency for spectral component regensration,

In this implementation, the value of B varies from zero to one, where ong
indicates a flat speetrum that 1s wpical of & noiss-like signal and zero indicates
a spectral shape that 1s not flat and 1s typical of 2 tone-like signal. The value of
the guotient in equation 1 varies fom zers 1o ons as £ insreases from kw10
kpaar. 168 15 equal to zerg, the first term in the "max” function varies from
negative one o zerg) therefore, Nk will be equal o zero throughout the
regenerated spectrum and no nowss 1s addéed 1o regenerated speciral
components, If B is equal to one, the first 1erm in the "max" function vanes
from zero 10 ong; therefore, N{E) increases linearly from zero at fhe lowest
regenerated frequency Lgy up 10 & value egual 1o one al fhe maximum
regenerated frequeney k. I E has 2 value betwesn zere and one, N(E) is
equal 10 zero from Ky up to soms frequency betwesn Ly and gy, and
increases hinearly for the remainder of the regenerated spectrum. The amplitude

of the regenerated speciral components is adjusted by multiplying the
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regensrated components with the noise-blanding function. The adjusted noise

signal and the adjusted regenerated spectral components are combined,

This particuiar implementation deseribed above is merely one suitabie

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

Figs. 6A through 6 are hypothetical graphical illustrations of the spectral
anvelopes of signals obtained by regeneraiing high-frequency components
using both spectral translation and noise blending. Fig. 6A shows 2
hypothetical input signal 410 1o be transmitied. Fig. 6B shows the baseband
signal 420 produced by discarding high-frequency companents. Fig, 6C shows
the regensrated high-frequency components 431, 432 and 433, Fig. 6D depicis
a possibie notse-blending function 440 that gives greater weight to notse
components at higher frequencies. Fig, 62 s 2 schematic iliustration of & noise
signal 445 that has been multipiied by the noise-blending function 440, Fig, 6F
shows a signal 450 generated by muluplying the regenerated high-frequency
components 431, 432 and 433 by the inverse of the nolse-blending function
440, Fig, 6 is 2 schematic illustration of 2 combined signal 460 resuliting from
adding the adjusted noise signal 4435 t the adjusted high-frequency
components 450, Fig. 63 is drawn to iHlustrate schematically that the high-
frequency portion 430 containg a mixtuse of the transiated high-frequency

components 431, 432 and 433 and notse,

5. Gain Adjusier
The gain adjuster 820 adjusts the amplifude of the regeneraied signal according
to the estimated spectral envelope information received Fom the deformatter
805. Fig. 6F 15 2 hypothetical illustration of the spectral envelope of signal 460
shown e Fig. 63 after gain adjustment. The portion 516 of the signal
containing a mixture of Tansiated spectral components and noise has been

«

given a specival envelope approximating that of the original signal 410 shown
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in Fig. 64, Reprodusing the speciral envelons on & fine seele 12 generally
unnacessary besause the regenerated spectral components do not exactly
reproduce the spectral components of the ariginal signal. A transiated harmonic
series generally will not equal an harmonic series; therefore, it is generally
trpassible to ensure that the regenerated output signal is identical to the
original input signal on a fine scale. Coarse approximations that match the
spectral energy within a few entical bands or less have been found to work
well. It should also be noted that the use of & coarse estimate of spsctral shape
" rather than & finer approxmation is generally preferred because a coarse
estimats imposes lower mfbrmation capasity requirements upon Transmission
channels and storage media. In audio applications that have more than one
channel, however, aural imaging may be improved by using finer
approximations of speciral shape so that more precise gain adjusmnents can be

made to ensure a proper balance between channels,

&. Svnthesis Filterbank
The gam-adiusted regeneratad spectral components provided by the gain
adiuster 820 are combined with the freguency-domain representation of the
baseband signal recsived from the deformatier 805 1o form 2 Sequency-domain
representation of & reconstructed stgnal. This may be done by adding the
regensrated components to corresponding components of the baseband signal.
Fig 7 shows & hypothetical reconstrucied signal obtained by combining the
baseband signal shown in Fig. 68 with the regenerated components shown m
Fig. 6FL

The synthesis filterbank 823 wansforms the freguency-domain represeniation
into 2 time domain representation of the reconstructed signal. This filkerbankc
can be implementad m essenually any manner but i shouvld be nverse to the

filterbank 705 used in the ransmitter 136, In the preferred implemeniation
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discussed above, receiver 142 uses O-TDAC synthesis that applies an inverse

modified DCT.

