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DESCRIPTION

RECONSTRUCTION OF THE SPECTRUM OF INW AUDIOSIGNAL WITH INCOMPLETE SPECTRUM EBSED
O FREQUENCY TRANSLATION

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

matntaning & 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 a result there Is considerable interest among those in the fislds 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 guality

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

Two principle considerations drive the desizn of systems intended for audio
{ransmussion and storage: the need to reduce information requirements and the
need to ensure 2 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 percepiual requirements are usualiy

dictated by the application.

Traditional methods for reducing information requirements invokve

transmitting or recording only & selected portion of the input signal, with the
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remainder being discarded. Preferably, only that portion desmed to be sither
redundant or perceptually trreievant is discarded. If additional reduction is
required, preferably only & 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 or record only a portion of & signal, referred o herein as a
"baseband signal”, which contains only the perceprually most refevant portons
of the signal's frequency spectrum. A receiver can regenerate the omitied
portion of the voice signal from nformation contained within that basehand
signal. The regencrated signa! generally is not percepiually identical to the
original, but for many applications an approximate reproduction is sufficient.
On the other hand, applications designed to achieve 2 high degree of fideliry,
such as high-guality music applications, generally require a higher quality
output signal. To obtain 2 higher quality output signal, it is generally necessary
to transmit & greater amount of information or to utilize 2 more sophisticated

method of generating the output signal.

One technigue used in connection with speech signal decoding is known as
high frequency regeneration {"HFR*}. A beseband signal containing only low-
frequency components of z signal is transmitted or stored. A recetver
regenerates the omittsd high-frequency components based on the contents of
the received bassband signal and combinzs the baseband signal with fhe
regenerated high-frequency components to produce an output signal, Although
the regenerated high-frequency components are generaliy not identical to the
high-frequency components in the original signal, this technique can produce
an output signal that iz more satisfactory than other techniques that do not use
HFF. MNumerous variations of this technigue have been developed in the area of
speech encoding and decoding. Three common methods used for HFF are

spectral folding, spectral translation, and rectification. A description of these
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techniques can be found in Makhou! and Berouti, “Hieh-Freguenoy
Regeneration in Spesch Coding Sysiems", JCASSP 1979 IEEE International
Conf. on Acoust., Speech and Signal Proc., April 24, 1679,

Although simple o implement, these FIFR techniques are usually not suitabie
far high quality reproduction systems such as those used for high qualiﬁy
music. Spectral folding and spectral transtation can produce undesirabie
background tones. Rectification tends to produce results that are perceived to
be harsh. The inventors have noted that in many cases where these iechniques
have produced unsatisfaciory results, the techniques were used in bandiimited
speech coders where HFR was restricted 1o 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 to the tone and noise
characteristics of signals, and the second problem is related to the temporal
shape or envelope of regenerated signals. Many natura! signals contain & noise
component that Increases in magnitude as a function of frequency. Enown HER
techniques repenerate high-frequensy components from a baseband signal but
fanl to reproduce a proper mix of tone-itke end noise-like components in the
regenerated signat at the higher frequencies. The regenerated signal ofien
contains a distnot high-frequensy “buzz” atiributable to the substitution of
tone-iike components in the baseband for the original, more noise-tike high-
frequency components. Furthermore, known HFR techniques fai! to regenerate
spectral components in such a way that the temporal envelope of the
regeneratec signal preserves or is at least similar to the temporal envelope of

the original signal,

A number of mere sophisticated HFR techmiques have been developed that

offer improved results; however, these techniques tend io be either speech
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specific, relying on characteristics of speech that are not swiable for music and
other forms of audic, or require extensive computational resources that cannot
be implemented economicaliy.
DISCLOSURE OF INVENTION
It is an object of the present invention o provide for the processing of audic
signals to reduce the quantity of information required 1o represent 2 sigmal
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 z wide range of audio

stgnals including voice.

Acrcording to one aspect of the present invention in a transmitter, an output
signal 1s 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 speetral envelope of & residual signal having
speetral components of the audio signal that are not in the baseband signal;
deriving a noise-blending parametsr from & measure of noise content of the
residual signel; and assembling date representing the frequency-domain
representation of the baseband signal, the estimated spectral envelope and the

notse-blending parameter into the output signal.

According to another aspect of the present invention in a receiver, an andio
signal 15 reconstructed by receiving a signal containing data representing 2
baseband signal, an estimated spectral envelops and 2 noise-blending
parameter; obtaining from the data & frequency-domain representation of the
baseband signal; obtaming a regenerated signal comprising regenerated speciral
components by transiating spectral components of the baseband in frequency;
adjusting phase of the regenerated spectral components to maintein phase

coherency within the regenerated signal; obtaining an adjusted regenerated



5.

signal by obtaining & noise signa! 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-biending 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.

Other aspects of the present inveniion are described below and set forth in the

claims.

The various features of the present invention and its preferred implementations
may be bstter understood by referring to the following discussion and the
accompanying drawings inrwhich like reference numerals refer io like elements
mn the several Sgures. The contents of the following discussion and the
drawings are sef forth as exampies only and should not be undersiood to

represent limitations upon the scope of the present invention.,

BRIEF DESCRIPTION OF DRAWINGS

Fig. 1 iliustrates mejor components in a communications system.
Fig. 2 15 2 blook diagram of 2 transmitter.

Figs. 34 and 3B are hypotnetical graphical iltustrations of an andio signal and &

corresponding baseband signal.

—

Tig. 4 15 2 biock diagram of a recetver,
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Figs. 5A-5D are hypothetical graphical illustrations of & baseband signal and

signals generated by translation of the baseband signal.

Figs. 6A-5G are hypothetical graphical illusivations of signals obtained by
regenerafing high-frequency components using both spectral translation and
noise blending.

Fig. 6H 15 an illustradon of the signal in Fig. 6 afier gain adiustment.

Fig. 7 is an iliustration of the baseband signs! shown in Fig. 6B combined with

the regensrated signal shown in Fig. 651

Fig. 84 15 an illustration of 2 signal's temporal shape.

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

signal through a process of spectral transiazion.

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

envelope control has been performed.

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

temporal envelope control using time-domain technigues,

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

using time-domain techmgues,

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

temporal envelope control using frequency-domein technigues.



-7 -

Fig. 12 is 2 block diagram of a recerver that provides temporal envelope control
B i

using frequency-domain technigues.

