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Description

BACKGROUND OF THE INVENTION

Field of the Invention:

[0001] The invention relates generally to improve-
ments in digital-to-analog (D-to-A) conversion, and, more
particularly, to improvements in such conversion for au-
dio signals. Itis most useful in high quality audio for music
reproduction in devices such as Compact Disc (CD) play-
ers, DVD players, etc.

Description of Related Art:

[0002] Essentially allmodem analog-to-digital (A-to-D)
and D-to-A converters used for audio operate ata sample
rate higher than the output/input sample rate. These con-
verters are known as over-sampling converters, and they
use digital filters to decimate down to the output sample
rate in the case of A-to-D converters and to interpolate
up from the input sample rate in the case of D-to-A con-
verters. An important reason for this configuration is that
filters are necessary to minimize distortions present in
both A-to-D and D-to-A conversion processes caused by
unwanted frequencies, and digital filters are more stable,
more reproducible, and less expensive toimplement than
analog filters of an equivalent quality. FIG. J a is a sim-
plified block diagram of an A-to-D converter and FIG. 1b
is a simplified block diagram of a corresponding D-to-A
converter.

[0003] The actual sampling rate for the converters
themselves in over-sampling digital converters may be
many times higher than the input/output sample rate. The
decimation or interpolation process is normally done in
several stages, with the last decimation filter and the first
interpolation filter normally done with a two-to-one fre-
quency ratio. These filters for the last/first operations
have the most effect on the sonic performance of audio
converters because their cutoff frequencies are close to
the frequencies in the program material. FIG. 2a shows
the frequency response of a typical filter used in an A-to-
D converter as the final decimation filter. FIG. 2b shows
the response of a typical filter used in a D-to-A converter
as the first interpolation filter. The Y-axis of the graphs
shows the magnitude of the amplitude response of the
filters in decibels, and the X-axis shows the frequency
as a fraction of the output/input sampling rate, Fs. The
reason that we need to examine both the A-to-D and D-
to-Afilters is that they function as a system in determining
the effects of several distortions in the output signal 180
(FIG. 1b).

[0004] The frequency 0.5 in the middle of the graphs
(FIGS 2a and 2b), the Nyquist frequency, has a special
significance. It is important because the sampling theo-
rem states that in a sampled data system, frequencies
above one halfthe sampling frequency cannot be unique-
ly represented by the sampled data stream. In the case
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of the A-to-D converter, any frequencies above the
Nyquistfrequency inthe input signal that are notremoved
by the decimation filter appear as spurious frequencies
in the output known as alias frequencies or alias distor-
tion. The ideal decimation filter from an alias distortion
perspective would pass all frequencies below 0.5 Fs and
no energy above a frequency of 0.5 Fs. Such a filter is
not realizable in practice, but practical filters usually try
to approximate the ideal response. Any residual frequen-
cies above Nyquist in the original signal fold over or alias
into frequencies below Nyquist in the output signal 120
(FIG. 1a), with the relationship that a frequency f in the
input 90 becomes Fs-f in the output 120.

[0005] An alias distortion mechanism also exists in D-
to-A converters in the interpolation process. The incom-
ing digital signal 122 (FIG. 1b) can be considered to have
no frequencies above 0.5 Fs. The first stage of interpo-
lation consists of adding zero value samples in between
each of the original samples to double the sample rate
and then passing the result through a low pass filter with
a frequency response such as in FIG. 2b. The result is
that the zero valued samples are replaced by values that
are interpolated from the surrounding data.

[0006] The distortion arises from the fact that new fre-
quencies are created above the original Nyquist frequen-
cy and that these new frequencies correspond to fre-
quencies presentin the original signal. In orderto analyze
the potential impact of this distortion, it is useful to graph
the composite frequency response of the decimation/in-
terpolation system. If one takes the frequency response
of the A-to-D decimation filter in FIG. 2a and performs
the equivalent decimation followed by inserting the zero
value samples prior to the interpolation filter, one gets a
frequency response shown in FIG. 3a. For each frequen-
cy below the Nyquist 200, a new frequency above Nyquist
is created. These have the same relationship, i.e., f_new
equals FS-f, that alias products have in the A-to-D case,
as can be seen from the symmetry about Nyquist 200.
These new frequencies, f_new, are uniquely represented
because the sampling rate is now twice as great.
[0007] Ifonenow adds the cascade of the interpolation
filter response of FIG. 2b, one gets the composite re-
sponse shown in FIG. 3b. The frequencies above 0.5 are
signals which were not there in the original signal and
are alias distortion products. They fall into two general
groups: those corresponding to the stop band of the in-
terpolation filter 220, and those associated with the tran-
sition band behavior of both the decimation and interpo-
lation filters 210.

[0008] Many people consider these distortion products
to be of little importance because they are extra signals
above the band of interest and are inaudible in the case
of a CD or any other system with a sampling rate greater
than 40 kHz. If everything in the audio system following
the interpolation filter were really linear, this would be
true. Unfortunately, the real world is not strictly linear.
Non-linearities exist in the D-to-A converter, small signal
amplifiers, power amplifiers, loudspeakers, and even hu-
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man hearing.

[0009] In FIG. 3b, the acceptable level of stop band
distortion products 220 determine the stop band perform-
ance requirement for the interpolation filter. The only way
to reduce these distortions is to improve the performance
of the interpolation filter stop band rejection.

[0010] The transition band distortions at 210 are more
limited in frequency range, but they have much higher
amplitude and can cause really audible problems in the
output of a system. As an example, consider a cymbal
crash in music, which generates large amplitude high
frequency components. For each component just below
Nyquist, there is a corresponding one at a mirror image
frequency above Nyquist, and each pair of original fre-
quency and alias frequency will generate a difference
component when it encounters a non-linearity later in the
system. In the case of a CD system with these filters,
these difference components are in the frequency range
of 0 to 5 kilohertz, where human hearing is very sensitive
and where they are not masked very well by the signal
that created them. They result in a "dirty" sound to the
cymbals, which is very typical of digital systems.

[0011] Transition band distortions 210 result primarily
from the transition band behavior of the interpolation fil-
ter. The type of filter that is normally used in this position
in a system design is called a half-band filter. As can be
seen from FIG. 2b, it is 6 dB down at Nyquist with con-
siderable response above the 0.5 frequency.

[0012] It is used in most systems because it is very
economical to implement computationally, and because
it has good time domain behavior. It is a symmetrical
finite impulse response (FIR) filter with linear phase re-
sponse in which all even order coefficients except the
middle one are exactly zero, and therefore, those multi-
plications do not have to be performed. This type of filter
is used on the vast majority of commercial D-to-A con-
verters designed for audio use.

[0013] A priorartapproach to solving the problems as-
sociated with half-band interpolation filters is covered in
U. S. patents nos. 5,479,168 and 5,808,574 and related
materials. The solution that is optimal from a performance
point of view is to use an interpolation filter which starts
to attenuate at a lower frequency and is therefore not a
half-band filter. It is possible to dramatically reduce the
amplitude of the transition band alias components 210
while still maintaining good time domain impulse re-
sponse by using a filter which is complementary to the
decimation filter used in the A-to-D converter. It is also
possible to control the stop band performance to any de-
sired level. This approach has two major disadvantages
in many commercial applications.