B. Alternative Implementations of the Invention
The width and location: of the baseband signal can be established in essentially
any manner and can be varied dynamically according to input signal
charactenstics, for example. In one altemative implementation, the fransmitier
136 generates a baseband signal by discarding muliiple bands of spectral
components, thereby creating gaps in the spectrum of the baseband signal.
During spaviral component regeneration, portions of the baseband signal are

translated io regenserate the missing spectral components,

The direction of translation can alse be varisd. In another implementation, the
fransmitfer 136 discards speciral components at iow freguencies to produce &
baseband signal located at refatively higher frequencies. The recerver 142
iransiates portions of the high-frequency bassband signal down to lover-

frequency locations o regenemte the missing spectral components.

E. Temporal Envelope Control
The repeneration technigues discussed abave are abie to generate 3
reconstructed signal that substantially preserves the speciral envelope of the
mnput audio signal; however, the temporal envelope of the input signal
generally is not preserved, Fig. 84 shows the temporal shape of an audio signal
860. Fig. 88 shows the temporal shape of a reconstructed output signal 870
produced by derving & baseband signa! from the signal 860 in Tig. 84 and
regenernting discarded spectral components through s process of spectral
component transkation. The temporal shape of the reconstructed signal 870
differs significantly from the temporal shape of the oniginal signal 860.

Changes in the temporal shape can have a significant effect on the perceived
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quality of 2 regenerated audio mignal. Two methods for preserving the temporst

envelope are discussed below.

1. Time-Domain Technique
In the first method, the transmatier 136 determinss the temporal envelope of the
input andic signal in the ime domain and the receiver 142 restores the same or
substantially the same tempora! envelope to the reconstructed signal in the time

dornain.

a} Transmitrer
Fig. 6 shows e block diagram of one implementation of the ransmitter 136 ma
sommunication system that provides temporal eavelope control using & time-
domain technigue. The analysis Glterbank 205 receivas an input signal from
path 115 and divides the signal mnto muiuple frequency subband signals. The
ficure illustrates only two subbands Tor tHustrative clanty, however, the
analysis filterbank 205 may divide the nput signal nto any mteger number of

subbands that 15 greaier than one,

The analyss filterbank 205 may be implemented i essentially any manner
such as one ar more Quadrature Mirror Fiiters (QNVE) connected in cascade or,
preferably, by a pseude-QME technigue that can divide an input signal mto any
mntegar number of subbands in one filter stage. Addittonal imformation about
the pseudo-QRF technigue may be obtained from Vaidyanathan, "Multirate

Svsiems 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 mput signal
that ars discarded. In many applications, the baseband signal is formad fom

one subband signal represenuing the lowest-frequency spectral components of

the input signal, but this is not necessary i principle. In one prafemred
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implementation. of 2 svstem for transmitting or recording an mput digital signal
sampled 2t 2 tate of 44.1 kilosamples/second, the analysis filterbank 205
divides the input signal into four subbands having rangss of frequencies as
shown above in Table L The lowest-frequency subband is used to form the

baseband signat.

Referring to the implementation shown in Fig. 9, the analysis filterbank 205
passes the lower-frequency subband signal ag the baseband signal o the
temporal envelope estimator 213 and the modulator 214, The temporal
envelope estimator 213 provides an estmated temporal envelops of the
baseband signal {o the modulator 214 and 1o the signal formatier 225,
Preferably, baseband signal spectral components that are below abeut 500 Hz
are either exctuded from the process that estimates the temporal envelope or are
atrenuated so that thev do not have any significant effect on the shape of the
estimated temporal envelope. This may be accomplished by appiving an
appropriate high-pass filter 1o the signal that is analyzed by the temporal
envelope estimator 213 The modulaior 214 divides the amplitude of the
baseband signal by the estimated temporal envelope and passes to the analysis
filterbank Z15 g representation of the baseband signal that is flattzned
temporally. The analysis filterbanic 215 generates a frequency-domain
representation of the fattened baseband signal, which is passed to the encoder
220 for encoding. The analysts filterbank 215, as well as the anelysis filterbank
212 discussed bsiow, may be implementsd by essentially any time-Gomain-to-
frequency-domain transform; however, 2 wransform like the O-TDAC transiomm
that implements a cntically-sampled filterbank is generally preferred The
encoder 220 is optional; however, ifs use is preferred because encoding can
generally be used to reduce the informarion requirements of the fiattened
vaseband signal. The flattened baseband signal, whether in encoded form or