MODES FOR CARRYING OUT THE INVENTION
A Overview

Fig. 1 tllustrates major components in one example of a communications
systsm. An information source 112 generates an audio signal along path 115
that represents essentially any type of audio informanon such as speech or
music. A transmiftar 136 receives the audio signal from path 115 and processes
the information nto a form that is'suttable for transmission through the channel
140, The transmitter 136 may prepare the signal 1o maich the physical
characterisues of the channel 140, The channel 140 may be 2 transmission path
such as electrical wires or optical fibere, or it may be  wirsless communication
path through space. The channel 140 may also include 2 storage device that

ecords the signal on & storage medium such as a magnetc fape ar disk, or an
optical dise for later use by a receiver 142, The receiver 142 may perfomm &
variety of signa} processing functions such as demodulation or desoding of the
signal recerved from the channel 140, The output of the receiver 142 1s passed
along a path 145 to & transducer 147, which converts 1 into an output stgnal
152 that 15 suitabie for the user. In a conventional audio playback system, for
exampie, loudspeakers serve as transducers 1o converi electrical signals nto

acoustic signals.

Communication systems, which ars restricted 1o transmiting over 2 channe!
that has & limited bandwidth or recording on a medium that has hmited
capacity, encounter problems when the demand for information excesds this
available bandwidth or capacity. As a result there is a continuing need in the
fietds of broadeasting and recording to reduce the amount of information
required to transmit or record an audic signal intended for human perception

without degrading 115 subjective quality. Similarly there is a need 1o tmprove
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the quality of the output signal for & given transmission bandwidth o7 storage

capacity.

A technigque used m connection with speech coding is known as high-frequency
regeneration ("FIFR"). Only a baseband signal containing low-frequency
components of 2 speech signal are transmitied or stored. The recerver 142
regenerates the omifted high-frequency componsnts 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, known HFE techniques produce regensrated high-frequency
components that are easily distinguishable from the high-frequency
components in the original signal. The present invention provides an improved
technique for spectral compenent regeneration that produces regenerated
spectral components peroeptually more similar to corresponding spectral
components in the original signal than ts provided by other known techmiques.
t is important to note that although the technigues described herein are
sometimes referred o as high-frequency regeneraiion, the present invention 1s
not limited to the regeneration of lngh—frequency compenents of a signat. The
techmques descrived below may also be utilized to regenerate spectral

components in any part of the spectrum,

B. Transmitter
Fig. 2 1s a block diagram of the transmitier 136 according 0 one aspect of the
present invention. An input audio signal is recetved from path 115 aad
processed by an analysis filterbank 705 to obiain & freguency-domain
representation of the input signal. A baseband signal analyzer 710 determines
which spectral components of the input signal ars to be discarded. A filter 715
removes the speciral components {0 be discarded to produce & baseband signal
consisting of the remaining spectral components, A speciral envelope estimator

720 obtamns an estimate of the input signal's speciral envelope. A spectral
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analyzer 722 analyzes the estimated spectral envelope fo determing noise-
blending parameters for the signal. A signal formatter 725 combines the
estimated speciral envelope information, the noise-biendin 2 parameters, and
the baseband signal into an output signal having a form seitable for

transmission of storage,

1. Analyvsis Filterbanic
The analysis filterbank 705 may be implemented by essentially any time-
domain to frequency-domain transforme. The transform used in a preferrad
implementation of the present invention is deseribed in Princen, Johnson and
Bradiey, "Subband/Transform Coding Using Filter Bank Designs Basged on
Time Domain Altasing Cancellation,” JUASSP 1087 Conf. Proc., May 1987,
pp. 2161-64. This transform 1s the time-domain equivaient of an oddiy-stacked
critically sampled singie-sideband analysis-synthesis system with time-domain

aliasing canceliziion and is referred o herein as "O-THDACY.

According to the O-TDAC technique, an audic signal is sampled, quantizad
and grouped into & series of overlapped time-domain si enal sample blocks,
Each sample block is weighted by an analysis window functior. This is
cguivalent to a sample-by-sample multiplication of the signal sample block.
The O-TDAC technigue applies a modified Diserete Cosine Transform
{"DCT") 1o the weighted time-domain signa! sample blocks to produce sets of
transiorm coefficients, referred to hersin as “ransform biocks", To zchieve
critical sampling, the technique retains only half of the spectrat coefficients
prior 10 transmission or storage. Unfortunasely, the retention of onty half of the
spectral coefficients causes a complementary inverss transform to generate
time-domain aliasing components. The O-TDAC technigue can cancel the
aliasing and accurately recover the input signal. The tength of the blocks may
be varied m response to signal characteristics using techmques that are known

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

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

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

synthesis windows must be designed 1o mest strict criteria.

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

subbands having ranges of frequencies as shown in Table L

Band Freguency Range
(kiiz)

L5 2 B RN
1%

2. Baseband Signal Analvzer
The baseband signal analyzer 710 selects which spectral components to discard
and which spectral components to retain for the baseband signal, This seiection
can varv depending On input signal characisristios o7 it can remain fixed
according to the needs of an application; howsver, the mventors have
determined empirically that the perceived quality of an audio signal
deteriorates 1if one or more of the signal's fundamental frequencies are

1

discarded. It is therefore preferable to preserve those portions of the spestrum
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that contain the signal's fundamental freguencies Because the fundamental
frequencies of voice and most natural musical instruments are generally 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
kHz 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 fixed cutoff irsquency to the filier 715 and the speciral
analyzer 722 In an altsmative Implementation, the baseband signal anaiyzer
710 is eltminatad and the filer 715 and the spectral analvzer 722 operate |
according io the fixed cutoff frequency. In the subband structure shown zhove
in Table I, for exampie, the spectral components in only subband O are retamed
for the baseband signal. This choice Is also sultable because the human ear
cannot easity distinguish differences in pitch above 5 kEz and therefors cannot

easily discem Inaccuracies in regenerated components above this frequency,

The choice of cutoff frequency affects the bandwidth of the baseband signal,

wich in turn influences & tradeoff between the mformation capasi

=

requirements of the cutput signal generated by the tansmitier 136 and the
percerved quality of the signal reconstrusted by the recerver 142 The parearved
quality of the signal reconstrucied by the receiver 142 i3 influenced by three

factors that arz discussed in the following paragraphs.

