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DESCRIPTION

RECONSTRUCTION OF THE SPRCOTRUM OF AN AUDIOSTGHAL WITH INCOMPLETS SPECTEUM RBASED
Ol FREQUERCY THRANELZETION

TECHNICAL FIELD
The present mvention relaies generally to ths transmission and recording of
audio signals. More particularly, the present invention provides for a reduction
of information required fo fransmit or store & given audio signal while

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

BACKGROUND ART
Many communications systems face the problem that the demand for
mformation transmission and storage capacity ofien exceeds the available
capacity. As & result there Is considerable interest among those in the fieids of
broadcasting and recording 1o reduce the amount of information reguired 1o
transmit or record an audic signal intended for human perceprion without
degrading its subjective quality. Similarly there 1s 2 need to improve the qualite

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

Two principle considerations drive the design of systems intended for audio
ransmission and storage: the nesd to reduce mformation requirements and the
need to ensure a specified level of perceptual quality in the output signal. These
two considerations conflict in that reducing the quantity of information
transmitied can reduce the perceived quality of the output signal, While
objective constraints such as data rate are usually imposed by the
communications system itself] subjective perceptual requirements are usualy

dictated by the application.

Traditional methods for reducing infonmation requirements involve

transmutiing or recording only a selected 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 trrelevant is discarded. If additional reduction is
required, preferably only a portion of the signal deemed to have the least

perceptual significance is discarded.

Speech applications that emphasize intelligibility over fidelity, such as speech
coding, may transmit of record only a portion of a signal, referred to herein as a
"baseband signal”, which cantains onty the percepmally most relevant portions
of the signal's frequency spectrum. A recaiver can regenerats the omitied
portion of the voice signal from information contained within that bassband
signal. The regenerated signal generally is not percepiually identical to the
original, but for many applications an approximate reproduction is sufficient.
On the other hand, applications designed fo achieve 2 high degree of fidelity,
such as high-quality music applications, generally require a higher quality
output signal. To obtam & higher quality output signal, it is generally necessary
to transmit & greater amount of information or to utilize 2 more sophisticated

method of gensrating the output signal.

One technique used In connection with speech signal decoding is known as
high frequency regeneration {"HFR"}. A baseband signa} containing only low-
frequency components of z sipnal is transmitted or stored. A recetver
regenerates the omittsd high-frequency components based on the contents of
the received bassband 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 o the
high-frequency components in the original signa!, this technique can produce
an output signal that is more satisfactory than other technigues that do not use
HFFE. Numerous variations of this technigee have been developad in the area of
speech encoding and decoding. Three sommon methods used for HFR. are

spectral folding, spectral translation, and rectification. A description of these
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techniques can be found m Makhou! and Berout, “High-Frequency
Fegeneration in Speech Coding Systems®, JCASSP 1979 JERE Internationz]
Conj. on Acoust., Speech and Signal Proc., April 2-4, 1978,

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 folding and spectral transiation can produce undesirable
background tones. Rectification tends to produce resulis that are perceived 1o
be harsh. The inventors have noted that in many cases where these technigues
have produced unsatisfactory results, the techniques were ussd in bandlimited
speech coders where HFR was restricted to the transiation of components

below 5 kHz.

The inventors have also noted two other problems that can arise from the use of
HFR techniques. The first problem is related o the tone and noise
characteristics of signals, and the second probiem is related to the femporal
shape or envelope of regenerated signals. Many natural signals contain a noise
component that moreases in magnitude as a functon of frequency. Known HFR
techiniques repenerate high-frequensy components from a baseband signal but
fail io reproduce a proper mix of tone-itke end noise-like components in the
regenerated signal at the higher frequencies. The regenerated signal ofien
conains 2 distinct high-frequency “buzz® atiributable to the substitution of
tone-like components in the baseband for the original, more noise-like high-
frequency components. Furthermore, known HFR techniques fai! to regenerate
spectral components in such 2 way that the tempora! envelops of the
regenerated signal preserves or is at least similar 1o the temporal envelope of

the original signal,

£ number of more sophisticated HFR techniques have been developed that

offer improved results; however, these techniques tend to be either speec

et 48



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

The present disclosure seeks 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 disclosure is particularly directed
toward the reproduction of music signals, it is also applicable to a wide range of audio signals

including voice.

An aspect of the present invention provides a method for reconstructing an audio signal having a
baseband portion and a highband portion, the method comprising:

obtaining a decoded baseband audio signal by decoding an encoded audio signal, wherein
the encoded audio signal 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 is capable of varying dynamically;

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 an estimated
spectral envelope of the highband portion, a spectral envelope of the high-frequency
reconstructed signal, wherein the estimated spectral envelope is extracted from the encoded
audio signal, and wherein a frequency resolution of the estimated spectral envelope is adaptive;

generating a noise component based on a noise parameter, wherein the noise parameter is
extracted from the encoded audio signal, and 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;

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

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

hardware elements.

According to the present disclosure 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 the present disclosure 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
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signal by obtaining & noise signal in response to the noise-biending parameter,
modifying the regenerated signal by adjusting amplitudes of the regenerated
spectral components according 1o 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 2 combination of the spectral
components in the adjusted regenerated signal with spectral components in the

frequency-domain representation of the bassband signal.

Other aspeots of the present invention are described below and set forth in the

clamms,

The various features of the present invention and its preferred implementations
may be betier understood by refbrring to the following discussion and the
accompanying drawings inwhich like reference numerals refer fo tike slements
mn the several Agures. The contents of the foliowing discussion and the
drawings are set forth s examples only and should not be undersiood 1o

represent limitations upon the scope of the present mvention.

BRIEF DESCRIPTION OF DRAWINGS
Fig. 1 ilustrates major components in & CONMMUNICations system.
Fig. 2 15 a block diagram of & ransmitter.

Figs. 34 and 3B are hypothencal graphica! illustrations of an audic signal and a

corresponding basshand signal,

Fig. 4 is a block diagram of a recetver,
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Figs. SA-5Tr ars hypothetical graphical illustrations of & baseband signal and

signals generated by translation of the baseband signal.

Figs. 6A~6G are hypothetical graphical illustrations of signals obtained by
regenerating high-frequency components using both spectral translation and
noise biending.

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

Fig. 7 is an illustration of the baseband signal shown in Fig. 68 combmed with

the regenerated signal shown in Fig. 651

Fig. 84 15 an illustration of 2 signal's t=mporal shape,

Fig. 8B shows the temporal shape of an output signal that 15 produced by
deriving 2 baseband signal from the signal in Fig. 8A and regenerating the

signal through a process of spectral transiazion.

Fig. 8C shows the temporal shape of the signal i Fig. 8B afer temporal

envelope contro! has bean performed.