not, 1s passed 1o the signal formatier 225



s

The analysis filterbank 203 passes the highersfrequency subband signal to the
temporal envelope estimator 218 and the modulator 211, The temporal
envelope estimator 210 provides an estimated temporal envelope of the higher-
frequency subband signal to the modulator 211 and to the cutput signal
formatter 225, The modulator 211 divides the ampittude of the highar-
frequency subband signal by the esbmated temporal envelope and passes to the
analysis filterbank 212 a representation of the higher-frequency subband signal
that is flattened temporally. The anatysis filiarbank 212 generates a fequency-
domain representation of the fattened higher-frequency subband signal. The
spectral envelope estimator 720 and the speciral anaivzer 722 prowvide an
estimated spectral envelope and ons or more notse-biending parameters,
respectively, for the mgher-frequency subband signal in essenually the same
manner as that described above, and pass this information to the signal
formatter 225

The signal formatter 223 provides an owput signal along communication
channsi 140 by assembling & representanion of the fiattened baseband signal,
the estimated temporal envelopes of the baseband signal and the higher-
frequency subband signel, the estimated spectral envelope, and the one or mors
notse-blending parameters mto the output signal. The mdrvidual signals and
mformation are assembied mto a signal having a form that 15 surtable for
transmission of storage using esseniially any desired fommating technigue as

deseribed above for the signal formatter 725,

b} Temporal Envelope Estimator
The temporal envelope estimators 210 and 213 may be implemented in wide
variety of ways In one implementagon, sach of these estimators processss &
subband signal that is divided into blozks of subband signal samples. Theas
blocks of subband signal samples are also processed by either the analysis

filterbank 212 or 213, In many practical implementations, the biocis are
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arranged to contain a number of samples that 1s a power of two and 15 greater
than 256 samples. Such 2 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 biocks may also be adapted
in response to input signal charadteristics 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 s chosen to balance 2
tradeoff between the accuracy of the estimate and the amount of information

required fo convey the estimate in the ouiput signat.

In one implementation, {he temporal envelope estimator caloulatss the power of
the samples in each group of subband signal samples. The set of power values
for the block of subband signal samples is the estimated temporal enveiope for
that block. In another implementation, the tempora! envelope estimator
caloulates the mean value of the subband signal sample magnitudes in each
group. The set of means for the block is the estimated temporal envelope for

that block.

The set of vaiuss in the estimated envelope may be encodad in a vansty of
ways. In one example, the envelope for each block is represented by an initial
vahue for the first group of samples in the biock and e set of differential values
{hat express the relative values for subsequent groups. In another exampie,
either differential or absolute codes are used in an adapiive manner to reduce

fne amourt of information reguired o convey the valaes.

¢} Recefver
Fig. 10 shows  biack diagram of one implementation of the receiver 142 ma
communication system that provides temporat envelope control using 2 time-
domain technique. The deformattes 265 receives & signal from communication

channel 140 and obtains from this signal & representation of & flattened
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bassband signal, estimated temporal envelopes of the baseband signal and &
higher-frequency subband signal, an estimated specmal envelape and ene or
more noise-blending parameters. The decoder 267 15 opuional but should be
used to reverse the effects of any encoding performed in the transmitter 136 to

obtain a frequency-domain representation of the flattened baseband signal.