The first factor 15 the acourasy of the baseband signal representation thatis
tramsmitied or siored. Generally, if the bandwidth of 2 baseband signat 15 held
constant, the percerved cuality of 2 reconstructed signal will increase 28 the
asouracy of the baseband signal representation is increased. Inaccuracies
represent noise that will be andible in the reconstructed signal if the
maccuracies are large enough. The notse will dagrade both the perceived
quaiity of the baseband signal and the spectral components that are regenerated

from the baseband signal. In an exemplary implementation, the baseband signal
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representation is a set of frequency-domain transform coefficients. The
accuracy of this represantation 1 controlled by the number of bits that are used
16 exprass each transform coefficient. Coding fechnigues can be used to convey
a given level of accuracy with fewer biis; however, a basic tradeoff between
baseband signal accuracy and information capacity requirements exists for any

given coding techmague,

The second factor is the bandwidth of the baseband signal that 13 transmitied or
stored. Genérally, if the ascuracy of the bassband signal representation is held
constant, the percetved quality of 2 reconstructad signa! will increase as the
bandwidth of the baseband signal is increased. The use of wider bandwidth
baseband signals allows the receiver 142 io confine regenerated speotral
components to higher frequencies where the human auditory system s less
sensitive to differences in temporal and spectral shape. In the examplary
implementation mentioned above, the bandwidth of the bageband signal 15
conirolied by the number of transform cosfficients in the representation.
Coding t2chnigues can be used to convey & given number of coeffizents with
Tewer bits: however, a basic tradeofi betwesn baseband signal bandwidth and

information capacity requirsments exists for any given coding technique.

The third factor 15 the information capacity that is reguirad {0 transmit or store
the basshand signal representation, If the informaton capacity requirement is
held constant, the baseband signal acouracy will vary inversely with the
bandwidth of the baseband signal The needs of an application will generalty
dictate 2 particular information capacify requirsment for the output signal that
is generated by the transmitter 136, This capacity must be aliocated to vanous
portions of the output signal such as & baseband signal representation and an
estimated spectral envelope. The allocation must balance the needs of 2 number
of conflicting interssts that are well known for communication systems. Within

this allocation, the bandwidth of the baseband signal should be chosen fo
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balance a tradeofl with coding accuracy to ontimize the perceived ouality of the
£ I P 1

reconstrusted signal,

3. Spectral BEnvelope Estimator
The spectral envelope estimator 720 anaiyzes the audio signal to extract
information regarding the signal's spectral envelope. If available information
capecity permits, an implementation of the wansmitter 136 preferably obtains
an estimate of a signal's spectral envalope by dividing the signel's spectrum
into frequency bands with bandwidths approximating the human ear's critical
bands, and extracting information regarding the signal magnitude in zach band.
in most appiications having limited information capasity, however, it is
preferable to divide the spectrum info a smalier number of subbands such as the
arrangement shown above in Table I Other variations may be used such as
calculating a power spectral density, or exiracting the average or maximum
amplitude 1 each band. More sophistcated techniques can provids higher
quality i the output signal but generally require greater computations!
resources. The chotce of method used to obtain an esumated spectral envelope
generally has practcal implications bscause it generally affects the pereeived
quality of the communication systers; however, the choice of method ic not

critical in principle. Egsentially any technicus may be used as desired,

In one implementation using the subband structure shown tn Tabie I the
spectral envelope estimator 720 obtains an esumate of the spectral envelope
only for subbands ¢, | and 2. Subband 3 is exctuded 1o reduce the amount of

information required to represent the estimated speoiral envelope,

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

signal analyzer 710, which identifies the speciral 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 a noise component for transiated
spectral companents. A preferred implementation minimizes date rate
requirements by computing and transmitting a single noise-blending parameter
1o be applied by the receiver 142 to all transiated components. Noise-blending
parameters can be calculated by any one of a number of different methods. A
preferred method derives a single noise-blending parameter equal to a spectral
flatness measure thet is calculated fom the ratio of the geometric mean to the
anithmetic mean of the short-time power spectrum. The ratio gives 2 rough
indication of the flatness of the spectrum. A higher speciral flamess measure,
which indicates a flatter spectrum, also indicates a higher notse-blending level

15 appropriate.

In an alternative implementation of the transmitter 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 each
subband. This more accurately defines the amount of notse to be mixed with
the transiated frequency content but it also requires & higher data rate o

transmit the additional noise-blending parameters.

5. Baseband Signal Filter
The filter 715 receives information from the baseband signal anabyzer 710,
wiich tdentifies the specual components that are selected fo be discarded from
a baseband signal, and eltminates the selected Fequency components to obiain
a frequency-domam representation of the bassband signal for transmission or
storage. Figs. 34 and 3B are hypotheiical graphical illusirations of an audio
signal and 2 corresponding baseband signal. Fig. 3A shows the spestral
envelope of 2 frequency-domain-representation 600 of 2 hypothetical audio

signal. Fig. 3B shows the spectral envelope of the baseband signal 610 that
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remains after the avdio signal 1s processed to eliminate selecied high-frequency

components.

The filter 715 may be tmplemented in essentially any manner fthat effectivaly
removes the frequency components that are seleciad for discarding. In one
inplementation, the filter 715 applies & frequency-domain window fimetion to
the frequency-dormain representation of the input audio signal. The shape of the
window function 15 selected fo provide an appropriate trade off between
frequency selectivity and attenuation against time-domain effects in the outpus

audic signal that 15 vitimately generated by the recefver 142

£, Signa! Formatter
The signal formatier 725 generates an qutput signa! along communication
channe! 140 by combining the estmated speciral envelope information, the one
or more noise-blending parameters, and & represantation of the baseband stanal
mio an output signal having a form suiteble for transmission or storage. The
individual stgnals may be combined in essentially any manner. In many
applications, the formatter 725 multiplexes the individua! signals into 2 serial
bit stremm with appropriate synchronization patterns, error detection and
correction codes, and other information that 1s pertinent sither to transmission
or storage operations or to the application In which the andic information is
used, The signal formatier 725 may also encode all or portions of the output
signal io reduce information capacity requirements, I provide security, or io

put the ontput signal into a form that facilitates subsequen: usage.