Fip. 9 is 2 block dingram of & transmitter that provides information needed for
£ P

temnporel envelope control using time-domain fechnigues.

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

using time-domain technigues.

Fig. 11 is = block diagram of a transmitier that provides information needed for

temnporal enveiope control using frequency-domain technigues.
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Fig. 12 is & block diagram of a vecerver that provides temporal envelope control

using frequency-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 information such as speach or
music. A transmitter 136 receives the audio signal from path 115 and processes
the mnformation mto a form that 1s'suttable for transmission through the channel
140. The transmoitter 136 may prepare the signal o match the physical
characterisucs of the channel 140, The channel 140 may be & fransmission path

o

. x . : . f . < Lo
such as electrical wires or {}_E)ZES’:‘.E ODeTS of Tmay be & wWirsisss cormmunicaion
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path through space. The channel 140 may also include 2 storage device that
ecords the signal on a storage medium such as a magnetic fape or disle, or an
optical dise for later use by a receiver 142, The recetver 142 may perform &
variety of signal processing functions such as demodulation or decoding of the
signal received from the channei 140, The output of the rsceiver 142 1s passed
along a path 145 to & transducer 147, which converts it into an outmut signal
152 that 15 suifable for the user. In a conventional audio playback system, for
example, loudspeakers serve as wansducers {o converi electrical signals into

acoustic signals.

Commumcation systems, which ars restricted to transmiting over a channe!
that has & lirnited bandwidth or recording on a medmum that has hmited
capacity, encounter problems when the demand for information exeesds this
available bandwidth or capacity. As a result there is a continuing need in the
fields of broadeasting and recording to reduce the amount of information
required to transmit or record an audic signal infended for human perception

without degrading its subjective quality. Similarly there is a need 1o improve
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the quality of the output signal for & given transmission bandwidh or storags

capacity.

A technique used in connection with spesch coding is known as high-freqguency
regeneration ("HIFR"). Only & baseband signa! containing low-frequency
components of a speech signal are transmitied or stored. The receiver 142
regeneratss the omifted high-frequency components besed on the contenis of
the received baseband gignal and combines the bassband signal with the
regenerated high-frequency somponents to produce an output signal. In
general, however, known HFR techniques produce regensrated high-frequency
components that are easily distinguishable from the high-frequency
components i the orginal signal. The present invention provides an improved
technique for spectral compenent regeneration that produces regenerated
spectral components peroeptually more simiiar to corresponding spectral
componernds in the original signal than is provided by other known technigues.
It is important to now that although the tachnigues deseribed heren ars
sometimes referred 1o as high-frequency regeneration, the present invention s
not limrted to the regeneration of lngh—frequency components of 2 signal. The
techmques described beiow may also be utilized to regeneraie speciral

components in any part of the spectrum,

B. Transmitter
Fig. 2 15 a block diagram of the transmitier 136 according o one aspect of the
present invention, An input audio signal is received from path 115 and
processed by an analysis filterbank 705 to obiain a frequency-domain
representation of the input signal. A baseband signal analyzer 710 determines
which spectral components of the input signal are to be discarded. A filter 715
removes the speciral components fo be discarded to produce a baseband signal
consisting of the remaining spectral components, A speetral envelope estimator

720 obtains an esiimate of the input signal's speciral envelope. A spectral
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analyzer 722 analyzes the estimated spectral envelope to determine noise-
blending parameiers for the signal. A signal formatter 725 combines the
estimated speciral envelope mformation, the notse-blendin # parametzrs, and
the baseband signal into an output signal having 2 form suitable for

transmission of storage.

1. Analysis Filerbank
The analysis filterbank 705 may be implemented by essentially any time-
domain to frequency-domain transform. The transform used in a preferrad
implementation of the present invention is described in Princen, Johnson and
Bradley, "Subband/Transform Coding Using Filter Bank Designs Baged on
Time Domain Allasing Cancellation,” JUASSP 1087 Conf. Proc., May 1987,
pp. 2161-64. This transform 15 the time-domain squivaient of an oddiy-stacked
oriticalty sampied single-sideband analysis-synthesis system with Hime-domam

ahiasing cancellation and is referred to herein as "O-THACY
(=3

According to the O-TDAC technique, an audic signal is sampied, guantized
and grouped into a series of overtapped time-domain signal sampie blocks,
Each sample block is weighted by an analysis window function. This is
equivalent o & sample-by-sample multiplication of the signal sample block.
The O-TDAC technigue applies 2 modified Discrete Cosine Transform
("DCT") to the weighted time-domain signal sampie blocks to produce sets of
transform coefficients, referred to herzin as “ransform biocks”, To achisve
critical sampling, the technique retains oniy half of the spectral cosfficients
priot to transmission or storage. Unfortunassly, the retention of only half of the
spectral coefficients causes a complementary inverse transform 1o gansrate
time-domam zliasing components. The O-TDAC technigue can cancel the
ehiasing and accurately recover the input signal. The tength of the blocks may
be varied In response to signal characteristics using technigues that ave known

13

in the art; however, care should be taken with respect to phase cohereney for
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reasons that are discussed betow, Additional details of the G-TDAC techmigue

may be obtamed by referring to U.S. Patent 5,394,473,

To recover the original mput signal bloeks from the ansform blocks, the O-
TDAC technigue utilizes an inverse modified DCT. The signal blocks
produced by the inverse transform are weighted by & synthesis window
function, overlapped and added to recreate the input signal. To cancel the time-
domain aliasing and accurately recover the input signal, the analiysis and

synthesis windows must be designed to mest strict orifenia.

In one preferred implementation of a system for transmitting or recording an
input digital signal sampled at a rate of 44,1 kilosampies/second, the spectral
components obtained from the analysis filterbank 705 are divided into Tour

subbands having ranges of frequencies as shown in Table L

Band Freguenoy Rangs
{KHz}
G ! G0 to 5.5
1 354 110
2 110w 165
3 165 10 22.0
Table I

2. Baseband Signal Analvzer
The baseband signal analyzer 710 selects which spectral components to discard
and which spectral components to rewmin for the baseband signal. This selection
can vary depending on input signa! charactenisties or it can remamn fixed
according o the needs of an application; howesver, the mventors have
determined empirically that the perceived guality of an audio signal
dsteriorates if one or more of the signal's fundamenal frequencies are

1

discarded. It 1s therefore preferable to preserve those portions of the spectrum
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that contain the signal's fundamental Frequencies. Because the findamental
frequencies of voice and most natural musical instruments are generaliv no
higher than about 5 kHz, a preferred implementation of the fransmitter 136
intended for music applications uses a fixed cutsff frequency at or around 5
kFiz and discards all spectral components above that frequency. In the case of a
fixed cutoff frequency, the beseband signal analyzer need not do anything more
than provide the fived cutoffl frequency to the filter 715 and the spectral
analyzer 722 In an alternative implementation, the baseband signal analyzer
710 is eltmimated and the filter 715 and fhe spectral analyzer 722 operate |
according io the fixed cutoff frequency, In the subband stroshuire shown zbove
in Table I, for exampie, the spectral components in only subband 0 are retained
for the baseband signal This choice Is also sultable because the human ear
cannot easily distinguish differences in pitch above 5 kEz and therefore cannot

easily discem Inaccuracies in regenerated components above this frequency,

The choice of cutoff frequency affects the bandwidth of the baseband signal,
which mn turn influences 8 tradeoff between the mformation capanity
requirements of the cutpit signal generated by the transmutier 136 and the
percerved qualizy of the signal reconstrucied by the recsiver 142, The percerved
quaiity of the signal reconstructed by the receiver 142 is influenced by three

factors thaf are digcussed in the following paragraphs.