[0014] The first disadvantage is cost. The complexity
of a non-half-band filter appropriate for this application
is usually more than twice as great as the corresponding
conventional half-band filter. This translates directly into
silicon area, and hence cost, in a hardware implementa-
tion.

[0015] The second disadvantage is that the output
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sample rate of the better interpolation filter is two times
the Fs of the input and a D-to-A converter following the
filter must be able to accept the higher sampling rate.
Since most converters used in modem equipment are
really combination filter/D-to-A converters they may not
accept the higher sample rate.

[0016] Further background art may be found in an ar-
ticle entitled "Compatible Resolution Enhancement in
Digital Audio Systems" of Keith O. Johnson et al., of No-
vember 1996.

SUMMARY OF THE INVENTION

[0017] Briefly, and in general terms, the present inven-
tion provides a method for and a system of processing a
digitally encoded signal that eliminates a type of alias
distortion arising from the transition band behavior of half-
band interpolation filters commonly used in D-to-A con-
verters. The invention also provides a method for design-
ing filters that reduce alias distortion for use with D-to-A
converters.

[0018] The method for processing a digitally encoded
signal converted from an analog signal using a digital
decimation filter having an associated frequency re-
sponse includes the steps of filtering the digital signal
through a digital interpolation filter having an associated
frequency response, wherein the digital interpolation fil-
ter is a half-band interpolation filter; prior to filtering the
digital signal through the digital interpolation filter, locat-
ing the transition band portion of the frequency response
resulting from the combination of the digital decimation
filter frequency response and the digital interpolation filter
frequency response; and attenuating the digital signal in
the frequency range of the transition band portion.
[0019] By attenuating the digital signal in this manner
and prior to filtering the digital signal through the inter-
polation filter, the method substantially eliminates the
transition-band alias distortion associated with presently
known D-to-A conversion processes without altering the
interpolation filtering process itself.

[0020] In a preferred embodiment of the invention, the
method further includes the step of performing additional
signal processing on the digital signal after the step of
attenuating the digital signal in the frequency range of
the transition band portion. In another preferred embod-
iment, the method further includes the steps of perform-
ing data compression on the digital signal after filtering
the digital signal using the digital decimation filter; and
subsequently performing data expansion of the digital
signal prior to the step of attenuating the digital signal in
the frequency range of the transition band portion.
[0021] The system for processing a digital signal con-
verted from an analog signal using a digital decimation
filter having an associated frequency response includes
adigital interpolation filter having an associated frequen-
cy response, the digital interpolation filter being a half-
band interpolation filter; and an alias correction filter re-
sponsive to the digital signal for producing an alias-cor-
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rected signal, said alias correction filter having a frequen-
cy response that attenuates the digital signal in the fre-
quency range of the transition band portion of the fre-
quency response resulting from the combination of the
digital decimation filter frequency response and the dig-
ital interpolation filter frequency response, wherein the
digital interpolation filter is responsive to the alias-cor-
rected signal for producing an interpolated digital signal.
[0022] In a preferred embodiment, the digital decima-
tion filter includes a series of individual digital decimation
filters and the transition band portion of the frequency
response is present within the frequency response re-
sulting from the combination of the frequency response
of the last digital decimation filter in the decimation-filter
series and the digital interpolation filter frequency re-
sponse. In another preferred embodiment, the digital in-
terpolation filter includes a series of individual digital in-
terpolation filters and the transition band portion of the
frequency response is present within the frequency re-
sponse resulting from the combination of the frequency
response of the first digital interpolation filter in the inter-
polation-filter series and the digital decimation filter fre-
quency response. In yet another preferred embodiment
the system further includes a signal processor respon-
sive to the alias corrected signal for providing a proc-
essed alias-corrected signal. In still another preferred
embodiment, the system further includes a data com-
pressor responsive to the decimated digital signal for per-
forming data compression on the signal and a data ex-
pander responsive to the compressed decimated digital
signal for performing data expansion on the signal.
[0023] The method of designing a filter that reduces
alias distortion adapted to be used in processing a digital
signal converted from an input analog signal using an
analog-to-digital converter comprising a digital decima-
tionfilter. The digital signal being subsequently converted
to an output analog using a digital-to-analog converter
comprising a digital interpolation filter. Each of the deci-
mation and interpolation filters have an associated fre-
quency response. The method includes the steps of a)
locating a transition band portion of the frequency re-
sponse resulting from the combination of the digital dec-
imation filter frequency response and the digital interpo-
lation filter frequency response; b) selecting a first atten-
uation filter having a first frequency response that atten-
uates the digital signal in the frequency range of the dis-
tortion band portion; c) convolving the impulse responses
of the decimation filter and the interpolation filter to pro-
duce a first impulse response; and d) convolving the im-
pulse responses of the decimation filter, the attenuation
filter and the interpolation filter to produce a second im-
pulse response.

[0024] The method further includes the steps of e)
comparing the time dispersion of the second impulse re-
sponse in aregion of the second impulse response above
minus 80 dB with the time dispersion of the first impulse
response in the same region; f) if the width of the second-
impulse-response time dispersion in the region is greater
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than the width of the first-impulse-response time disper-
sion in the same region, selecting another attenuation
filter having a frequency response different then the first
frequency response, that attenuates the digital signal in
the frequency range of the transition band portion; and
g) repeating steps d, e and f until the width of the second-
impulse-response time dispersion in the region is no
greater than the width of the first-impulse-response time
dispersion in the same region.

[0025] By considering both the frequency-domain re-
sponse and time-domain response of the system when
designing an alias-distortion reductionfilter, the invention
can eliminate the alias distortion associated with D-to-A
converters without significantly changing the time-do-
main response of the system.

[0026] In a preferred embodiment, the convolved im-
pulse response is plotted on a logarithmic scale.

BRIEF DESCRIPTION OF THE DRAWINGS
[0027]

FIG. 1a is a block diagram of a prior-art analog-to-
digital (A-to-D) converter;

FIG. 1b is a block diagram of a prior-art digital-to-
analog (D-to-A) converter;

FIG. 2a depicts the frequency response of a typical
filter used in an A-to-D converter as the final deci-
mation filter;

FIG. 2b depicts the frequency response of a typical
half-band filter used in a D-to-A converter as the first
interpolation filter;

FIG. 3a depicts the frequency response obtained by
taking the frequency response of the A-to-D decima-
tion filter in FIG. 2a and performing the equivalent
decimation followed by inserting the zero value sam-
ples prior to the interpolation filter;

FIG. 3b depicts the frequency response obtained by
cascading the frequency response of the D-to-A in-
terpolation filter response of FIG. 2b with the re-
sponse of FIG. 3a;

FIG. 4 is a block diagram of a system according to
the invention which includes an alias correction filter
positioned before a D-to-A converter system;

FIG. 5a depicts an exemplary frequency response
of the alias correction filter of FIG. 4;

FIG. 5b depicts the frequency response obtained by
cascading the frequency response of FIG. 5a with
the frequency response of FIG. 3b;

FIG. 6a depicts the impulse response of the cascad-
ed filters of FIG. 3b plotted on a logarithmic scale;
FIG. 6b depicts the impulse response of the cascad-
ed filters of FIG. 5b plotted on a logarithmic scale;
FIG. 7 is a block diagram of a system according to
the invention in which other digital signal processing
occurs between alias correction filtering and D-to-A
conversion;

FIG. 8 is a block diagram of a system according to
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the invention in which data decoding and/or expan-
sion precedes alias correction filtering and D-to-A
conversion;

FIG. 9 is a block diagram of a prior art system in
which the alias correction filter is selected from a
plurality of alias correction filters based on a hidden
code carried by the digital signal; and

FIG. 10 is a block diagram of a system in which other
selectable signal processing precedes selectable
alias correction filtering, wherein both selections are
based on a hidden code carried by the digital signal.