C. Receiver
Fig. 4 1s a block dingram of the receiver 142 according to one aspect of the
present invention. A deformatier 805 receives 2 signal from the communication
channe! 140 and obtains from this signal 2 baseband signal, estimated spectral

emvelope mformation and one or more noise-blending parameters. These
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elements of information are transmitied to a signal processor 808 that
comprises a spectral regenerator 810, a phase adjuster 815, 2 blending filter 818
and a gain adjuster 820. The spectral component regenerator 816 determines
which spectral components are missing from the baseband signal and
regeneratzs them by translating all or at least some spectral components 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 to ensure
phase coherency. The blending filter £18 adds one or more noise somponents
to the transiaied components accerding fo the one or more noise-blending
parameters received with the baseband signal, The gain adjuster 820 adjusts the
amplitude of spectral components in the regenerated signal accordmg o the
esiimated spectral envelope information received with the beseband signal. The
translated and adjusted spesiral components are combined with the baseband
signal to produce a frequency-domatn representation of the cutput signal. A
synthesis filierbank 825 processes the signal to obtain a time-domain

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

1. Deformatter
The deformatter 805 processes the signal received from COMMURICELOn
channe! 140 in a manner that is complementury to the formatting process
provided by the signal formatier 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 emor correction and
detection codes to identify and rectify errors that were introduced into the bit
stream during transmission of storage, and operates as & demuitipiexer 1o
extract a representation of the baseband signal, the estimated spectral envelope
information, one or more noise-blending parameters, and any other information
faat may be pertinent to the application. The deformatter 805 may also decode

2l or portions of the serial bit stream to reverse the effects of any coding
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provided by the transmitier 136, A frequency-domain representation of the
baseband signal s passed io the spectral component regenerator 810, the noise-
blending parametsrs are passed {o the blending filter 818, and the speciral

envelope information i 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 ieast some of the speciral
components of the baseband signal o the losations of the missing components
of the signal. Spectral components may be copied into more than one mnderval
of freguencies, thereby allowing an output signal to be genaraed with &

bandwidth greaier than twice the bandwidth of the baseband signal,

in an mmplementation of the recetver 142 that uses only subbands Gand |

shown above in Table I, the baseband signzl contzins no spectral components
above g cutoff frequency at or about 5.5 kHz. Spectral components of the
baseband signal are copied or wansiated w a range of fraguencies from about
2.5 k7w abour 11.0 KMz, If 2 16.5 k¥ bandwidth is desired, for example, the
speciral components of the baseband signal can aiso be translated into ranges of
frequenciss from about 11.0 kEz 1o about 16.5 k¥iz. Generally, the speciral
components are transiated into non-overiapping frequency ranges such that no
gap exists in the spectrum including the baseband signal and gl copied special
components; however, this feature 1s not essenual, Spectral components may be
transizied Info overlapping frequency rangss and/or mio frequency ranges with

eaps i the spectrum m essentially any manner as desired.

e choice of which spectral components should be copied can be vaned io
suit the particular application. For example, speciral components that are
copied nead not start at the lower edge of the bassband and need not end at the

upper egge of the baseband. The percerved quality of the signal reconsiructed
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by the recerver 142 can sometimes be mmproved by exciuding fundamental
frequencies of voice and instruments and copying only harmonics. This aspect
Is incorporated into one implementation by excluding from transiation those
baseband spectral componsnts that are below about 1 kHz. Referring to the
subband structure shown above in Table I 2s an example, only spectral

comportents from about 1 kEz to about 5.5 kiz are transiated.

If the bandwidth of all spectral components to be regenerated 15 wider than the
bandwidth of the baseband spectral componsenis 1o be copied, the baseband
spectral componsnis may be copied in & circuiar manner starting with the
towest frequency componant up 1o the highest frequency component and, if
necessary, wrapping around and conttnuing with the lowest frequency
component. For example, referring to the subband strucrure shown in Table L +f
only baseband spectral components from about 1 kHz to 5.5 iz are te 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 | kHz to 5.5 kHz are copied to respective frequencies
from about 5.5 i to 10 kHz, the same baseband spectral components from
about 1 ¥Hz to 5.5 kHz are copied again {o respective frequencies from about
10 kHz to 14.5 ¥z, and the baseband speciral component from about | kHz 1o
3 kHz are copied to respective frequencies from gbout 14.5 kHz 1o 16.5 kidz
Alternatively, this copying process can be performed for each individual
subband of regenerated components by copying the lowest-frequency
component of the baseband to the lower edpe of the respective subband and
continuing through the baseband spectral components in e circuiar manner as

necessary o complete the translation for that subband.

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

transtation of spectral components within the baseband signal. Fig. 5A shows 2
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hypothetical decoded baseband signal 800, Fig. 5B shows spectral components
of the baseband signal 905 transtated to higher frequencies. Fig. 5C shows the
baseband signal components 910 translated multipls times to higher
frequencies. Fig. 5D shows a signal resulting from the combmation of the

transiafed components 515 and the baseband signat 920,

3. Phase Adjuster
The translation of spectral components may creaie disconfinuitizs in the phase
of the regenerated components. The O-TDAC transform implementation
described above, for example, as well as many other possibie implementanons,
provides frequency-domain representations that are arranged in blocks of
transform coefficients. The translated speciral components are also arranged m
bincks. If spectral components regenerated by franslation have phase
discontinuities berween successive blocks, audible arofacts in the owtput audio

signal are likely to ocour.

The phase sdiester 815 adjusts the phase of each regenerated specual
component (¢ mainiain a consistent or coherent phase. In an implementation of
the recerver 1472 which employs the O-TDAC transform described above, each
of the regenerated spectral components is multiplied by the complex vaiue %%,
where A represents the Fequency interval each respective spectral component
1s transiated, expressed as the number of wansform coeficients fhat correspond
to that frequency mterval, For example, if 2 spectral component is translated to
the frequency of the adjacent componen, the transtation interval Aw 15 equal to
one. Alternative implemeniations may require ¢ifferent phase adiosunent
techniques appropriate to the parmcular implementation of the synthesiz

filterbank BIZ5,

The translation process may be adapied to maich the regensrated components

with harmonics of significant spectral components within the baseband signal.
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Two ways in which translation may be adapted 1s by changing etfher the
specific spectral components that are copied, or by changing the amount of
transiation. 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 tlock to block or if the amount of frequency transiation 15 changed from
block to block, it is very likely the regenerated components will not be phase
coherent. It 15 possible 1o adapt the transiation of spectral corponents but care
must be taken 1o ensure the andibility of artifacts caused by phase incoherency
is not significant. A system that employs sither multiple-pass techniques or
look-ahead techniques could identify intervals during which transiation could
be adapted. Blocks representing intervals of an audio signai in which the
regenerated spectral components are deemed to be inaudible are usually good
candidates for adapting the translation process.