The first factor is the accuracy of the baseband signal representation that is
transmitied or siored. Generally, if the bandwidth of 2 baseband signat 15 held
constant, the perceived quality of & reconstructed signal will increase gs the
accuracy of the baseband signal representation is increased. Inaccuracies
represent nowse that will be andible i the reconstrucied signal if the
inaccuracies are large enough. The noise will degrade both the perceived
quality 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 is 2 set of frequency-domain transform coefficients. The
accuracy of this representation i controlled by the number of bits that are used
o express each transform coefficient. Coding technigues can be used to convey
2 given level of accuracy with fewer biis; however, a basic tradeoff betwesn
baseband signal accoracy and information capacity requirements exists for any

given coding techmgue,

The second factor 15 the bandwidth of the baseband signal that 15 fransmitied or
stored. Generally, if the accuracy of the bassband signal representation 15 held
constant, the percerved quality of & reconstructed signa! will increase as the
bandwidth of the baseband signal is increased. The use of wider bandwidth
baseband signals allows the receiver 142 fo confine regensrated spectral
components to mgher frequenciss where the human auditory system is less
sensitive to differences in tamporal and spectral shape. In the exsmplary
implementation mentioned above, the bandwidth of the baseband sigmal is
conirolied bv the number of transform coefficients in the representation.
Coding technigues can be used to convey & given number of coefficients with
fewer bits; however, 2 basic tradeofl berween baseband signa! bandwidth and

information capacity requirsments exists for any given coding technigue.

The third factor s the information capacity that is required io ansmit or store
the baseband signal representation, If the information capacity requirement is
held constant, the baseband signal accuracy will vary inversely with the
bandwidth of the baseband signal. The needs of an apphication will generally
distate 2 particular information capacify requirernent for the output signal that
is generated by the transmitter 136, This capacity must be aliccated to vanious
portions of the output signal such as 2 bassband signal representation and an
estimated spectral enveiope. The allocation must balance the needs of a number
of conflicting intsrests that are well known for communication systems. Within

this allocation, the bandwidth of the baseband signa! should be chosen {o
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batance a tradeoff with coding accuracy to optimizs the perceived quality of the

reconstructed signal,

3. Spectral Envelope Estimator
The spectral envelope estimator 720 analyzes the audio signai to extract
information regarding the signal's spectral envelope. If available information
capaeity permits, an implementation of the wansmitier 136 preferably obtains
an estimate of 2 signal's spectral envelope by dividing the signal's spestram
into frequency bands with bandwidths approximating the human ear’s critical
bands, and extirscting information regarding the signal magnitude in each band.
in most apphications having limited information capasity, howsver, it is
preferable o divide the spectrum into a smalier number of subbands such as the
arrangement shown above 1n Table I Other variations may be used such as
calculating a power spectral density, or exiracting the averags or maximum
ampiitude n each band. More sophisticated technigues can provids higher
quality in the output signal but generally require greatsr computational
resources. The chotce of method used to obtain an esumated spectral envelope
generally has pracacal implications because it generally affects the percetved
quality of the communication systers; however, the choice of method ic not

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

In one implementation using the subband structure shown i Table I the
spectral envelope sstimator 720 obtaws an esumate of the spectral envelops
only for subbands 0, | and 2. Subband 3 is excluded o reduce the amount of
information required to represent the estimated speotral envelaps

4. Spectral Analvzer
The spectrai anaiyzer 722 analyzes the estimated spectral envelope recetved
from the speciral envelope estimator 720 and information from the baseband

signal analyzer 710, which identifies the spectral components to be discarded
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from = baseband signal, and caloulates one or more noise-blending parameters
to be used by the receiver 142 to penerate & noise component for transiated
spectral companents. A preferred implementation minimizes data rate
requirements by computing and {ransmiiting a single notse-biending parameter
to be appiied 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-biending parameter equal to 2 spectral
flatness measure that 1s caloulated from the ratio of the geometric mean to the
arithmetic mean of the short-time power spectrum. The ratio gives a rough
indication of the flatness of the spectrum. A higher speciral flamess measure,
which indicates a flatter specirum, also indicates a higher noise-blending level

15 appropriate.

In an alternative implementation of the transmitier 136, the spectral
components are grouped into muttiple subbands such as those shown in Table
I and the transmitter 136 transmits & noise-blending parameter for cach
subband. This more accurately defines the amount of noise to be mixed with
the translated frequency content but it also requires 2 higher data rate o

transmit the additional noise-blending parameters.

3. Baseband Signal Filter
‘The filter 715 recerves information from the baseband signal analvzer 710,
which identifies the spectral components that are selected to be discarded from
a bassband signal, and eliminates the selected frequency componsnts to obtain
a frequency-domain representation of the baseband signal for transmission or
storage. Figs. 3A and 3B are hypothetical graphical illustrations of an audio
signal and 2 corresponding bassband signal. Fig. 3A shows the spectral
envelope of 2 frequency-domamn representation 600 of 2 hypothetical audio

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

somponents.

The filter 715 may be implemented in essentially any manner that effectively
removes the frequency components that are selectad for discarding. In ons
inplementation, the fitter 715 applies & frequency-domain window funstion o
the frequency-domain reprasentation of the input audio signal. The shape of the
window function 15 selected to provide an appropriate trade off between
frequency selectivity and attenuation against time-domain effects in the output

audio signal that is vittmately generated by the receiver 142,

&, Signal Formatter
The signal formatier 725 generates an output signa! along communication
channel 140 by combining the esumated speciral envelops mfomation, the one
or more noise-blending parameters, and & represantation of the baseband signal
mnto an output signal having a form suitable for transmission or storage. The
individual stgnals may be combimned in essentialiv any manner. In many
applications, the formatter 725 multiplexes the individus! signals info 2 serial
bit stream with appropriate synchronization patterns, srror detection and
correction codes, and other informaton that is pertinent either 1o transmission
o storage operations or to the application in which the andic information is
used. The signal formatier 725 may also encode 2l or portuons of the ouiput
signal to reduce information capachy requirements, t provide Security, or 1¢

pat the output signal into a form that faciiiates subsequent usage.