DETAILED DESCRIPTION

[0028] Referring now to the drawings, wherein like ref-
erence numerals denote like or corresponding parts
throughout the drawing figures, FIG. 4 shows a D-to-A
converter system according to the invention.

[0029] The original D-to-A converter structure is shown
enclosed in a dashed line 140, and in many commercial
applications, several channels of this type are integrated
on a single integrated circuit (IC). The added filter 130 is
placed in the input stream to the original converter. This
filter 130 is referred to herein as an "1xFs alias correction
filter." It is important to note that the input 122 and the
output 135 of the alias correction filter 130 are at the
same sample rate Fs and that is why it is called a 1xFs
alias correction filter.

[0030] The frequency response of a typical instance of
this filter is shown in FIG. 5a. It is a low-pass filter that
attenuates only the frequencies in the input signal which
are very near Nyquist. The plot of the filter is shown with
the zero samples inserted, ready for interpolation, to
make its relationship to the other plots clearer. The in-
stance of the filter that is shown is a symmetrical FIR
filter, which has linear phase response. Because it is op-
erating at Fs, only the frequency response up to 0.5 Fs
is necessary to specify its behavior.

[0031] When this filter response is cascaded with the
earlier cascade of the decimation and interpolation filters
in FIG. 3b, the response of FIG. 5b results. Notice that
the transition band alias response 210 in FIG 3b is effec-
tively suppressed in FIG. 5b, eliminating the alias distor-
tions arising from the use of a half-band filter.

[0032] The alias response 220 (FIG. 3b) correspond-
ing to the stop-band of the interpolation filter is not altered
by the added alias correction filter 130, since a filter op-
erating at 1xFs cannot change that area of the response
while maintaining in-band performance. The only way
that the stop-band related problems could be fixed is by
using a filter at a higher sampling rate.

[0033] Our listening tests indicate that the transition
band alias distortion 210 is much more audible than the
higher frequency, lower amplitude distortions from the
stop-band range 220. The introduction of the alias cor-
rection filter 130 (FIG. 4) can dramatically improve the
sound of the system.

[0034] Inorderto suppress the alias distortion products
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in the transition region of the interpolation filter, it is nec-
essary to remove some of the frequencies at the top of
the normal response of the original system, as explained
above. The added alias correction filter 130 is a low-pass
filter. In systems with CD or higher sampling rates, the
loss of frequencies at about 20 kilohertz and higher is
not usually sonically significant. There is, however, an-
other phenomenon which may sound like the loss of high
frequency resolution that is actually caused by a different
mechanism having to do with dispersion of transient en-
ergy over time. We have referred to this as time smear.
[0035] If one takes the inverse Fourier transform of the
cascaded frequency response in FIG. 3b, one gets an
equivalent impulse response of the cascaded system.
From a listener’s point of view, this is much more impor-
tant than the impulse responses of the filters individually,
since it is the combination of filters that the signal is ac-
tually going through. If one examines the cascaded im-
pulse response on a normal linear scale, it looks very
much like the text book responses of the individual filters.
Normal linear plots do not reveal much information that
correlates to listening experiences.

[0036] If, however, one plots the magnitude of the im-
pulse response on a logarithmic scale, one can see some
very interesting results, which do correlate with listening
tests. The response of human hearing is logarithmic. A
plot of this type for a simple decimation and interpolation
filter combination like FIG. 3b is plotted in FIG. 6a. The
vertical axis is the amplitude in dB with reference to full
scale, and the horizontal axis is in samples. This can be
thought of as the response of the system in time to a
single impulse of unity amplitude (0 dB). Notice that the
energy in the system response to a single impulse spike
is spread over many samples in time. If one assumes
that this is a CD example with a sampling frequency of
44 .1 kHz, the spread in time at the point where the plot
is 50 dB below full scale is about 3 milliseconds. This
time corresponds to physical dimensions of roughly one
meter, given the speed of sound in air. If the source of
the sound was originally smaller, such as a wood block
percussion instrument, the spreading in time or time
smear will alter the sound as reproduced by the system
in a way that sounds like a loss of high frequency reso-
lution.

[0037] When one adds the 1xFs alias correction filter
130 (FIG. 4), one is adding another impulse response to
the cascade. Since this is equivalent to the convolution
of the impulse response of the new filter with the impulse
response of the previous combination, the total length of
the impulse response is greater. This does not have to
mean that it will sound worse. The part of the response
curve which is most significant sonically is the region
above about minus 80 dB. It is possible to pick a filter
design which has less time dispersion at higher ampli-
tudes and more dispersion at very low amplitudes, which
sounds as if it has better high frequency resolution than
the system without the added alias correction filter. An
example of a response with this character is shown in
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FIG. 6b.

[0038] The plotin FIG. 6b is the same decimation/in-
terpolation filter pair as in FIG 6a, cascaded with the alias
correction filter of FIG. 5a. Notice that the width of the
plot above -75 dB in FIG. 6b is narrower than the corre-
sponding section of Fig 6a. The combination of filters in
FIG. 6b actually sounds as if it has better high frequency
response than FIG. 6a even though it actually has less
high frequency components because of the low pass fil-
ter. It also sounds much less distorted because the alias
distortion from the transition region has been sup-
pressed.

[0039] Itis very important when designing these alias
correction filters 130 (FIG. 4) to examine the result in
both the frequency and time domains, because both
views show aspects of the design with sonic consequenc-
es. Frequently, the two views are at odds with each other.
It is easy to solve one problem, such as alias distortion,
by introducing another, time dispersion. The final choice
is often a tradeoff that must be resolved with listening
tests.

[0040] The combination of the 1xFs alias correction
filter 130 with a half-band interpolation filter 150 and D-
to-A converter 160 is frequently more economical to im-
plement than the more complex non-half-band filter ap-
proach of the prior art. In many modem audio compo-
nents for consumer use, there is a general-purpose dig-
ital signal processing (DSP) function plus an integrated
filter / D-to-A converter which uses a half-band filter. Ex-
amples are DVD players and A/V receivers that use DSP
functions to decode compressed audio and for other
functions such as bass management. Frequently, there
is enough extra processing power in the DSP to add the
alias correction filter to the system without changing any
hardware except the program ROM for the DSP. The
invention allows systems designers to use the same
standard integrated filter/D-to-A converter and gain the
advantage of a better quality conversion with lower alias
distortion.