4 Noize Blending Filier
The blending filter 818 generates & noisé component for the ranslated spectral
components using the noise-blending paremeters received from the deformatter
80S. The blending fitter 818 generates a noise signal, computes & noise-
blending function using the noise-blending parameters and utilizes the notse-
blending fimetion to combine the noise signal with the rranslated spectral

components.

A noise signal can be generated by any one of 2 variety of ways. In a preferred
impiementation, & noise signal 15 producad by generating 2 seguence of random
numbers having & distribution with zero mean and venance of one. The
blending filter 818 adjusts the noise signal by multiplying the noise signal by
the noise-blending functior. If 2 single noise-biending parameter is used, the
noise-biending function generally should adjust the noise signal to have higher

amplitude at higher frequencies. This foliows from the assumptions discussed
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above that voice and natural musical mstrument signals fend o contain mors
noise at higher frequencies. In e preferred implementation when spectral
components are transiated o higher frequencies, a noise-blending function has
2 maximum amplitude at the highest Trequency and decays smoothly 1o 2

minimum valoe at the lowest frequency at which notse is bisnded.

One implementation uses e notse-blending funotion N(E) as shown in the
following expression:
[ k-k A
N{k) = max T@w@ Eet, 00 for kum <k Sk (1)
xR

where max(x, V) = the larger of x and y;

B = a noige-blending paramster based on SFM;

k= the index of regenerated speciral components;

by = Dighest frequency for spectral component regeneration; and

Eagne = lowest frequency for spestral component regensration,

In this inplementation, the value of B varies from zero to one, where one
indicates a flat spectrum that 1s typical of & noise-like signat and zero indicates
a spectral shape that 1s not flat and is typical of 2 tone-iike signal. The value of
the gquotient in equation 1 varies from zers to one as £ increases from kygw o
k. I B 1s equal to zerp, the first {erm in the "max" function varies from
negative one 1o zerg; therefore, N(&Y will be equal to zero throughout the
regenerated specirum and no notss 18 added 1o repenerated spectral
components. I¥ 5 15 equal 1o one, the first 12rm in the "max” funciion vanes
from zero 10 one; therefore, N{E) moreases linewly fom zero at fhe lowest
regenerated frequency Ly op 1o & value equal 10 one af the maxmum
regenerated frequency Ky IF B has 2 value berween zero and one, N(K) 15
equal to zero from ke up to some frequensy between kupe and K, and
incrzases hinearly for the remainder of the regenerated spectrum. The amplitude

of the regenerated spectral components 15 adjusted by multiplying the
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repenerated components with the noise-blending function. The adjusted noise

signal and the adjusted regenerated spectral components are combined,

This particular implementation deseribed above s merely one suitable

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

Figs. 6A throvgh 6( are hypothetical graphical illustrations of the spectral
envelopes of signals ebtained by regenerating high-frequency components
using both spectral franslation and nose blending, Fig. 64 shows z
hypothetical input signal 410 to be transmitied. Fig. 68 shows the baseband
signal 420 produced by discarding high-frequency components. Fig. 5C shows
the regensrated high-frequency components 431, 432 and 433, Fig. 6D depicts
a possibie notse-blending function 440 that gyves greater weight to noise
components at higher frequencies. Fig. 5Z is a schematic iliustration of a noiss
signal 445 that has been multipiied by the notss-biending function 440. Fig, 6F
shows a signal 450 generated by multiplving the regenerated igh-frequency
components 431, 432 and 423 by the inverss of the noise-blending function
440, Fig. 6 15 a schemauc :llustration of 2 combined signal 460 resulting from
adding the adjusted notse signal 445 o the adjusted high-frequency
components 450, Fig. 63 is drawn to ilustrate schematically that the high-
frequency portion 430 contains & mixture of the fransiated 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. Fip. 6H is & hypothetical illustration of the spectrzl envelope of signal 460
shown in Fig. 6G after gain adjustment. The portion 510 of the signal
containing  mixture of translated spectral components and noise has been

given a spectral envelope approximating that of the origing! signal 410 shown
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in Fig. 64 Reproducing the spectral envelope on 2 fine seale 15 generally
unnecessary because the regenerated spectral components do not exactly
repraduce the speatral components of the ariginal signal. A translated haomonic
series generally will not equal an harmonic senies; therefore, it is generally
impassible to ensure that the regenerated output signai is identical to the
original input signal on a fine scale. Coarse approximations that match the
spectral energy within a few enitical bands or less have been found to worl
well. It should also be noted that the use of a coarse estimate of spectral shape
" rather than & finer approximation 1s generally preferred because a coarse
estimate imposes lower information capacity requirements upon transmission
channels and storage media. In audio applications that have more than one
channel, howeaver, aural imaging may be improved by using finer
approximations of spectral shape so that more precise gain adjustments can be

made to ensurs a proper balance between channeis,

&. Synthests Filierbank
The gain-adjusted regenerated speciral somponsnts provided by the gain
adjuster 820 are combined with the fraquency-domain representation of the
baseband signal recetved from the deformaetier 885 1o form a frequency-domain
representation of z reconstructed signal. This may be done by adding the
regenerated components to corresponding components of the baseband signal.
Fig. 7 shows & hypothetical reconstructed signal obtained by combining the
baseband signal shown in Fig. 6B with the regenerated components shown m

Fig. 6K

The synthesis filterbank 823 transforms the freguency-domain representanon
1nto 2 fime domain representation of the reconstructed signal, This filterbank
1

can be implementad in essentially any manner but i should be mnverse & the

flterbani 705 usad in the transmitter 138, In the preferred implemeniation
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discussed above, recetver 142 uses O-TDAL synthesis that applies an inverse

modified DCT.

D, Alternative Implementations of the Iaveniion
The width and iocation 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 alternative implementation, the {ransmuttar
136 generates a baseband signal by discarding multipie bands of speciral
components, thereby creating gaps in the spectrum of the baseband signal.
Duning spectral component regeneration, portions of the baseband signal are

transiated io regenerate the missing spectral components.

The direstion of fransiation can also be varied. In another implementation, the
fransmitter 136 discards speciral components at iow freguencies to produce 2
baseband signal located at retatnvely higher frequensies. The recerver 142
iransiates portions of the high-frequency bassband signal dovwn to tower-

frequency locations to regensrate the missing spectral components.