The synthesis filterbank 280 receives the frequency-domain representation of
the flatiened baseband signal and gensrates & time-domain representation using
& technigue that i inverse to that used by the analysis filterbank 215 mnthe
fransmitter 136, The modulator 281 receives the estimaied temporal envelope
of the baseband signal from the deformatter 265, and uses this esumated
envelope to moduiate the flattened baseband signal received from the synthesis
filterbank 280. This modulation provides 2 temporal shape that 1s substantially
the same 25 the temporzl shape of the original bassband signal before 17 was

flattened by the modulator 214 in the transmitter 136,

The stgnal nrocessor 808 receives the Frequency-domain representation of the
flatiened baseband signa!, the estimated speciral envelope and the one or more
noise-blending parameters Tom e deformatier 265, and regenerates spaciral
components in the same manner as that discussed above for the signal
processor 808 shown i Fig. 4. The regenerated spectral components are passed
to the synthesis filterbank 283, wiich generates & tme-domain representanon
using 2 technique that is inverse 1o that used by the analysis filterbanks 212 and
215 in the wansmifter 136, The modulator 284 receives the estimated temporal
enveiops of the higher-frequency subband signal from the deformatier 265, and
uses this estimated envelope to modulate the regenerated spectral componenis
signal recetved from the synthesis filterbank 283, This moduiation provides &
temporal shape that is substanually the same 25 the temporal shape of the
priginal higher-frequency subband signal before it was fiattened by the

madulator 211 in the transmiteer 136,
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The modulated subband signa!l and the modulated higher-frequency subband
signal are combined to form a reconstructed signal, which is passed to the
synthesis filterbank 287. The synthesis filtarbank 287 uses a technique nverse
to that used by the analysis filterbank 205 in the transmitter 136 to provide
along path 145 an output signal that is perceprually indistinguishable or neatly
indistinguishable from the original input signal recetved from path 115 by the

transmitier 136,

2. Frequency-Domain Technigue
In the second method, the transmitter 136 determines the temporal envelope of
the input audio signal in the frequency domain and the receiver 142 restores the
same or substantially the same tempora! envelope to the reconstructed signal in

the frequency domain.

o} Transmitter
Fig. 11 shows a block diagram of ons impiementation of the transmitter 136 m
a communication system that providss temporal envelope control using 2
frequency-domain technique. The implementation of {his transmitter 18 very
similar to the implementstion of the transmitter shown In Fig. 2. The principal
difference s the tamporzl envelope estimator 707. The other components are
not discussed here in detail because their operation is essentaliy the sarme as

that described above in connection with Fig. 2,

Referring to Fig. 11, the temporal envelope estimator 707 receives from the
analysis filterbank 705 a ﬁequen§5=—domain representation of the put signal,
which it analyzes to derive ap estimats of the temporal envelope of the mput
signal. Preferably, spectral components that are below about 500 Hz are sither
excluded from the frequency-domain representation or are attenuated so that

they do not have any significant effect on the process that estimates the
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temporal envelope, The temporal envelope sstimator 707 obtains a frequency-
domain representation of a temporaliy-flattened version of the input signal by
deconvolving a frequency-domain representation of the egfimated temporal
envelope and the frequency-domain repragsentation of the nput signal, This
deconvolution may De done by convolving the frequency-domain
representation of the input signal with an inverse of the frequency-domain
representation of the estimaied wmporal envelope, The frequency-domain
representation of & temporaliy-flattened version of the input signal 15 passed to
the filter 713, the basshand signal anatyzer 710, and the spectral envelope
esaimator 720, A deseription of the frequency-domain represeniation of the
estimated temporal envelope is passed to the signal formatter 725 for assembly

tnto the output signal that is passed along the communication channel 140

&) Temporal Bvelope Estimator
The temporal envelops estimator 707 may be implemented in 2 number of
weve. The technical basis for one implementarion of the temporal envelope

estimator may be explained mn tetms of the lingar system shown i equation 2

¥ty =h{Z) - x(1) 2
whare V(7] = 2 signal fo be transmitied;

h{zy = the wmporal envelope of the signal to be fransmitted;

the dot symbol {5 denotes multiplication; and

x{ty = e temporatiy-fiat version of the signal Wi
Equation 2 may be rewritten as:

YIK] = i * XTE] 3

where ITk] = & frequency-domain represeniation of the wmput signal w(};
HIE = a frequency-domain representation of h{r};
the star symbol (¥) denotes convolution; and