[0041] The use of an alias correction filter 130 at the
input sampling frequency of a D-to-A converter to reduce
its alias distortion is believed to be new and novel. The
nature of transition band alias distortions 210 does not
seem to be well understood in the current literature, and
is not reflected in current system designs except those
employing HDCD, i. e., the prior cited U.S. patents. Also,
the method of analysis of the frequency and time domain
behavior of cascaded decimation/interpolation filter sys-
tems setforth above andits use in designinginterpolation
filters or alias correction filters is believed to be unique.
[0042] The examples so far have covered the simple
case of an alias correction filter 130 connected directly
to the interpolation filter 150 and D-to-A converter 160.
There are many possible variations of the basic structure
of the invention that have the same basic functionality.
One possible variation is shown in FIG. 7. In this case,
the alias correctionfilter 130 is inserted in the data stream
at the input 122 and then other digital processing 137 is
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done on the signal before it goes to the interpolation filter.
This other processing 137 can include bass manage-
ment, spatial effects, tone controls, reverb, etc. without
changing the essence of the invention. Since the behav-
ior of the alias correction is based on the cascaded filters
of the system, adding other processing is possible any-
where in the chain without altering the basic behavior of
the corrective effect.

[0043] Yet another example is shown in FIG. 8. This
is an example of systems in which some form of data
compression is used to achieve a higher data storage
density. Examples of such systems are AC3, MPEG au-
dio compression, etc. The section of the playback system
125 responsible for decoding or expanding the com-
pressed format must precede the alias correction filter
130. This block may also include other processing before
the alias correction filter.

[0044] FIG. 9 shows an example of a form of HDCD
system according to, the prior art described in the previ-
ously referenced U.S. patents. In this system, the deci-
mation filter used in the encoder is selected dynamically
for best fidelity based on the content of the program ma-
terial. Since the alias correction filter 130 design is opti-
mally based on both the decimation filter and the inter-
polation filter 150 used, and since the choice of decima-
tion filter is conveyed to the reproducer via a hidden code
side channel, the alias correction filter can be selected
dynamically to give the best complement to the decima-
tion filter at any given time. This is accomplished by a
hidden codef/filter select device 128, which recovers the
hidden code information, decodes the commands con-
tained in the hidden code, and selects one of several
alias correction filters 130 using a control signal 129.
[0045] FIG. 10is another example of an HDCD system
similar to FIG. 9 with the addition of the HDCD amplitude
decoder 125. The function of the amplitude decoder is
also controlled by the hidden code side channel via the
code command decoder 128 and control signal 126. In
this system, the amplitude decoding mustbe done before
the alias correction filter 130 in order for the decoding to
track the encoding properly.

[0046] Although the alias correction filter 130 de-
scribed above is a symmetrical FIR filter, which has linear
phase characteristics, other types of filters could be used
to accomplish the same goal. One possible type is a min-
imum phase IIR (infinite impulse response) filter. This
type of filter has the time domain characteristic that the
filter ringing occurs after the transient event that caused
it. This would probably have a better time domain behav-
ior from an audibility standpoint, although the phase shift
near the band edge might cause other perceptual prob-
lems.

[0047] The example filters used in the discussion so
far have been designs used for CD players and other
systems with sampling rates between 40 and 50 kHz.
The invention is also useful for high-resolution systems
with higher sampling rates, such as DVD Audio, which
allows sampling rates up to 192 kHz. As the sampling
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rate is increased by an octave or two, the transition band
alias 210 problems are still an issue. Half-band interpo-
lation filters are still the norm for most audio systems
designs, and the signal frequency component-alias fre-
quency component pairs can still cause difference fre-
quencies in the audio band when they encounter non-
linearities down stream in the system. This is true even
though the amplitude of audio signals is lower in the tran-
sition region of the filters at higher sampling frequencies.
We have done listening tests at 88.2 and 96 kHz in which
the transition band alias components 210 cause the dig-
ital signal to sound very bright, that is sound as if there
are much higher levels of high frequencies, when com-
pared to the original signal. Introducing an alias correc-
tion filter 130 to the system caused the exaggerated
brightness to go away, resulting in a very neutral repro-
duction of the original.

[0048] It will be apparent from the foregoing that, while
particular forms of the invention have beenillustrated and
described, various modifications can be made without
departing from the scope of the invention as defined by
the appended claims.

Claims

1. A method of processing a digital signal converted
from an analog signal using a digital decimation filter
(110) having an associated frequency response,
said method comprising the steps of:

filtering said digital signal through a digital inter-
polation filter (150) having an associated fre-
quency response, wherein the digital interpola-
tion filter (150) is a half-band interpolation filter;
prior to filtering said digital signal through said
digital interpolation filter (150):

locating the transition band portion of the
frequency response resulting from the com-
bination of the digital decimation filter fre-
quency response and the digital interpola-
tion filter frequency response; and
attenuating the digital signal in the frequen-
cy range of the transition band portion.

2. The method of claim 1, further comprising the step
of performing additional signal processing (137) on
said digital signal after the step of attenuating said
digital signal in the frequency range of said transition
band portion.

3. Themethod of claim 2, wherein said additional signal
processing (137) comprises atleast one of bass cor-
rection, spatial effects, tone control and reverbera-
tion.

4. The method of claim 1, further comprising the steps
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10.

of:

performing data compression on said digital sig-
nal after filtering said digital signal using the dig-
ital decimation filter (110); and

subsequently performing data expansion (125)
of said digital signal prior to the step of attenu-
ating said digital signal in the frequency range
of said transition band portion.

The method of claim 1, wherein at least one of a
plurality of signal processing characteristics are en-
coded in said digital signal and the method further
comprises the step of decoding said signal process-
ing characteristic from the digital signal prior to the
step of attenuating the digital signal in the frequency
range of the transition band portion, wherein said at
least one signal processing characteristic is selected
from said plurality of signal processing characteris-
tics based on a hidden code carried by said digital
signal.

The method of claim 5, wherein said signal process-
ing characteristic comprises amplitude decoding.

The method of claim 1, wherein

the digital decimation filter (110) is selected from a
plurality of digital decimation filters, each digital dec-
imation filter (110) having an associated frequency
response, said decimation filter (110) selected
based on a hidden code carried by said digital signal;
and

attenuating the digital signal is performed using an
alias correction filter (130) selected from a plurality
of individually selectable alias correction filters, each
alias correction filter designed to attenuate a digital
signal in the frequency range of the transition band
portion of the frequency response resulting from the
combination of the frequency response of one of said
digital decimation filters (110) and the frequency re-
sponse of said digital interpolation filter (150), where-
in the selecting of said alias correction filters (130)
is based on said hidden code, and said digital signal
is filtered through said digital interpolation filter;

The method of claim 7, further comprising the step
of performing additional signal processing on said
digital signal after the step of filtering said digital sig-
nal through said selected alias correction filter (130).

The method of claim 8, wherein said additional signal
processing comprises at least one of bass correc-
tion, spatial effects, tone control and reverb.

The method of claim 7, wherein at least one of a
plurality of signal processing characteristics are en-
coded in said digital signal and the method further
comprises the step of decoding said signal process-
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ing characteristic from the digital signal prior to filter-
ing said digital signal through said selected alias cor-
rection filter wherein said at least one signal process-
ing characteristic is selected from said plurality of
signal processing characteristics based on said hid-
den code carried by said digital signal.

The method of claim 10, wherein said signal process-
ing characteristic comprises amplitude decoding.