. Receiver
Fig. 4 15 a block dingram of the receiver 142 according to one aspeet of the
present mvention. A deformatier 805 receives a signal from the communication
channei 140 and obtains from this signal 2 baseband signal, estimated spesiral

envelope mnformation and one or more noise-blending parameters. These
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elements of informanon are transmitied to a signal processor 808 that
comprises a spectral regenerator £10, a phase adjuster 815, & blending filter 818
and & gain adjuster 820, The spectral component regenerator 810 determines
winch spectral compenents are missing from the baseband signal and
regeneraies them by translating alf or at least some spectral components of the
baseband signal to the locations of the missing spectral components. The
transiated components are passed to the phase adjuster 815, which adjusts the
phase of one or more spectral components within the combined signal to ensure
phese coherency. The blending filter 818 adds one or more noise components
to the transtated components according to the one or mors noise-biending
parametsrs received with the bassband signal, The gain adjuster 820 adjusts the
amplitude of spectral compenents in the regenerated signal accordmg to the
estimated spectral envelope information recetved with the beseband signal. The
ranslated and adjusied spestral components are combined with the baseband
signal to produce a frequency-domain representaton of the output signal A
synthesis filierbank 825 processes the signal to obtain a tirme-domain

represeniation of the ouiput signal, which is passed along path 145,

1. Deformatter
The deformatier 805 processes the signaf recetved from communication
channel 140 in a manner that is complementury to the formatting process
provided by the signal formatter 725. In many applications, the deformatter 805
receives a serial bit stream from the channel 140, uses synchronization patterns
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 transmnission or storage, and operates as & demuitipiexer o
extract & representation of the baseband signal, the estimated speciral enveiope
information, one or mors noise-biending parameters, and any other information
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 the ransmitier 136, A freguency-domain representation of the
baseband signal is passed fo the spectral component regenerator 810, the noise-
blending parameters are pessed to the blending filter 818, and the spectral

envelope information is passed 1o the gain adjuster 820,

2. Spectral Component Regenerator
The spectral comporient regenerator 810 regenerates missing spectral
components by copying or transiating all or at least some of the spectral
components of the baseband signal to the locations of the missing components
of the signal. Spectral components may be copied mio mors than one mterval
of frequencies, thershy allowing an output signal to be generaed with &

bandwidth greafer than twice the bandwadth of the baseband signal.

In an mmplementaiion of the recerver 142 that uses only subbands O and 1

shown ghove in Table I the baseband signal conteins no spectral components
above g cutofl frequency at or about 5.5 kKHz. Spectral components of the
baseband signal are copied or wansiated w 2 range of fraguencies from about
S5 kHz 10 sbour 11.0 KMz I 2 16.5 k¥ bandwidth 15 desired, for example, the
speciral components of the baseband signal can aiso be translated inte ranges of

]

frequencies from about 11.0 kHz 1o about 16.5 k¥z. Generally, the spectral
components are translated into non-overiapping frequency ranges such that no
gap exisis in the spectrum including the baseband signal and all copied specival
components, however, this feature 15 not egsenual. Spectral components may be
transiated into overlapping frequency ranges and/or into frequency rangses with

gaps in the spectrum in essentially any manner as desired.

e choice of which spectral components should be copied can be varied 1o
suit the particular application. For example, speciral components fiat are
copied need nof start at the lowsr edgs of ihe baseband and need not end at the

upper edge of the bassband. The percetved guality of the signal reconstructed
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by the recetver 142 can sometimes be maproved by exciuding fundamental
frequencies of voice and instruments and copying only harmonics. This aspect
is incorporated into one implementation by excluding from translation those
baseband spectral components that are below about I kHz. Referring fo the
subband structure shown above in Table I as an example, only spectral

components from about 1 kFz to about 5.5 ki are transiated.

If the bandwidth of all spectral components to be regenerated 15 wider than the
bandwidth of the baseband spectral componenis to be copied, the baseband
spectral components may be copied in & ciroular manner starting with the
iowest frequency component up to the highest frequency component and, 1if
necessary, wrapping around and contimung with the lowsst frequency
component. For example, referming to the subband strucwre shown in Table L if
only bassband spectral components from about 1 kHz to 5.5 iFz are {o be
copied and spectral 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 1 kHz to 5.5 KHz are copied to respective frequencies
from about 5.5 1Fir to 10 kHz, the same bessband spectral components from
about 1 kHz to 5.5 kHz are copied again to respective freguencies from about
10 kHz to 14.5 KHz, and the baseband spectral component from about | kiz 0
3 kHz are copied 1o raspective frequencies from about 14.5 kHz to 16.5 kiiz
Alternatively, this copying process can be performed for each individual
subband of regensrated components by copying the lowest-frequency
component of the baseband io the lower edge of the respective subband and
continuing through the baseband spectral componsents in a circuiar manner &8

necessary to complete the transiation for that subband.

Figs. 5A through 5D are hypothetical graphical illustrations of the spectral
envelape of 2 baseband signal and the spectral envelope of signals penerated by

iranslation of spectral components within the bassband signal. Fig, 5A shows a
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hypothetical decoded baseband signal 800, Fig. 58 shows speetral components
of the baseband signal 905 transtated to higher frequencies. Fag. 5C shows the
baseband signal components 510 translated multiple times to higher
frequencies. Fig. 5D shows a signal resulting from the combination of the

transiated components 515 and the baseband signat 920,

3. Phase Adjuster
The translation of spectral componenis may create disconfinuifies in the phase
of the regenerated components. The G-TDAC transform implementation
described above, for example, as well as many other possibie implementanons,
provides frequency-domain representations that are arranged in blacks of
transform coefficients. The translated speciral components are also arranged
blocks. If spectral components regenerated by iransiation have phase
discontinuities berween successive blocks, audible artifasts 1o the cutput audio

signal are likely {o oeour,

The phase adiusier 8§15 adjusts the phase of each regenerated spectral
component (o mainiain a consisent or coherent phase. In an implementation of
the recerver 142 which employs the G-TDAC transform described above, each
of the regenerated spectral compenents is muliiplied by the complex value &%,
where A represents the frequency interval cach respactive spectral component
15 transiated, expressed as the number of wansform coefhcients that corespond
to that fraguency mterval, For example, if 2 spectral component s translaied 1©
the frequency of {he adjacant component, the transtation interval Aw 15 equal to
one. Alternative implementations may require different phase adjustanent
technigues appropriate o the parncular implementation of the synthesis

filterbank 825

The translation process may be adapied o match the regensrated components

with harmonics of signmificant spectral components within the baseband signal.
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Two ways in which translation mav be adapted 1s by changing either the
specific spectral components that are copied, or by changing the amount of
transtation. If an adaptive process is used, special care should be taken with
regard to phase coherency if spectral components are arranged in biocks. If the
regenerated spectral components are copied from different base components
from block to blosk or if the amouant of frequency transiation s changed from
block to block, it is very likely the regenerated components will not be phase
coneremt. K is possible to adapt the transiation of spectral components but care
must be taken to ensure the audibility of artifacts caused by phase meoherency
1s not significant. A system that employs sither multiple-pass technigues or
look-ahead techniques could identify intervals during which transiation could
be adapted. Blocks representing intervals of an audio signal in which the
regenerated speciral components are deemed to be inaudible are usually good
candidates for adapting the translation process.