X} = a frequency-domain representation of x(7).
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Referring to Fig, 11, the signal (/) is the audio signal that the transmitter 136
receives from path 115, The analysis filterbank 705 provides the frequenoy-
domain representation ITE] of the signal w{f). The temporal envelope estimator
707 obtains an estimate of the frequency-domain representation ALY of the
signal's temporal envelope k(1) by solving a set of equations dertved from an
autoregressive moving average {ARMA) model of ¥Tk] and Xk]. Additional
information about the use of ARMA models may be obtained from Proakis and
Manotakis, "Digital Signal Processing: Principles, Algorithms and
Applizations, " MacMiltan Publishing Ce., New York, 1988, See espectally pp.
818-821.

In & preferred tmplementation of the transmitter 136, the filierbank 705 appiies
a transform 1o biocks of samples representing the signal Wf to provide the
frequency-domain representation Fi£] amanged in blocks of ransform
coefficients, Bach block of ransform coeflicients expresses a short-time
ectrun: of the sipnal of the signal Y7} The frequency-domain repragentation
XIE] 15 also arranged in blocks, Zach block of cosflicients n the frequency-
domamn representation ATk} represents z block of samples for the temporaliy-
flat mignal x{7) that 15 assumed to be wide sense stationary (WSS}, It 15 also
assumed the coeffcients in sach block of the X&) representation are
mdependently dismbuted (ID). Given these assumptions, the signals can be

expressed by an ARRA model as foliows:

Xxlk—gl (4)
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Equation 4 can be solved for a, and &, by solving for the autocorrelation of
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where E{} denotes the expected value funciion;
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L = length of the autoregressive portion of the ARMA modsl; and
() = the length of the moving average portion of the ARMA model.

Equation 5 can be rewritien as:
L 2
i - T 1 .
Rwimgm—za‘.fiﬁ[m—“f]‘%qu]{}‘,},lmhgj (G)
=} =0
where Ryvin] denotes the antocorrelation of Yin}; and

Exy[E} denotes the crosscorrelation of Y[E] and AL

f we further assume the linear system represented by HTAT is only
autoregressive, then the second term on the right side of equation 6 1s equal to

. - 2 ~ - - I -
the variance o'y of AT Bauation 6 can then be rewntien ag:

L
‘*E(Z;Rn»gﬂf—!} form»> 0
f=l
Rylml=1-% aRylm-1}+o63 form=0 {7}
Ryt for m <0
Equation 7 can be solved by inverting the following set of kinear equations:
‘Rl0) Ry Byl o ReLI T feR
Rewlll  Rypl0]  Rypl-1] o Rpl-L+liq 0
= (&)
Ry 2} Rell] Ryplol o Rpl-Le2liay| |0
(Rpll] Ryli-1 Rypfi-2] - Rpl0] Ja] Lo

Given this background, 1f 1s now posesible 1o describe one implementation of &
temporal envelope estmator that uses frequency-domain techmgues. In this
implementation, the temporal envelope estimator 707 recerves a frequency-
domain representation Y1&] of an mput signal ¥ and caiculates the

autocorretetion sequence Kpdm] for <L £m £ L These valnes are used io
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construct the matnx shown in equation 8, The matrix is then inverted 1o solve
for the coefficients g, Because the matrix in equation 8 is Toeplitz, it can be
inverted by the Levinson-Durbin algorithm. For information, see Proakis and

Manotakis, pp. 458-462.

The set of equations obtzined by inverting the matrix cannot be solved direcily
because the variance 6’y of X7/] is not known, howsver, the set of equations
can be solved for some arbitrary variance such as the value one. Once solved
for this arbitrary value, the set of equations yields 2 set of unnormalized
coefficients {a'g, ey a},}. These cosfiicients are unnormalized because the
equations were solved for an arbitrary variance. The cosfficients can be
normalized by dividing each by the value of the first unnormalized sosfficient

ayg, which can be exprassed as:

o, =

=5
g

for O«

N

L &)
€y

The variance can be obiained from the foliowing equation.