The method of claim 11, wherein said digital signal
is filtered using a series of digital decimation filters
and the transition band portion of the frequency re-
sponse is located within the frequency response re-
sulting from the combination of the frequency re-
sponse of the last digital decimation filter in said dec-
imation-filter series and the digital interpolation filter
frequency response.

The method of claim 11, wherein said digital signal
is filtered using a series of digital interpolation filters
and the transition band portion of the frequency re-
sponse is located within the frequency response re-
sulting from the combination of the frequency re-
sponse of the first digital interpolation filter in said
interpolation-filter series and the digital decimation
filter frequency response.

The method of claim 11, wherein said digital signal
is filtered using a series of digital decimation filters
and a series of digital interpolation filters and the
transition band portion of the frequency response is
located within the frequency response resulting from
the combination of the frequency response of the
last digital decimation filter in said decimation-filter
series and the frequency response of the first digital
interpolation filter in said interpolation-filter series.

The method of any one of claims 11-14, further com-
prising the step of performing additional signal
processing (137) on said digital signal prior to the
step of attenuating said digital signal in the frequency
range of said transition band portion.

The method of claim 15, wherein said additional sig-
nal processing (137) comprises at least one of bass
management, spatial effects, tone control and re-
verb.

The method of any one of claims 14-16, further com-
prising the steps of:

performing data compression on said digital sig-
nal after the step of filtering said digital signal
using a digital decimation filter (110); and

subsequently performing data expansion of said
digital signal prior to the step of attenuating said
digital signal in the frequency range of said tran-
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18. A method of designing a filter for reducing alias dis-

tortion adapted to be used in processing a digital
signal converted from an input analog signal using
an analog-to-digital converter comprising a digital
decimation filter, the digital signal subsequently con-
verted to an output analog using a digital-to-analog
converter comprising a digital interpolation filter,
each of said decimation and interpolation filters hav-
ing an associated frequency response, said method
comprising the steps of:

a) locating the transition band portion of the fre-
quency response resulting from the combination
of the digital decimation filter frequency re-
sponse and the digital interpolation filter fre-
guency response;

b) selecting a first attenuation filter having a first
frequency response that attenuates the digital
signal in the frequency range of the transition
band portion;

c) convolving the impulse responses of the dec-
imation filter (110) and the interpolation filter
(150) to produce a first impulse response;

d) convolving the impulse responses of the dec-
imation filter, the attenuation filter and the inter-
polationfilter (150) to produce a second impulse
response;

e) comparing the time dispersion of the second
impulse response in a region of the second im-
pulse response above minus 80 dB with the time
dispersion of the first impulse response in the
same region;

f) if the width of the second-impulse-response
time dispersion in said region is greater than the
width of the first-impulse response time disper-
sion in the same region, selecting another atten-
uation filter having a frequency response differ-
ent then said first frequency response, that at-
tenuates the digital signalin the frequency range
of the transition band portion; and

g) repeating steps d, e and f until the width of
the second-impulse-response time dispersion in
said region is no greater than the width of the
first-impulse-response time dispersion in the
same region.

19. The method of claim 18, wherein the convolved im-

pulse response is plotted on a logarithmic scale.

20. A system for processing a digital signal converted

from an analog signal using a digital decimation filter
(110) having an associated frequency response,
said system comprising:

a digital interpolation filter (150) having an as-
sociated frequency response, the digital inter-
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polation filter (150) being a half-band interpola-
tion filter; and an alias correction filter (130) re-
sponsive to said digital signal for producing an
alias-corrected signal, said alias correction filter
(130) having a frequency response that attenu-
ates said digital signal in the frequency range of
the transition band portion of the frequency re-
sponse resulting from the combination of the dig-
ital decimation filter frequency response and the
digital interpolation filter frequency response;
and

wherein said digital interpolation filter (150) is
responsive to said alias-corrected signal for pro-
ducing an interpolated digital signal.

The system of claim 20, further comprising a signal
processor responsive to said alias corrected signal
for providing a processed alias-corrected signal.

The system of claim 21, wherein the signal processor
comprises at least one of a bass correcter, spatial
effector, tone controller and reverberator.

The system of claim 22, further comprising:

a data compressor responsive to said decimat-
ed digital signal for performing data compres-
sion on said decimated digital signal; and a data
expander responsive to said compressed deci-
mated digital signal for performing data expan-
sion on said decimated digital signal.

The system of claim 20, wherein

the digital decimation filter (110) is selected from a
plurality of digital decimation filters, each digital dec-
imation filter (110) having an associated frequency
response, said decimation filter (110) selected
based on a hidden code carried by said digital signal;
and

the alias correction filter (130) is selected from a plu-
rality of individually selectable alias correction filters,
each alias correction filter (130) designed to attenu-
ate a digital signal in the frequency range of the tran-
sition band portion of the frequency response result-
ing from the combination of the frequency response
of one of said digital decimation filters and the fre-
quency response of said digital interpolation filter
(150), wherein the selecting of said alias correction
filter (130) is performed by a selector responsive to
said hidden code.

The system of claim 24, further comprising a signal
processor responsive to said digital signal subse-
quent to said selected alias correction filter.

The system of claim 25, wherein said signal proces-
sor comprises atleast one of abass correcter, spatial
effector, tone controller and reverberator.
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The system of claim 24, wherein at least one of a
plurality of signal processing characteristics are en-
coded in said digital signal and the system further
comprises a decoder responsive to said digital signal
prior to said selected alias correction filter (130) and
tosaid hidden code for decoding said signal process-
ing characteristic from the digital signal wherein said
at least one signal processing characteristic is se-
lected from said plurality of signal processing char-
acteristics based on said hidden code carried by said
digital signal.

The system of claim 27, wherein said signal process-
ing characteristic comprises amplitude decoding.

The system of claim 20, wherein said digital decima-
tion filter (110) comprises a series of individual digital
decimation filters and the transition band portion of
the frequency response is present within the fre-
quency response resulting from the combination of
the frequency response of the last digital decimation
filter in said decimation-filter series and the digital
interpolation filter frequency response.

The system of claim 20, wherein said digital interpo-
lation filter (110) comprises a series of individual dig-
italinterpolationfilters and the transition band portion
of the frequency response is present within the fre-
quency response resulting from the combination of
the frequency response of the first digital interpola-
tion filter in said interpolation-filter series and the dig-
ital decimation filter frequency response.

The system of claim 20, wherein said digital decima-
tion filter (110) comprises a series of individual digital
decimation filters, said digital interpolation filter com-
prises a series of individual digital interpolation filters
and said transition band portion is present within the
frequency response resulting from the combination
of the frequency response of the last digital decima-
tion filter in said decimation-filter series and the fre-
quency response of the first digital interpolation filter
in said interpolation-filter series.

The system of any one of claims 20 and 29-31,
wherein said transition band portion is near Nyquist.

The system of any one of claims 20 and 29-31,
wherein said decimated digital signal and said alias
corrected signal are at the same sampling rate.

The system of any one of claims 20 and 29-31, fur-
ther comprising a signal processor responsive to
said alias corrected signal for providing a processed
alias-corrected signal.

The system of claim 34, wherein the signal processor
comprises at least one of a bass manager, spatial
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effector, tone controller and reverberator.