E. Tempora! Ervelope Control
The regeneration techniguas discussed above are able to generate &
reconstructed signal that substantially preserves the spectral envelope of the
input audio signal; however, the rempors! envelope of the input signal
generally is not preserved. Fig. 84 shows the temporal shape of an audio signal
860. Fig. 8B shows the temporal shape of 2 reconstructed output signal 870
produced by deriving & baseband signal from the signa! 860 in Fig. 84 and
regenerating discarded spectral components through & process of spectral
component ansiation. The temporal shape of the reconstructed signal 870
differs significantly from the temporal shape of the onginal signal 860.

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

ervelope are discussed balow.

1. Time-Domain Technique
In the first method, the transmitter 136 determines the temporal envelope of the
input audie signal in the time domain and the receiver 142 restores the same or
substantially the same temporal envelope to the reconstructed signal in the time

dornain,

a} Transmiter
Fig. 9 shows & block diagram of one 1mplementation of the transmitier 136 mz
communication system that provides temporal envelope conirol using & time-
domain technigue. The analysis filterbank 203 receives an input signal from
path 115 and divides the signal into muluple frequency subband signals. The
figure iliustrates only twoe subbands Tor iltustrative clanty, however, the
analysis filterbank 205 may divide the inpui signal into any integer number of

subbands that 15 greater than one,

The analysis filierbank 205 mav be implemented i essentialiv any manner
such a5 one or more Quadrature Mirror Filters (QMF) connected in cascads of,
preferably, by 2 pseude-URE technigue that can divide an input signal mto any
integer number of subbands in one fiter stage. Additional information about
the pseudo-(iF techmgue may be obtained from Vaidvanathan, "Multirats

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

One or more of the subband signals are ussd o form the bassband signal, The
remaiming subband signals contain the speciral components of the input signal
that are discarded. In many applications, the baseband zigna! is formed fom

one gubband signal representing the lowest-frequency spectral components of

the input signal, bur this is not necessary m principle. In one preferred
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implementation of 2 system for transmitting or recording an input digital signal
sampled at 2 mate of 44,1 kilosamples/second, the analysis filterbank 205
divides the input signal into four subbands having ranges of frequencies as
shown above in Table I The lowest-frequency subband is used to form the

baseband signal.

Referring to the implementation shown in Fig. 9, the analysis filterbank 205
passes the lower-frequency subband signal as the baseband signal to the
temporal envelope estimator 213 and the modulator 214, The temporal
envelope estimator 213 provides an estimated temporal envelope of the
baseband signal to the modulator 214 and 1o the signal formatier 225,
Preferably, baseband signal spectral components that are below about 500 He
are either excluded from the process that estimates the femporal envelope or are
ateenuated 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 10 the gignal that s analyzed by the temporel
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 a representation of the baseband signal that is flattened
temporally. The analysis filterbank 215 generates a frequency-domain
representation of the fatiened baseband signa!, which is passed to the encoder
220 for encoding. The analysis filterbank 213, as well as the analysis filterbank
2172 discussed below, may be implemented by essentially any time-domain-to-
frequency-domain fransform; however, 2 transform like the C-TDAC transform
that implemenis & cntically-sampled filterbank is generally preferred. The
encoder 220 s optonal, howsver, its use s preferred because encoding can
generaliv be used to reduce the information requirements of the fattened
baseband signal. The flatiened baseband signal, whether in encoded form or

not, 15 passed 1o the signal formatier 225
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The analysis filterbank 205 passes the higher-frequency subband signal to the
temporal envelope estimator 210 and the modulator 21 1. The temporal
envelope esiimator 210 provides an estimated temporal eavelope of the higher-
frequency subband signal to the modulator 211 and to the output signal
formatter 225, The modulator 211 divides the ampittude of the higher-
frequency subband signal by the estimated temporal envslope and passes to the
analysis filtarbank 212 a representanion of the higher-frequency subband signal
that 1s fattened temporally. The enalysis filtarbank 212 generates a frequency-
domain representation of the flattened higher-frequency subband signal. The
spectral envelope estimater 720 and the spettral analyzer 722 provide an
estimated speciral envelope and one or more noise-blending parameters,
respectively, for the higher-frequency subband signzl i sssentially the same
manner a5 that described above, and pass this informaiion fo the signal
formatter 225,

The signal formatter 2235 provides an omput signal along communication
channe!l 140 by assembling & representation of the fiatienad baseband signal,
the estimated temporal envelopes of the baseband signal and the higher-
frequency subband signal, the estimated spectral envelope, and the one or more
notse-biending parameters o the outpui signal. The mdividual signals and
information are assembled mio & signal having a form that 15 surtable for
transmission or storage nsmg essentially any desired forrmatung technwgue as

dsscribed above for the signal formatter 723,

b} Temporal Envelope Estimaior
The temporal envelope estimators 210 and 213 may be implemented in wide
variety of ways. In one implementation, sach of these estimators processes 2
subband signal that is divided into blocks of subband signal samples. Thess
biacks of subband signal samples are also processed by either the analysis

filterbank 212 or 215, In many practical implementations, the blocks are
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arranged to contain 2 number of samples that is & 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 fo implement the
analysts filterbanks 212 and 215, The length of the blocks may also be adapted
in response to input signal characteristics such as the occurrence or absence of
large transients. Each block is further divided into groups of 256 sampies for
temporal envelope estimation. The size of the groups is chosen to balance 2
tradeoff between the accuracy of the estimate and the amount of information

required to convey the estimate in the ouiput stgnal.