. (16)
=

The set of normalized coefficients {1, a, ..., g} represents the zeroes of 2
flattening filter F that can be convolved with a frequency-domain
representation TTk]} of an input signal () to obtain 2 frequency-domam
representation Ak} of 2 temporally-fistiened version x(7) of the input signal.
The set of normaiized coefficients also represents the poles of a reconstruction
filter FR that can be convolved with the frequency-domain representation AT&]
of a temporaliy-flat signal x(7) {o obtain 2 frequency-domain representation of
that fiat signal having a modified temporal shape substantially equal 1o the

terporal envelope of the mput signal ¥{7).
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The temporal enveiope estimator 707 comvolves the flatieming flter FF with
the frequency-domatn representation 11k} received fom the filkerbank 705 and
passes the temporaliy-fiattensd result 1o the filter 715, the baseband signal
analyzer 710, and the spectral envelope estimator 720, A description of the
coefficients in flattening filter #F 15 passed to the signal formatter 725 for

assembly into the output signal passed along path 140,

| ¢} Recetvar
Fig. 12 shows a block diagram of ene implementation of the receiver 142 ma
commumcation system that provides temporal envelope control using a
frequency-domatn technigue, The implementation of this receiver 15 very
similer 1o the impiementation of the receiver shown in Fig 4. The principal
difference 1s the temporal envelope regeneraior 807, The other components are
not discussed here in detal] because their operation 15 essentially the same as

that deseribed above n connection with Fig. 4

Referring to Fig. 12, the tempors} envelope regenerator 807 recerves from the
jeformatter 805 a description of an estimatsd temporal envelope, which 15
convolved with a frequency-domain representation of a reconstructed signal
The resulf obtained from the convolution is passed o the synthesis filterbank
825, which provides along path 145 an output signal thar is perceptuaily
mdistinginshable or nearly indistinguishable from the onginel input signal

recerved from path 115 by the transmitter 136,

The temporal envelops regenerator 807 may be ynplemented in s number of
ways, In an implementation compatible with the implementation of the
envelope estimator discussed above, the deformatier 805 provides e set of
coefficrents that represent the poles of 2 reconstruction filter FE, which is
convolved with the frequency-domain representation of the reconstrucied

signal.



d) Alternaiive Implemensations
Abternative implementations are possible. In one alternatyve for the tansmitter
134, the spectral components of the frequency-domaimn representetion recetved
from the filterbank 705 are grouped into frequency subbands. The set of
subbands shown in Table I is one suitable example. A flattening filter FF 13
derived for each subband and convolved with the frequency-domain
representation of sach subband to temporallv faten it. The signal formatier
725 assembles into the output signal an identification of the estimated temporal
envelops for each subband, The recerver 142 receives the envelopes
identification for each subband, obtams an appropriate regeneration filter /R
for each subband, and convolves it with 2 frequency-domain representation of

the corresponding subband in the reconstructed signal.

In another alternative, multiple sets of coefficients {C}; are stored m 2 {able.
Ceefficients {1, ay, ..., ap; for flatizning filter FF are calculated for an nput
signal, and the calculated coeflicients are compared with each of the multiple
sets of cosfiicients stored in the table. The set {C}}; in the table that 15 deemed
to be closest to the calculated coefficients 15 selected and vsed to flatten the
input signal. An identification of the set {C}, that 1s selected from the table 15
passed to the signal formatter 725 1o be assembled o the output signal. The
receiver 142 receives the identification of the set {C},. consults & fable of
stored coefficient sets to obtain the appropriate set of coeflicients {(}, derives
a regenesation filter R that corresponds to the cosfficrents, and convolves the
filter with & frequency-domain representation of the reconstructed signal. This

alternative may aiso be applied fo subbands.as discussed above,

One way in which 2 set of coefficients in the table may be selected is to define
a farget point in an L-dimensional space having Buclidean coordinates equal to

the calculated coefficients {o;, ..., ar) for the input signal or subband of the
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input signal. Each of the sets stored in the table also defines & respestive point
in the L-dimensional space. The set stored 1o the table whose associated pomt
has the shortest Buclidean distance to fhe target point is desmed to be closest to
the calcolated coefficients. If the table stores 256 gets of coefficients, for
example, an eight-bit number could be passed to the signal formatter 725 to

wdentify the selected set of coefficients,

F. Implementations
The present invention may be implemented in & wide variety of ways. Analog
and digital echnologies may be used as desired. Various aspects may be
implementsd by discrete slectrical componenis, integrated ciroults,
programmable logic arrays, ASICs and other types of electronic components,
and by devices that execute programs of instructions, for exampie. Programs of
instructions may bs conveysd by essentially any device-readable media such as
magnetic and optical storage media, read-only memory and programmabis