The system of any one of claims 20 and 29-35, fur-
ther comprising: a data compressor responsive to
said decimated digital signal for performing data
compression on said signal; and
adataexpanderresponsive to said compressed dec-
imated digital signal for performing data expansion
on said signal.

Patentanspriiche

1.

Verfahren zur Verarbeitung eines digitalen Signals,
das aus einem analogen Signal unter Verwendung
eines digitalen Dezimationsfilters (110) mit einem
zugehdrigen Frequenzlbertragungsverhalten um-
gewandelt ist, wobei das Verfahren die Schritte um-
fasst:

Filtern des digitalen Signals durch einen digita-
len Interpolationsfilter (150) mit einem dazuge-
hérigen Frequenziibertragungsverhalten, wo-
bei der digitale Interpolationsfilter (150) ein
Halbbandinterpolationsfilter ist;

vor Filtern des digitalen Signals durch den digi-
talen Interpolationsfilter (150):

Lokalisieren des Ubergangsbereichsab-
schnitts des Frequenzlbertragungsverhal-
tens, der sich anhand der Kombination des
Frequenzlbertragungsverhaltens des digi-
talen Dezimationsfilters und des Frequenz-
Ubertragungsverhaltens des digitalen Inter-
polationsfilters ergibt; und

Dampfen des digitalen Signals in dem Fre-
quenzbereich des Ubergangsbereichsab-
schnitts.

Verfahren nach Anspruch 1, ferner umfassend den
Schritt des Durchfiihrens einer zusatzlichen Signal-
verarbeitung (137) an dem digitalen Signalnach dem
Schritt des Dampfens des digitalen Signals im Fre-
quenzbereich des Ubergangsbereichsabschnitts.

Verfahren nach Anspruch 2, wobei die zusatzliche
Signalverarbeitung (137) Basskorrektur und/oder
rdumliche Effekte und/oder Klangsteuerung
und/oder Hall umfasst.

Verfahren nach Anspruch 1, ferner umfassend die
Schritte:

Durchfiihren von Datenkomprimierung an dem
digitalen Signal nach Filtern des digitalen Sig-
nals unter Verwendung des digitalen Dezimati-
onsfilters (110); und

nachfolgendes Durchfiihren von Datenexpansi-
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on (125) des digitalen Signals vor dem Schritt
des Dampfens des digitalen Signals im Fre-
quenzbereich des Ubertragungsbereichsab-
schnitts.

Verfahren nach Anspruch 1, wobei mindestens eine
von einer Vielzahl von Signalverarbeitungseigen-
schaften in dem digitalen Signal kodiert ist und das
Verfahren ferner den Schritt des Dekodierens der
Signalverarbeitungseigenschaft aus dem digitalen
Signal vor dem Schritt des Dampfens des digitalen
Signals im Frequenzbereich des Ubergangsbe-
reichsabschnitts umfasst, wobei die mindestens ei-
ne Signalverarbeitungseigenschaft aus der Vielzahl
von Signalverarbeitungseigenschaften basierend
auf einem von dem digitalen Signal getragenen ver-
steckten Code ausgewahlt ist.

Verfahren nach Anspruch 5, wobei die Signalverar-
beitungseigenschaft Amplitudendekodieren um-
fasst.

Verfahren nach Anspruch 1, wobei

derdigitale Dezimationsfilter (110) aus einer Vielzahl
von digitalen Dezimationsfiltern ausgewahlt ist, wo-
bei jeder digitale Dezimationsfilter (110) ein zugeho-
riges Frequenzlbertragungsverhalten aufweist, wo-
bei der Dezimationsfilter (110) basierend auf einem
von dem digitalen Signal getragenen versteckten
Code ausgewahlt ist; und

Dampfen des digitalen Signals unter Verwendung
eines Alias-Korrekturfilters (130) durchgefiihrt wird,
der aus einer Vielzahl von einzeln wéahlbaren Alias-
Korrekturfiltern ausgewahlt ist, wobei jeder Alias-
Korrekturfilter gestaltet ist, um ein digitales Signal
im Frequenzbereich des Ubergangsbereichsab-
schnitts der sich aus der Kombination des Frequenz-
Ubertragungsverhaltens von einem der digitalen De-
zimationsfilter (110) und des Frequenzibertra-
gungsverhaltens des digitalen Interpolationsfilters
(150) ergebenden Frequenzibertragungsverhal-
tens zu dampfen, wobei das Auswahlen der Alias-
Korrekturfilter (130) auf dem versteckten Code ba-
siert, und das digitale Signal durch den digitalen In-
terpolationsfilter gefiltert wird.

Verfahren nach Anspruch 7, ferner umfassen den
Schritt des Durchfiihrens von zusétzlicher Signalver-
arbeitung an dem digitalen Signal nach dem Schritt
des Filterns des digitalen Signals durch den ausge-
wahlten Alias-Korrekturfilter (130).

Verfahren nach Anspruch 8, wobei die zusatzliche
Signalverarbeitung Basskorrektur und/oder raumili-
che Effekte und/oder Klangsteuerung und/oder Hall
umfasst.

10. Verfahren nach Anspruch 7, wobei mindestens eine



1.

12.

13.

14.

15.

16.

19 EP 1163 721 B1

von einer Vielzahl von Signalverarbeitungseigen-
schaften in dem digitalem Signal kodiert ist und das
Verfahren ferner den Schritt des Dekodierens der
Signalverarbeitungseigenschaft aus dem digitalen
Signal vor Filtern des digitalen Signals durch den
ausgewahlten Alias-Korrekturfilter umfasst, wobei
die mindestens eine Signalverarbeitungseigen-
schaft aus der Vielzahl von Signalverarbeitungsei-
genschaften auf Basis des von dem digitalen Signal
getragenen versteckten Codes ausgewahlt ist.

Verfahren nach Anspruch 10, wobei besagte Signal-
verarbeitungseigenschaft  Amplitudendekodieren
umfasst.

Verfahren nach Anspruch 11, wobei das digitale Si-
gnalunter Verwendung einer Reihe von digitalen De-
zimationsfiltern gefiltert wird und sich der Uber-
gangsbereichsabschnitt des Frequenzibertra-
gungsverhaltens in dem Frequenziibertragungsver-
halten befindet, das sich aus der Kombination des
Frequenzlbertragungsverhaltens des letzten digita-
len Dezimationsfilters in der Reihe von Dezimations-
filtern und dem Frequenziibertragungsverhalten des
digitalen Interpolationsfilters ergibt.

Verfahren nach Anspruch 11, wobei das digitale Si-
gnal unter Verwendung einer Reihe von digitalen In-
terpolationsfiltern gefiltert wird und sich der Uber-
gangsbereichsabschnitt des Frequenzibertra-
gungsverhaltens in dem Frequenzibertragungsver-
halten befindet, das sich aus der Kombination des
Frequenzlbertragungsverhaltens des ersten digita-
len Interpolationsfilters in der Reihe von Interpolati-
onsfiltern und dem Frequenziibertragungsverhalten
des digitalen Dezimationsfilters ergibt.