In one implementation, {he temporal envelope estimator caloulates 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 temporal envelops estunator
calcuiates the mean value of the subband signa! sample magnitudes in sach
group. The set of means for the block is 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 block is represented by an wmitial
veiue for the first group of samples in the block and a set of differential vaiues
that express the relative vaiues for subsequent groups, In another exampie,
either differential or absolute codes are used in an adaptive manner to reduce

the amournt of information reguired to convey the valoes.
Y

¢} Receiver
Fig. 10 shows 2 block diagram of one impiementation of the receiver 142 mna
communication system that provides temporal envelope control using a time-
domain technique. The deformatier 265 receives & signal from commurication

channel 140 and obtains from this signal & representation of a flattened
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haseband signal, estmated ternporal envelopes of the baseband signal and s
higher-frequency subband signal, an estimated spectral envelope and one or
more noise~blending parameters. The decoder 267 15 optional but should be
used to reverse the effects of any encoding performed in the transmitier 136 to

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

The synthesis filterbank 280 receives the frequency-domain representation of
the flattened baseband signal and generates » time-domain representation using
a techmigue that is inverse 1o that used by the analysis fherbank 215 inthe
fransmitter 136. The modulator 281 recetves the estimated temporal envelope
of the baseband signa! from the deformatier 265, and uses this estimated
envelope to modulate the flattened baseband signal received from the synthesis
filterbank 280, This modulation provides & tsmporal shape that i3 substanualiy
{he same as the temporal shape of the origina! baseband signal before 1t was

flattened by the modulaior 214 in the transmitter 138

The signal processor 808 recetves the frequency-domain reprasentation of the
flatianed baseband signal, the estimated speciral envelope and the one or more
notse-blending parameters Fom the deformatier 265, and regenerates spectral
components in the same manner a5 that discusssd above for the signal
processor 808 shown in Tig. 4, The regenerated spectral components are passed
ic the synthesis filterbank 283, which generates a tme-domatn representation
using g technique that s inverse 1o that used by the analysis flterbanks 212 and
215 I the transmitier 136, The modulator 284 receives the estimated temporal
envelope of the higher-frequency subband signal Tom the deformatier 265, and
uses this estimated envelope to modulate the regenerated spectral components
signal received from the synthesis flterbank 283, This modulation provides a
temporal shape that is substanually the same as the temporal shape of the
original higher-frequency subband signal before it was flattened by the

modulator 211 in the trangmitter 136,
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The modulated subband signal and the modulated nighes-frequency subband
signal are combined to form a reconstructed signal, which is passed fo the
synthesis filterbank 287 The synthesis filterbank 287 uses a technique inverse
to that used bv the analysis filierbank 205 in the transmitter 136 to provide
along path 1435 an output signal that is perceprually indistinguishable or neatly
indistinguishable from the original input signal received from path 115 by the
iransmitter 136,

2. Frequenoy-Tromain Technigue
In the second method, the transmitter 136 determines the temporal enveiops of
the input avdio signal in the frequency domain and the receiver 142 restores the
same or substantially the same temporal envelope 1o 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 this transmitier 15 very
similar to the implementation of the fransmitter shown In Fig. 2. The principal
difference 1s the temporzl envelope estimator 707, The other components are
not discussed here in detail because their operation is essentially the same a5

that described above in connection with Fig, 2,

Referring 1o Fig. 11, the temporal envelope estimator 707 receives from the
analysis filterbank 705 & frequency-domain representation of the input signal,
which it analyzes to derive ap estimate of the temporal envelope of the input
signal. Preferably, spectral components that are below about 500 Hz are either
excluded from the frequency-domain representation or are atienuated so that

they do not have any significant effect on the process that estimates the
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temporal envelope, The tempora! envelope estimator 707 obtaims a frequency-
domain representation of a temporailv-fatiened version of the input signal by
deconvolving & fequency-domain representation of the estimated temporal
envelope and the frequency-domain representation of the input signal. This
deconvolution may be done by convolving the frequency-domatn
representation of the input signal with an inverse of the frequency-domain
representation of the estimated temporal envelope. The frequency-domain
representation of 2 temporally-flattened version of the input signal is passed to
the fitier 715, the bassband signal analyzer 710, and the spectral envelope
estimator 720. A description of the frequency-domain representation of the
estimated temporal envelope is passed to the signa! formatter 725 for assembly
into the output signal that s passed slong the communication channel 140,
&) Temporal Ermvelope Estimaior

The tamporal envelope estimator 707 may be implemented in a number of
ways. The technical basis for one implementarion of the temporal enrvelope
estunator may be explamed in terms of the insar systermn shown i eguation 2

wy =Rz} - (1 2
where (1) = a signal to be transmitied;

iy =the remporal enveiope of the signal 1o be transmitied;

ihe dot symbol () denotes muliiplication; and

x{7) = a temporaliy-fiat version of the signal ¥{f).

Equation 2 may be rewritten ag,

YTk} = HT) * X1 3)
where F1&] = 2 frequency-domain representation of the imput signal Wik

Hikl = & frequency-domaln representation of A7)

the smar symbol (¥} denotes convolution; and

ATk} = & irequency-domain representation of (7).
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Referring to Fig. 11, the signal ¥(7) s the audio signa! that the transmitter 136
recerves from path 115, The analysis filterbank 705 provides the frequency-
domain representation ITi] of the signal ¥{7}. The tempora! envelope estimator
707 obtains an estimate of the feguenoy-domain representation HIk] of the
signal's temporal envelops h(f) by solving e set of equations dertved from an
autorsgressive moving average (ARMA) mods! of ¥[k] and XTk]. Additional
information about the use of ARMA modeis may be obtained from Proakis and
Manoialds, "Digital Signal Processing. Principles, Algonthms and
Applications,® MacMillan Publishing Co., New York, 1988, See zspecially pp.
818-821.

In a preferred tmplementation of the transmitter 136, the filterbank 705 appites
a wransform to biocks of samples representing the signal v} to provide the
frequency-domain representation TIE] arranged i blocks of ransform
coeflicients. Bach block of transform coefficients expresses a shori-timne
spectrur of the signal of the signal YY) The frequency-domain representation
XTE] is also arranged m blocks, Bach block of eosficients in the frequency-
domain representation ATk} represents a block of samples for the temporally-
fiat stgnal x{7} that 1s assumed o be wide sense stationary (WSS}, It s alse
assumed the cosfboients in sach block of the XT%] representation are
independently distnbuted (ID). Given these assumptions, the signals can be

expressed by an ARMA model as foliows:

Yl Y a Y -1=5"6 Xik-q] {4)
=i

Equation 4 can be solved for g; and b, by solving for fhe autocorrelation of
Yiky:

-

L g
Efrfe] vl -mp=-Y o, Erlk -} Pl ~mDs S b Bl o] Yl —m] (5)

[ Fub

where Ef } denotes the expested value fimetion;



.33

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
¥ r b -
Ry [m}muZa,Rﬁ fm _Z]+Zbg]‘2}{}' im—g} (6)
I=} g=0
where R[] denotes the autocorrelation of ¥inj; and

Ryv[E} denotes the crosscorrelation of Y{E] and Xjkl.