4. Noise Blending Filier
The blending filter 818 generstes & noisé component for the rranslated spectral
components using the noise-blending parameters recerved from the deformatter
80S. The blending fitter 818 generates a noise signal, computes & noiss-
blending function using the noise-blending parameters and utilizes the notse-
biending function to combine the noise signal with the translated spectral

COMPONenis.

A noise signal can be generated by any one of 2 variety of ways. In a preferred
implementation, = noise signal is producsad by generating & sequence of random
numbers having a distribution with zero mean and variance of one. The
blending filter 818 adiusts the noise signal by multipiying the noise signal by
the notse-blending function. If a single noise-blending parameter is used, the
noise-blending function generally should adjust the noise signal to have higher

ampiitude at higher frequencies. This foliows from the assumptions discussed
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above that voice and natural musieal mstrument signals tend o contain more
noise at higher frequencies. In 2 preferred implementation when spectral
components are trensiated to higher frequencies, a noise-blending function has
a maximum amplitude at the highest frequency and decays smoothly to a

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

One impiementation uses a noise-blending fanction N(E) as shown In the
following expression:
/ o=k . . \i f o .
Nk} = max Wwﬁw;, 0 for kb Sk Sk {1)
My~ Kpy
where max(x,v} = the larger of x and »;
B = a noige-blending paramster based on SFM;
k= the mdex of regenerated speciral components,
ey = Dighest frequency for specral component regeneration; and
ke = lowest frequency for spectral component regeneration,

In this trnplementation, the value of B varies from zero to one, where one

el

~

indicates a flat spectum that Is typical of & noise-like signal and zero indicates
& spectral shape that 1s not flat and 1s typical of a tone-like signal. The value of
the guotient in equation 1 varies from zero to one as £ increasas from by 1o
by ¥ B is equal to zero, the first {erm n the "max” function varies from
negative one 10 zerg; therefore, Ni&} will be equal to zero throvghout the
regenerated spectrum and no notss 18 added 1o repenerated spectral

compenents. X F is equal to one, the first 12rm in the "max® funcuion vanes
from zero to ong; therefore, NEE: increases linearly from zero at the lowess
regensrated frequency Ly up to & value equal 1o one at the maxsmum
regenerated frequency by IR »has & value bertween zero and ong, Nk is
equal to zero from Ay up to some frequency between kg and ki, and
mcreases hnearly for the remainder of the regenerated spectrum. The amplitude

of the regenerated spectral components is adjusted by multiplying the
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regenerated components with the notse-blending function. The adjusted noise

signal and the adiusted regenerated speciral components are combined.

This particular implementation described above is merely one suitable

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

Figs. 6A through 60 are hypothetical graphical iilustrations of the spectral
envelopas of signals obtamned by regenerating high-frequency components
using both speciral translation and noe blending. Fig. 6A shows &
hypothetical input signal 410 to be transmitted. Fig. 6B shows the baseband
signal 420 produced by discarding high-frequency components, Fig. 6C shows
the regenerated high-frequency components 431, 432 and 433, Fig. 6D depicts
a possibie notse-blending anction 440 that grves greater weight to notse
components at higher frequencies. Fig. 6F is a schematic iliustration of & noise
signal 445 that has been multiplied by the notss-blending function 440. Fig, 6F
shows a signal 450 generated by multplving the regenerated hugh~frequency
components 431, 432 and 423 by the inverss of the noise-blending function
440 Fig. 60 is & schematc illustration of 2 combined signal 460 resulting from
adding the agiusted notse signal 445 o the adjusted high-frequancy
components 450, Fig. 6 is drawn to illustrate schematically that the high-
frequency portion 430 contains & mixture of the franslated high-frequency

components 431, 432 and 433 and noise,

5. Gain Adjuster
The gain adjuster $20 adjusts the amplifude of the regenerated signal according
to the estimated spectral envelope information received from the deformatter
805, Fig. 6H is o hypothetical illustration of the spectral envelope of signal 460
shown in Fig. 6 after gain adjustment. The portion 510 of the signal
containing & mbxture of transiated spectral components end noise has been

given a spectral envelope approximatng that of the original signal 410 shown
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in Fig. 54 Reproducing the spectral envelops on 2 fine scale is generally
unnecessary becavse the repenerated spectral components do not exactly
reproduce the spectral components of the ariginal signal. A translated harmonic
series generally will not equal an harmonic series; therefore, it is generally
tmpaossible to ensure that the regenerated output signal 1s identical 1o the
original input signal on a fine scale, Coarse approximations that match the
spectral energy within a few ctitical bands or less have been found to work
well, It should also be noted that the use of & coarse estimate of spectral shape
" rather than a finer approximation is generaliy preferred because z coarse
estimate imposes lower information capacity requirements upon ransmission
channels and storage media. In audio applications that have more than one
channe!, however, aural tmaging may be improved by using finer
approximations of spectral shape so that more precise gain adjustments can be

made to ensure 2 proper balance between channels,

6. Svnthesis Filierbank
The gam-adjusted regenerated speciral components provided by the gain
adjuster 820 are combined with the fraquency-domain representation of the
baseband signal received from the defommatier 805 to form a frequency-dorsain
representation of z reconstructed signal, 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. 6B with the regenerated componsents shown mn
Fig. GEL

The synthesis filierbank 823 transforms the frequency-domain represenianon

into a time domain representation of the reconstructed signal. This filterbank
T *

can be implemented in essentially any manner but i should be 1nverse e the

filterbank 705 used in the transmitter 136, In the preferred implementation
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discussed above, recetver 142 uses O-TDDAC synthesis that applies an inverse

modihed DCT.

D. Alternative Implementations of the Invention
The width and location of the baseband signal can be estabiished 1n essenuially
any manner and can be varied dynamically according to input signal
charactenistics, for example. In one alternative implementation, the transmitier
136 generates 2 bassband signal by discarding muliipie bands of spectral
components, thereby creating gaps in the spectrum of the baseband signal.
Durning spectral component regeneration, partions of the baseband signal are

transiaied to regenerate the missing specire! components.