Verfahren nach Anspruch 11, wobei das digitale Si-
gnalunter Verwendung einer Reihe von digitalen De-
zimationsfiltern und einer Reihe von digitalen Inter-
polationsfiltern gefiltert wird und sich der Ubergangs-
bereichsabschnitt des Frequenziibertragungsver-
haltens in dem Frequenziibertragungsverhalten be-
findet, das sich aus der Kombination des Frequenz-
Ubertragungsverhaltens des letzten digitalen Dezi-
mationsfilters in der Reihe von Dezimationsfiltern
und dem Frequenziibertragungsverhalten des ers-
ten digitalen Interpolationsfilters in der Reihe von In-
terpolationsfiltern ergibt.

Verfahren nach einem der Anspriiche 11 bis 14, fer-
ner umfassend den Schritt des Durchfiihrens von
zuséatzlicher Signalverarbeitung (137) an dem digi-
talen Signal vor dem Schritt des Dampfens des di-
gitalen Signals im Frequenzbereich des Ubergangs-
bereichsabschnitts.

Verfahren nach Anspruch 15, wobei die zusatzliche
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Signalverarbeitung (137) Bassverwaltung und/oder
rdumliche Effekte und/oder Klangsteuerung
und/oder Hall umfasst.

Verfahren nach einem der Anspriiche 14 bis 16, fer-
ner umfassend die Schritte:

Durchfiihren von Datenkomprimierung an dem
digitalen Signal nach dem Schritt des Filterns
des digitalen Signals unter Verwendung eines
digitalen Dezimationsfilters (110); und
nachfolgendes Durchfiihren von Datenexpansi-
on des digitalen Signals vor dem Schritt des
Dampfens des digitalen Signals im Frequenz-
bereich des Ubergangsbereichsabschnitts.

Verfahren zum Entwerfen eines Filters zur Reduzie-
rung von Alias-Verzerrung, der geeignet ist, um bei
der Verarbeitung eines digitalen Signals verwendet
zu werden, das aus einem analogen Eingangssignal
unter Verwendung eines Analog-Digital-Wandlers
mit einem digitalen Dezimationsfilter umgewandelt
ist, wobei das digitale Signal nachfolgend in ein ana-
loges Ausgabesignal unter Verwendung eines Ana-
log-Digital-Wandlers mit einem digitalen Interpolati-
onsfilter umgewandelt wird, wobei jeder der Dezima-
tions- und Interpolationsfilter ein zugehdriges Fre-
quenzlbertragungsverhalten aufweist, wobei das
Verfahren die Schritte umfasst:

a) Lokalisieren des Ubergangsbereichsab-
schnitts des Frequenzibertragungsverhaltens,
das sich aus der Kombination des Frequenzi-
bertragungsverhaltens des digitalen Dezimati-
onsfilters und dem Frequenzibertragungsver-
halten des digitalen Interpolationsfilters ergibt;
b) Auswahlen eines ersten Dampfungsfilters mit
einem ersten Frequenzlbertragungsverhalten,
der das digitale Signal im Frequenzbereich des
Ubergangsbereichsabschnitts dampft;

c) Falten der Impulsantworten des Dezimations-
filters (110) und des Interpolationsfilters (150)
zum Erzeugen einer ersten Impulsantwort;

d) Faltender Impulsantworten des Dezimations-
filters, des Dampfungsfilters und des Interpola-
tionsfilters (150) zum Erzeugen einer zweiten
Impulsantwort;

e) Vergleichen der zeitlichen Dispersion der
zweiten Impulsantwort in einem Gebiet der
zweiten Impulsantwort oberhalb von minus 80
dB mit der zeitlichen Dispersion der ersten Im-
pulsantwort in demselben Gebiet;

f) wenn die Breite der zeitlichen Dispersion der
zweiten Impulsantwort in dem Gebiet gréRer als
die Breite der zeitlichen Dispersion der ersten
Impulsantwort in dem Gebiet ist, Auswahlen ei-
nes anderen Dampfungsfilters mit einem sich
von dem ersten Frequenzilbertragungsverhal-
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ten unterscheidenden Frequenziibertragungs-
verhalten, der das digitale Signal im Frequenz-
bereich des Ubergangsbereichsabschnitts
dampft; und

g) Wiederholen der Schritte d, e und f, bis die
Breite der zeitlichen Dispersion der zweiten Im-
pulsantwort in dem Gebiet nicht gréRer als die
Breite der zeitlichen Dispersion der ersten Im-
pulsantwort in dem Gebiet ist.

Verfahren nach Anspruch 18, wobei die gefaltete Im-
pulsantwort in einem logarithmischen MaRstab dar-
gestellt wird.

System zur Verarbeitung eines digitalen Signals,
das aus einem analogen Signal unter Verwendung
eines digitalen Dezimationsfilters (110) mit einem
zugehdrigen Frequenzlbertragungsverhalten um-
gewandelt ist, wobei das System umfasst:

einen digitalen Interpolationsfilter (150) mit ei-
nem zugehdrigen Frequenziibertragungsver-
halten, wobei der digitale Interpolationsfilter
(150) ein Halbbandinterpolationsfilter ist; und ei-
nen Alias-Korrekturfilter (130), der als Reaktion
auf das digitale Signal ein Alias-korrigiertes Si-
gnal erzeugt, wobei der Alias-Korrekturfilter
(130) ein Frequenzibertragungsverhalten auf-
weist, das das digitale Signal im Frequenzbe-
reich des Ubergangsbereichsabschnitts des
Frequenzlbertragungsverhaltens dampft, das
sich aus der Kombination des Frequenzibertra-
gungsverhaltens des digitalen Dezimationsfil-
ters und des Frequenzibertragungsverhaltens
des digitalen Interpolationsfilters ergibt; und
wobei der digitale Interpolationsfilter (150) als
Reaktion auf das Alias-korrigierte Signal ein in-
terpoliertes digitales Signal erzeugt.

System nach Anspruch 20, ferner umfassend einen
Signalprozessor, der als Reaktion auf das Alias-kor-
rigierte Signal ein verarbeitetes Alias-korrigiertes Si-
gnal liefert.

System nach Anspruch 21, wobei der Signalprozes-
sor eine Basskorrektureinrichtung und/oder einen
raumlichen Effektor und/oder eine Klangsteuerung
und/oder eine Halleinrichtung aufweist.

System nach Anspruch 22, ferner umfassend:

eine Datenkomprimiereinrichtung, die als Reak-
tion auf das dezimierte digitale Signal eine Da-
tenkomprimierung an dem dezimierten digitalen
Signal durchfihrt; und eine Datenexpansi-
onseinrichtung, die als Reaktion auf das kom-
primierte dezimierte digitale Signal eine Daten-
expansion an dem dezimierten digitalen Signal
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durchfihrt.

System nach Anspruch 20, wobei der digitale Dezi-
mationsfilter (110) aus einer Vielzahl von digitalen
Dezimationsfiltern ausgewahlt ist, wobei jeder digi-
tale Dezimationsfilter (110) ein zugehdriges Fre-
quenzlbertragungsverhalten aufweist, wobei der
Dezimationsfilter (110) basierend auf einem von
dem digitalen Signal getragenen versteckten Code
ausgewahlt ist; und

der Alias-Korrekturfilter (130) aus einer Vielzahl von
einzeln wahlbaren Alias-Korrekturfiltern ausgewahlt
ist, wobei jeder Alias-Korrekturfilter (130) gestaltet
ist, um ein digitales Signal im Frequenzbereich des
Ubergangsbereichsabschnitts des Frequenziiber-
tragungsverhaltens zu dampfen, das sich aus der
Kombination des Frequenzlbertragungsverhaltens
von einem der digitalen Dezimationsfilter und dem
Frequenziiberragungsverhalten von dem digitalen
Interpolationsfilter (150) ergibt, wobei das Auswah-
len des Alias-Korrekturfilter (130) von einer Auswah-
leinrichtung als Reaktion auf den versteckten Code
durchgefihrt wird.