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

. - 2 p . - ' -
the variance ¢ of X[k Bauation 6 can then be rewnitien as:

L
-—Za,fa‘w im=1] for m>{§
f::"}.
e
R lml={-% g Ryim-ll+os form=0 (7
=t
B dmi for m< 0

i
1
L

Equation 7 can be solved by invening the bllowing set of inear equations:

“Rplo} Rpl- 1] Byl Bpl-l L rG?: ]
Roll  Eplol  Rypl-11 - Rpl-L+iaq 0
= (8
Rypl2] Ryl Rypl0] - Bpl-f+2lia| |6
Ry lL] Ry [£-1} RyiL~2} - Ryple] Ja 6

Given this background, 1t 1s now possible 1o describe one implementation of 2
tempora! envelope estmator that uses frequency-domain techmiques. In this
impiemenzatior, the temporal envelops estmator 707 receives a frequency-
domain representation Y14} of an mput signal /) and caiculates the

autocorrelation sequence Rydim] for -L s m 5 L, These values ares used to
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construct the matnix shown i equation 8. The matrix i5 then inverted to solve
for the coefficients g, Because the matrix in squation § is Toeplitz, it can be
inveried by the Levinson-Durbin algorithm. For information, see Proakis and

Manolakis, pp. 458-462.

The set of equations obizined by inverting the matrix cannot be solved directly
because the variance o”y of 37k] is not known; howsver, the set of equations
can be sotved for some arbitrary variance such as the value one. Once solved
for this arbitrary vaiue, the set of equations yields 2 set of unnormalized
coeflicienis {a'u, - a},}. These coefficients are unnormaiized because the
equations were solved for an arbitrary variance, The cosfficients can be
normalized by dividing each by the value of the first unnormalized soefficient
@y, which can be expressed as:

a,

= for (<}

H T

g

H

N

L )

The variance can be obtained from the foliowing eguation.

ol = (10}

g

The set of normalized coefficients {1, &y, ..., ar} represents the zeroes of 2
fiattening filter FF that can be convolved with a frequency-domain
representation 1Tk} of an input signal ¥(f) to obtain 2 freguency-domain
representation XTk] of 2 temporaliy-fiattened version x(7} of the input signal,
The set of normalized coefficients also represents the poles of a reconstruction
filter FR that can be convolved with the freguency-domain representanion A1
of a temporaliy-flat signal x(7) 1o obtain 2 Fequency-domain representation of
that flat signal having a modified temporal shape substantially equal to the

temporal envelope of the input signal {7},
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The temporal envelope estimator 707 comrvolves the flatiening filter FF with
the frequency-domain representation FTA] recetved from the filterbank 703 and
passes the temporally-fiattened result to the filter 713, the baseband signal
analyzer 710, and the spectral envelope estimator 720, A deseription of the
coefficients in flattening filter FF s passed to the signal formatter 725 for

assembly into the output signal passed along path 140,

| ¢} Receiver
Fig, 12 shows & Block diagram of one implementation of the receiver 142 ma
communicaiion system that provides temporal envelope control using 2
frequency-domain technique. The implementation of this receiver is very
sunilar to the implementation of the recerver shown in Fig. 4. The principal
difference is the temporal envelope regeneraior 807, The other components are
not discussed here in detail because their operation 15 essentially the same as

that described above m connsclion with Fig, 4.

Referring to Fig. 12, the temporal enveiops regenerator 8587 receives from the
jeformatter 805 & descniption of en ssiimated temporal envelope, which 15
convolved with a frequency-domain representation of 2 reconstructed signal.
The result obtained from the convolution is passed to the synthests filterbank:
825, which provides along path 145 an output signai thar 1s perceptually
mdistinguishable or nearly indistinguishable from the onginal input signal
received from path 115 by the transmitier 135,

The temporal envelope regensrator 807 may be implemeniad in a number of
ways. In an implementation compatible with the implementation of the
envelope estimator discussed above, the deformatier 805 provides e set of
coefficients that represent the poles of & reconsiruction filter FE, which 15
convolved with the frequency-domain reprasentation of the reconstructed

sigmial.
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Alternative implementations are possible. In one alternative for the transmitter
136, the spectral components of the frequency-domain representation received
from the filtesbank 705 are grouped into frequency subbands. The set of
subhands shown in Table I is one suitable example. A flattening flter F7is
derived for each subband and convolved with the frequency-domain
representation of each subband to temporaliy flatien it The signal formatter
725 assembles into the output signal an identification of the estimated temporal
envelope for each subband, The receiver 142 receives the envelope
identification for each subband, obtains an appropriate regeneration filter FR
for each subband, and convolves it with a frequency-domain representation of

the corresponding subband in the reconstrucied signal.

In another alternative, multple sets of coefficients {}}; are stored in 2 {able.
Ceefficients {1, a,, ..., a,) for fatiening Slter FF are caloulated for an input
signal, and the caloulated coefficients are compared with each of the muluple
sets of coefficients stored in the table. The set {C/}; m the table that is deemed
to be closest o the calculated coefficients 1s selected and used to flatten the
input signal. An identification of the set {{}, that ts selected from the table 15
passed fo the signal formatter 725 to be assembied into the output signal. The
recziver 142 recerves the identification of the set {C ), consulis a table of
stored coefiicient sets to obtain the appropnate set of coefiicients {(},, derives
a regeneration filter FR that corresponds to the coefficients, and convolves the
filter with & frequency-domain represeniation of the reconstrucied signal. This

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

One way in which 2 set of coefficients in the table may be selected 15 to define
2 {arget point it an L-dimensional space having Zuchidean coordmates equal 1o

¢ calculated coefhicients (ay, ..., a;) for the input signal or subband of the



-37.

input signal. Each of the sets stored in the table also defines a respective point
in the L-dimensional space. The set stored in the table whose associated poit
has the shortest Buchdean distance to the target point is deemed 1o be closest 1o
the calculated cosfficients. If the table stores 256 sets of coefficients, for
example, an eight-bit number could be passed to the signal formatter 725 to

wdentify the selecied set of cosfficients,

F. Implementations
The present invention may be implemented n a wide variety of ways, Analog
and digitat technologies may be used as desired. Various aspects may be
implementad by discrete electrical components, integrated cirouits,
programmable jogic arrays, ASICs and other types of electronic components,
and by devices that execute programs of instructions, for example. Programs of
instructions may be conveyed by essentally any device-readable mediz such as
magnetic and optical storage media, read-only memory and programmabis

MEMOoTY.
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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.