The direstion of translation can also be varied. In another implementation, the
fransmitter 136 discards speciral components at low frequencies to produce 3
baseband signal located at retauvely higher frequencies. The recerver 142
iranslates poriions of the high-frequency bassband signal down o lowss-

frequency locations to regenerate the missing spectral components,

E. Tempora! Envelope Control
The regeneration technigues discussed above are able to generate &
regonstructed signal that substantially preserves the speciral envelope of the
input audic signal; however, the temporal envelope of the nput signal
generally is not preserved. Fig. 84 shows the temporal shape of an audio signal
860, Fig. 3B shows the temporal shape of 2 reconstructed output signal 870
pmducéci by deriving & baseband signal from the signat 860 in Fig. 84 and
regenerating discarded spectral components through 2 process of spectral
component tranglation. The temporal shape of the reconstructed signal 870
differs significantly from the t=mporal shape of the original signal 860.

Changes in the ternporal shape can have a significant effect on the percerved
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quality of a regenerated audio signal. T'wo methods for preserving the tempora!

envelope are disenssed below.

1. Trme-Domain Technique
In the first method, the transmitier 136 determines the temporal envelope of the
input audic signal in the time domain and the receiver 142 restores the same or
substantizlly the same temporal envelope to the reconstructed signal in the time

dornain,

a} Tramsmiiier
Fig. 9 shows & block diagram of one implementation of the transmitier 136 m 2
communication system that provides temporal envelope control using & time-
domain iechnigue. The analysis Dilterbank 205 receives an input signal from
path 115 and divides the signal into muluple frequency subband signals. The
houre iliustrates only twoe subbands Tor iliugtrative clanty, however, the
analysis filterbank 205 may divide the inpui signal into any integer number of

subbands that 15 greater than one,

The anabysis filterbank 205 mav be implemented in essenttaliy any manner
guch a5 one or more Quadrature Mirror Filters {QMF) connected in cascade or,
preferably, by a pseude-QME technique that can divide an input signal into any
integer number of subbands in one filter stage. Additional informanion about
the pseudo-QiF techmgue may be obtained from Vaidvanathan, "Mulnrate

Svstems and Filter Banls,” Prentice Hall, New Jersey, 1993, pp. 354-373.

One or more of the subband signals are vsad 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! is formed fom

one subband signal representing the lowest-frequency spectral components of

the input gignal, but this 18 not necessary m principie. In one preferred
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irnplementation of 2 system for transmithing or recording an input digital signal
sampled 2f 2 rate of 44,1 kilosamples/seoond, the analvsis filterbank 205
divides the input signal into four subbands having ranges of frequencies as
shown above in Table L The lowest-frequency subband is used to form the

baseband signal.

Referring to the implementation shown n Fig. 9, the analysis filterbank 205
passes the lower-frequency subband signal as the bassband signal 1o the
temporal envelope estimator 213 and the modulator 214, The temporal
envelope estimator 213 provides an estimated temporal envelope of the
baseband signal 1o the modulator 214 and 1o the signal formater 225,
Preferably, baseband signal speciral components that are bslow about 500 Hz
ars either excluded from the process that estimates the temporz} 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 applving an
appropriate high-pass filier to the gignal that s analyzed by the temporal
envelope estimator 213 The modulator 214 divides the amplitude of the
baseband signal by the estimated temporal envelope and passes to the analysis
filterbank 213 1 representation of the baseband signal that is flattened
iemporally. The analysis filterbank 215 generates a frequency-domain
representation of the flattened baseband signal, which is passed to the encoder
220 for encoding. The analysis filterbank 215, as well as the analysis filterbank
212 discussed beiow, may be implemented by essentially any time-domain-to-
frequency-domain fransform; however, 2 transform like the O-TDAC transfomm
that implements & cnifically-sampled flterbank is generally preferred. The
encoder 220 is optional, however, its use is prefarred because encoding can
generally be used to reduce the informarion requirements of the fattened
baseband signal. The flattened baseband signal, whether in encoded form or

not, is passed io the signal formatter 223
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The analysis filterbank 203 passes the higher-frequency subband signal fo the
temporal envelope estimator 210 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 output signal
farmatier 225, The modulator 211 divides the ampittude of the higher-
frequency subband signal by the estimated temporal envelope and passes to the
analysts filtarbank 212 a repragsentation of the higher-frequency subband signal
that is flattened temporally. The enalysis filierbank 212 gonerates a frequency-
domain representation of the flattened higher-frequency subband signal. The
spectral envelope esiimator 720 and the speciral analyzer 722 provide an
estimated speciral envelops and one or more notse-blending parameters,
respectively, for the hngher-frequency subband signal i sssennally the same
manner as that described above, and pass this information fo the signal
formatier 225

The signal formatier 2235 provides an output signal along communication
channel 140 by assembling 2 representation of the fiattenad basshand signal,
the estimated temporal envelopes of the baseband signal and the hgher-
fraquency subband signal, the estimated spectral envelope, and the one or mare
notse-biending parameters o the output signal. The mdrvidual signals and
information are assembied mto & signal having a form that s surtable for
transmission or storage uemg essentially any desired formatung technigue as

described above for the signal formatter 723,

b} Temporal Brvelope Estimator
The temnporal envelope estimators 210 and 213 may be implemented in wide
variety of ways. In one implementation, sach of these estimators processss &
subband signal that 15 divided into blocks of subband signal sampies. Thess
blocks of subband signal samples are also processed by either the analysis

filierbank 212 or 215, In many practical implementations, the blocks ars
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arranged to cormin 2 number of samples that s a power of two and 15 greater
than 256 samples. Such z 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 aiso be adapted
in response io input signal characteristics such as the occurrence or absence of
large transients. Each block is further divided into groups of 256 samples for
iemporal envelope estimation. The size of the groups is chosen to balance a
tradeoff between the accuracy of the estimate and the amount of information

required to convey the estimate in the output signal.

In one implementation, the temporal envelope estimator caleulates 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 envelope for
that block. In another implementation, the temparal envelops estunator
calculates the mean value of the subband signal sample magnitudes in each
group. The set of means for the biock s the estimated temporal envelope for

that block,

The set of values in the estimated envelope may be encoded in a vanety of
ways. In one example, the envelope for each biock is represented by an initial
vate for the first group of samples in the block and a set of differential values
fhat express the relative vaiues for subsequent groups, In another exampie,
either differential or absolute codes are used in an adapiive manner to reduce

ine amount of information required to convey the values.