ITETOTY.
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Claims

1. A method for generating a reconstructed audio signal having a baseband portion and a
highband portion, the method comprising:

deformatting an encoded audio signal into a first part and a second part;

obtaining a decoded baseband audio signal by decoding the first part, wherein the first
part includes spectral components of the baseband portion and does not include spectral
components of the highband portion, wherein the number of the spectral components of the
baseband portion may vary dynamically;

extracting, from the second part, a noise parameter and an estimated spectral envelope
of the highband portion;

obtaining a plurality of subband signals by filtering the decoded baseband audio
signal;

generating a high-frequency reconstructed signal by copying in a circular manner a
number of consecutive subband signals of the plurality of subband signals;

obtaining an envelope adjusted high-frequency signal by adjusting, based on the
estimated spectral envelope of the highband portion, a spectral envelope of the high-
frequency reconstructed signal, wherein a frequency resolution of the estimated spectral
envelope is adaptive;

generating a noise component based on the noise parameter, wherein the noise
parameter indicates a level of noise contained in the highband portion;

obtaining a combined high-frequency signal by adding the noise component to the
envelope adjusted high-frequency signal; and

obtaining a time-domain reconstructed audio signal by combining the decoded
baseband audio signal and the combined high-frequency signal;

wherein the method is implemented by an audio decoding device comprising one or

more hardware elements.

2. The method of claim 1 wherein the plurality of subband signals is generated with one or

more Quadrature Mirror Filters (QMF).

3. The method of claim 1 wherein the encoded audio signal is decoded using an inverse

modified Discrete Cosine Transform (DCT).
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4. The method of claim 1 wherein the noise parameter is represented in a form of a

normalized ratio.

5. The method of claim 4 further comprising converting the normalized ratio to an amplitude

value.

6. The method of claim 1 further comprising limiting an amount of envelope adjustment of

the high-frequency reconstructed signal.

7. The method of claim 6 further comprising compensating for the limiting by boosting the

combined high-frequency signal.

8. The method of claim 1 further comprising smoothing, based on a parameter extracted from
the encoded audio signal, an amount of envelope adjustment of the high-frequency

reconstructed signal.

9. An audio decoding device comprising one or more hardware elements that implement the

method of claim 1 by executing a sequence of instructions.

10. A non-transitory computer-readable medium containing instructions that when executed
by an audio decoding device comprising one or more hardware elements, cause the audio

decoding device to implement the method of claim 1.

11. An audio decoder generating a reconstructed audio signal having a baseband portion and
a highband portion, the audio decoder comprising:

a deformatter for extracting a first part and a second part from an encoded audio
signal;

a decoder for obtaining a decoded baseband audio signal from the first part, wherein
the first part includes spectral components of the baseband portion and does not include
spectral components of the highband portion, wherein the number of the spectral components

of the baseband portion may vary dynamically;
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an extractor for obtaining, from the second part, a noise parameter and an estimated
spectral envelope of the highband portion;

a filter for obtaining a plurality of subband signals from the decoded baseband audio
signal;

a generator for creating a high-frequency reconstructed signal by copying in a circular
manner a number of consecutive subband signals of the plurality of subband signals;

an envelope adjuster for obtaining an envelope adjusted high-frequency signal by
adjusting, based on the estimated spectral envelope of the highband portion, a spectral
envelope of the high-frequency reconstructed signal, wherein a frequency resolution of the
estimated spectral envelope is adaptive;

a noise generator for generating a noise component based on the noise parameter,
wherein the noise parameter indicates a level of noise contained in the highband portion;

a combiner for obtaining a combined high-frequency signal by adding the noise
component to the envelope adjusted high-frequency signal; and

a synthesizer for obtaining a time-domain reconstructed audio signal by combining
the decoded baseband audio signal and the combined high-frequency signal;

wherein the audio decoder comprises one or more hardware elements.