¢} Recejver
Fig. 10 shows a block diagram of one impizmentation of the receiver 142 ma
communication system that provides temporal envelope control using & time-
domain technigue. The deformatter 265 receives a signal from communication

channel 140 and obtains from this signal & representation of 2 flattened
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baeseband signal, estimated temporal envelopes of the baseband signal and 2
higher-frequency subband signal, an estimated spectral envelope and one or
more noise~-blending parameters. The decader 267 is optional but should be
usad to reverse the effects of any encoding performed 1in the transmitter 136 to

obtain z frequency~damain representation of the flattened baseband signal.

The synthesis filterbank 280 receives the freguency-domain representation of
the flattened baseband signal and generates & time-domain representation using
a technique frat ig irrverse to that used by the analysis flterbank 215 inihe
transmitier 135, The modulator 281 reseives the estimated temporal envelope
of the baseband signal from the deformatier 265, and uses this estimated
envelope to modulate the fiatiened baseband signal received from the synthesis
filterbank 280, This modulation provides 2 temporal shape that 1s substantially
{he same as the temporal shape of the original baseband signal before 1t was

flattened by the modulator 214 in the transmitter 138

The signal processor BOE receives the frequency-domain reprasentation of the
flatizned baseband signal, the estimated speciral envelope and the one or mores
noise-blending parameters from the deformatier 265, and regenerates spaciral
components in the same manner a5 that discussed above for the signal
processor 808 shown in Fig. 4, The regenerated spectral components are passed
to the synthesis filterbank 283, which generates a tme-domain representation
using & fechnique that is inverse 1o that used by the analysis filterbanks 212 and
215 mn the transmitier 136, The modulator 284 receives the estimated temporal
envelope of the higher-frequency subband signa! from the deformatier 265, and
uses this estimated envelope to modulate the regenerated speciral components
signal received from the synthesis filterbank 283 This moduiation provides &
temporal shape that is substanually the same as the temporal shape of the
original higher-frequency subband signal before it was flattened by the

madalator 211 in the transmiter 136,
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The modulated subband signal and the moduiated higher-frequency subband
signal are combined to form a reconstructed signal, which 15 passed fo the
synthesis filterbank 287. The synthesis filterbank 287 uses a technique inverse
to that used bv 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 received from path 115 by the

transmitter 136,

2. Frequenoy-Dromain Technigue
In the second method, the transmitter 136 determines the temporal envelape of
the input audio signal in the frequency domain and the receiver 142 restores the
same or substantially the same temporal enrvelope to the reconstructed signal m

the frequency domain.

a) Transmitter
Fig. 11 shows a block diagram of one impiementation of the transmitter 136 m
a communication system that provides temporal envelope control using 2
frequency-domain technique. The implementation of {his transmitter 15 very
similar to the implementstion of the fransmitter shown In Fig. 2. The prmcipal
difference is the terporal envelope estimator 707, The other components are
not discussed here in detail because their operation is essentially the same as

that described above in connection with Fig. 2,

Referring to Fig. 11, the temporal envelope estimator 707 receives from the
analysis filterbank 705 & irequenéy-ciomain representation of the input signal,
which it analyzes to derive an estimate of the temporal envelope of the input
signal, Preferably, spectral compoenents that are below about 500 Hz are either
excluded from the frequency-domain representation or are attenuated so that

they do not have any significant effect on the process that estimates the
i ¥ sigt P
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temporal envelope. The temporal envelope estimator 707 obtaing 2 frequency-
domain representation of a terporaiiy-flatiened verston of the input signal by
desonvolving 2 frequency-domain representation of the estimated temporal
snvelope and the frequency-domain reprasentation of the input signal, Thig
deconvolution may be done by convolving the frequency-domain
representation of the input signal with an inverse of the frequency-domain
representation of the estimaied emporal envelope, The frequency-domain
representation of & temporaliy-flattened version of the input signal is passed to
the filter 715, the baseband signal analyzer 710, and the spectral envelope
estimator 720. A description of the frequency-domain represeniation of the
estimated temporal envelope is passed to the signal formatter 725 for assembly
into the output signal that is passed along the communication channel 140,
b} Temporal Envelope Estimator

The ternporal envelope estimnator 707 mav be implemented in a number of
ways. The technical basis for one inplemeniation of the temporal ervelope
estynator may be explamed in terms of the linsar system shown m equation 2

Yty = h(z) - (1) 2
where p(f) = a signal to be transmitted

hizy = the wmporal enveiope of the signal io be transmutted;

the dot symbel {) denotes multiplication; and

x(ty = e temporaliy-fiat version of the signa! w1

Equation 2 may be rewnitten as:
YiE) = HIE] * X7 3)
where k] = & Fequency-domain representation of the input signal W1},
Hi{E = a frequency-domain representation of A7),
the gtar symbol (¥} denotes convolution; and

ATE: = & frequency-domain representation of x{7).
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Referning to Fig. 11, the signal p(7) is the audio signal that the transmitter 136
recerves from path 115, The analysis filterbank 705 provides the frequency-
domain representation YT] of the signal W) The temporal envelope estmator
707 obtains an estimate of the frequency-domain representation Hik] of the
signal's temporal envelope k(f) by sotving e set of equations derived from an
autoregressive moving average (ARMA) model of ¥[&] and ATk]. Additional
information about the use of ARMA modeis may be obtained from Proak:s and
Manoiaks, "Digital Signal Processing: Principles, Algonthms and
Applications " MacMilian Publishing Co, New York, 1988, See especialiv pp.
B18-821.

In & preferred umplementation of the transmitter 136, the filierbank 705 appiies
a wansform to biocks of samples representing the signal Y1) to provide the
frequency-domain representation FIE] armanged i blocks of ransform
coefiicients. Bach block of transform coefficients expresses 2 shori-time
specirum of the signal of the signal ¥7). The fregusnoy-domam repregentanion
XIE] i5 also arranged in blocks, Bach block of eosficients in the frequency-
domain representation ATk} represents a block of samples for the temporaly-
flat stgnal x{7) that 1s assumed o be wide sense stationary (WSS It s alse
assumed the cosfboients in sach block of the X[&] representation are
independently distnbuted {ID). Given these assumptions, the signals can be

expressed by an ARMA model as foliows:

}J

y
L
"

vy

I " |4 .
Y ayE-1i="b Xik-q] (4
i =t

Equation 4 can be solved for 4; and &, by solving for the autocorrelation of
Tk

L o
E{f[ﬁ:}-?fkwm}émw_/_;a,ﬁ"{}’{k——!}-F{f:——m}}—:«z(& ek gl vl -m] (5)

Jerl g=0

where E{ } denotes the expecied valuve fimetion;
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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 o
T ¥ ] -
Ry lm}= “Z“:Rﬁ* fm "ZIJFZbgRA'r Im—g} (&)
I=} =l
where Ryv[r] denotes the avtocorrelation of Tin}; and

Ry} denotes the crosscorrelation of Y{&) and A1

T we further assume the linear system represented by HYE] is only
autoregressive, then the second term on the right side of equation 6 15 equal 1©

. - 3 ~ - - - v L
the variance ¢y of Yk Baustion 6 can then be rewnitien as:

{ L
=Y aRyim =] for m>{
§oisl
Ryelml= j;—y‘a,}:ﬁ-gm ~lleel form=0 {7y
't F=t
§ £y fmi for m<0
Eguation 7 can be soived by inverting the fliowing set of linear equations:
Gnld) Rail KRBl - e TH [eF]
Rplll  Rplo]  Bpl-il - Rpl-L+l])a 0 !
= 1 {8
Rzl Rell Ryplol o Bpl-Le2lia| (oo |
Rlt] Rpli-0 Eyli-2] - Ryl led) Lo

Given this background, 1t 1s now possible 1o deseribe one impiementation of a
tempora} envelope estmator that uses frequency-domain techniques. In this
implemenation, the temporal envelope estimator 707 receives a frequency-
domain representation Y1£] of an mput signal {7} and caiculates the

antosorrelation sequence Rydm) for <L < m < L These values are used 1o
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construct the matnx shown m equation §. The matrix s then inverted 1o solve
for the coefficients g, 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 obiained by inverting the mairix cannot be solved directly
because the variance o7y 0of X7k] 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, e a},}. These coefficiants are unnormalized because the
squations wers solved for an arbitrary variance, The cosfficients can be
normalized by dividing each by the value of the first unnormatized coefficient
ay, which can be expressed as:

a; = 2 for 0 <<

Gy

§

A

L 9%

The variance can be obtained from the foliowing eguation.

62 = {10y
o

The set of normalized coefficienis {1, &y, ..., ar} represents the zeross of 2
flattening filter F that can be convolved with a frequency-domain
representation YTi} of an input signal 347} to obtain 2 frequency-domain
representation X1k of a temporaliy-fiattened version x(7) of the nput signal.
The set of normalized coefficients aiso represents the poles of a reconstruction
filter FR that can be convolved with the freguency-domain representation X£]
of a temporaiiy-flat signal x(7) 10 obtain 2 frequency-domain representation of
that flat signat having a modified tempora! shape substantially equal to the

ternporal envelope of the input signal 37},
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The femporal envelope estimator 707 comrvalves the fiatiening filter FF with
the frequency-domain representation I'TE] recerved from the filterbank 705 and
passes the temporaliy-flattencd result to the filter 715, the baseband signal
analyzer 710, and the spectral envelope estimator 720, A description of the
coefficients in flatiening filter 7 is passed to the signal formatter 725 for

assembly inio the output signal passed aleng path 140,

| ¢} Receiver
Fig, 12 shows a block diagram of one implementation of the receiver 142 ma
communication system that provides temporal envelope control using &
frequency-domain technigue. The implementation of this receiver is very
similar to the impismentation of the recetver shown in Fig. 4. The principal
difference is the temporal envelops regeneraior 807, The other components are
not discussed here in detail because their operation 15 essentially the same as

that deseribed above m connection with Fig, 4.

Referring to Fig. 12, the temporal enveiops regenerator 887 receives from the
teformatier 05 & descniption of as esfimated temporal envelope, which 15
convolved with a frequency-domain representation of a reconstructed signal.
The result obtained from the convolution s passed o the synthesis filterbank
825, which provides along path 145 an output signal thar 15 perceptuaily
indistinguishable or nearly indistinguishable from the original input signal

recerved from path 115 by the transmitter 136,

The temporal envelops regensrator 807 may be implemenisd m s number of
ways. In an implementation compatible with the implementation of the
envelope estimator discussed above, the deformatier 805 provides 2 set of
cosfficients that represeat the poles of & reconstruction filker FE, which is
convolved with the frequency-domain repragentation of the reconstructed

signal.
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Alternative impiementations are possible. In one alternative for the ransmitier
136, the spectral components of the frequency-domain representation received
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 15
derived for each subband and convolved with the frequency-domain
representation of each subband to temporally flatien 1t. The signal formatter
725 assembles into the output signal an identification of the estimated temporal
envelope for each subband, The receiver 142 receives the envelops
identification for each subband, obtams an appropriate regeneration filter FR
for each subband, and convolves it with a frequency-domain representation of

the corresponding subband n the reconstrucied signal.

In another alternative, multipie sets of coefficients {C}, ars stored in a table,
Coefficients {1, a,, ..., a,} for fatiening Slter FF are caloulated for an input
signal, and the calculated coeflicients are compared with each of the multple
sets of coefficients stored in the table. The set {7}, m the table that is deemed
to be closest to the caleulated coefficients 15 selected and vsed to flatten the
nput signal. An 1dentification of the set {{}; that is selected from the table s
passed fo the signal formatter 725 to be assembied into the output signal. The
receiver 142 recerves the wdentification of the set {C ), consulis & tabie of
stored coefiicient sets to obtamn the approprate set of coefiicients { (], derives
a regenseration filter FR that corresponds to the coefficients, and convotves the
filter with ¢ frequency-domain representation of the reconstructed sigmal. This

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

One way n which a set of cosfficients in the table may be selected is 1o define
2 farget point in an L-dimensional space having Buclidean coordinates egual to

the calculated coefficients (o, ..., a;} for the input signal or subband of the
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input signal. Each of the sets stored in the table aiso defines a respective point
in the L-dimensional space, The set stored in the table whoss associated point
has the shortest Buclidean distanee to the target point is deemed to be clogest to
the calculated cosfficients. If the table stores 256 sets of coefficients, for
exampie, an eight-bit number could be passed to the signal formatter 725 to

identify the selecied set of coefficients,

F. Implementations
The present invention may be implemented in a wide variery of ways. Anszlog
and dignal technologies may be used as desired. Various ssnects may be
implementad by discrete electrical components, integrated cirzuits,
programmable logic arrays, ASICs and other types of electronic components,
and by devices that execute programs of instructions, for example. Programs of
instructions mzy be conveysd by essentially any device-readable media such as
magnetic and optical storage media, read-only memory and programmabls

IMEMOoTY.
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Claims
1. A method for reconstructing an audio signal having a baseband portion and a highband
portion, the method comprising:

obtaining a decoded baseband audio signal by decoding an encoded audio signal,
wherein the encoded audio signal 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 is capable of varying dynamically;

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 an
estimated spectral envelope of the highband portion, a spectral envelope of the high-
frequency reconstructed signal, wherein the estimated spectral envelope is extracted from the
encoded audio signal, and wherein a frequency resolution of the estimated spectral envelope
is adaptive;

generating a noise component based on a noise parameter, wherein the noise
parameter is extracted from the encoded audio signal, and 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;

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