System nach Anspruch 24, ferner umfassend einen
Signalprozessor, der nachfolgend zum ausgewahl-
ten Alias-Korrekturfilter auf das digitale Signal an-
spricht.

System nach Anspruch 25, wobei der Signalprozes-
sor eine Basskorrektureinrichtung und/oder eine
rdaumliche Effekteinrichtung und/oder eine Klang-
steuerung und/oder eine Halleinrichtung aufweist.

System nach Anspruch 24, wobei mindestens eine
von einer Vielzahl von Signalverarbeitungseigen-
schaften in dem digitalen Signal kodiert ist und das
System ferner eine Dekodiereinrichtung zum Deko-
dieren der Signalverarbeitungseigenschaft aus dem
digitalen Signal als Reaktion auf das digitale Signal
vor dem ausgewahlten Alias-Korrekturfilter (130)
und den versteckten Code aufweist, wobei die min-
destens eine Signalverarbeitungseigenschaft aus
der Vielzahl von Signalverarbeitungseigenschaften
basierend auf dem von dem digitalen Signal getra-
genen versteckten Code ausgewahlt ist.

System nach Anspruch 27, wobei die Signalverar-
beitungseigenschaft Amplitudendekodierung um-
fasst.

System nach Anspruch 20, wobei der digitale Dezi-
mationsfilter (110) eine Reihe von einzelnen digita-
len Dezimationsfiltern umfasst und der Ubergangs-
bereichsabschnitt des Frequenzibertragungsver-
haltens in dem Frequenziibertragungsverhalten vor-
handen ist, das sich aus der Kombination des Fre-
quenzlbertragungsverhaltens des letzten digitalen
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Dezimationsfilters in der Reihe von Dezimationsfil-
tern und dem Frequenzibertragungsverhalten des
digitalen Interpolationsfilters ergibt.

System nach Anspruch 20, wobei der digitale Inter-
polationsfilter (110) eine Reihe von einzelnen digi-
talen Interpolationsfiltern umfasst und der Uber-
gangsbereichsabschnitt des Frequenzibertra-
gungsverhaltens in dem Frequenziibertragungsver-
halten vorhanden ist, das sich aus der Kombination
des Frequenziibertragungsverhaltens des ersten di-
gitalen Interpolationsfilter in der Reihe von Interpo-
lationsfiltern und dem Frequenziibertragungsverhal-
ten des digitalen Dezimationsfilters ergibt.

System nach Anspruch 20, wobei der digitale Dezi-
mationsfilter (110) eine Reihe von einzelnen digita-
len Dezimationsfiltern umfasst, der digitale Interpo-
lationsfilter eine Reihe von einzelnen digitalen Inter-
polationsfiltern umfasst und der Ubergangsbe-
reichsabschnitt in dem Frequenziibertragungsver-
halten vorhanden ist, das sich aus der Kombination
des Frequenziibertragungsverhaltens des letzten
digitalen Dezimationsfilters in der Reihe von Dezi-
mationsfiltern und dem Frequenziibertragungsver-
halten des ersten digitalen Interpolationsfilters in der
Reihe von Interpolationsfiltern ergibt.

System nach einem der Anspriiche 20 und 29-31,
wobei der Ubergangsbereichsabschnitt nahe Ny-
quist ist.

System nach einem der Anspriiche 20 und 29-31,
wobei das sich dezimierte digitale Signal und das
Alias-korrigierte Signal auf derselben Sampling-Ra-
te befinden.

System nach einem der Anspriiche 20 und 29-31,
ferner umfassend einen Signalprozessor, der als
Reaktion auf das Alias-korrigierte Signal ein verar-
beitetes Alias-korrigiertes Signal liefert.

System nach Anspruch 34, wobei der Signalprozes-
sor eine Bassverwaltungseinrichtung und/oder eine
raumliche Effekteinrichtung und/oder eine Klang-
steuerung und/oder eine Halleinrichtung umfasst.

System nach einem der Anspriiche 20 und 29-35,
ferner umfassend eine Datenkomprimiereinrich-
tung, die als Reaktion auf das dezimierte digitale Si-
gnale eine Datenkomprimierung an dem Signal
durchfiihrt; und

eine Datenexpansionseinrichtung, die als Reaktion
auf das komprimierte dezimierte digitale Signal eine
Datenexpansion an dem Signal durchfihrt.
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Revendications

Procédé de traitement d’un signal numérique con-
verti a partir d'un signal analogique a I'aide d’un filtre
de décimation numérique (110) présentant une ré-
ponse en fréquence associée, ledit procédé com-
prenant les étapes ci-dessous consistant a :

filtrer ledit signal numérique a travers un filtre
d’interpolation numérique (150) présentant une
réponse en fréquence, dans lequel le filtre d’in-
terpolation numeérique (150) est un filtre d’inter-
polation demi-bande ;

avant de filtrer ledit signal numérique a travers
ledit filtre d’interpolation numérique (150) :

localiser la partie de bande de transition de
la réponse en fréquence résultant de la
combinaisonde laréponse en fréquence de
filtre de décimation numérique et de la ré-
ponse en fréquence de filtre d’interpolation
numeérique ; et

atténuer le signal numérique dans la plage
defréquences de lapartie de bande de tran-
sition.

Procédé selon la revendication 1, comprenant en
outre I'étape consistant a mettre en oeuvre un trai-
tement de signal supplémentaire (137) sur ledit si-
gnal numérique aprées I'étape d’atténuation dudit si-
gnal numérique dans la plage de fréquences de la-
dite partie de bande de transition.

Procédé selon la revendication 2, dans lequel ledit
traitement de signal supplémentaire (137) comprend
au moins l'un(e) parmi une correction des graves,
des effets spatiaux, une réverbération et une com-
mande de tonalité.

Procédé selon la revendication 1, comprenant en
outre les étapes ci-dessous consistant a :

mettre en oeuvre une compression de données
sur ledit signal numérique suite au filtrage dudit
signal numérique en utilisant le filtre de décima-
tion numérique (110) ; et

mettre en oeuvre subséquemment une expan-
sion de données (125) dudit signal numérique
avant I'étape d’atténuation dudit signal numéri-
que dans la plage de fréquences de ladite partie
de bande de transition.

Procédé selon la revendication 1, dans lequel au
moins l'une d’'une pluralité de caractéristiques de
traitement de signal est codée dans ledit signal nu-
mérique, et le procédé comprend en outre I'étape
consistant a décoder ladite caractéristique de traite-
ment de signal a partir du signal numérique avant
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I'étape d’atténuation du signal numérique dans la
plage de fréquences de la partie de bande de tran-
sition, dans lequel ladite au moins une caractéristi-
que de traitement de signal est sélectionnée parmi
ladite pluralité de caractéristiques de traitement de
signal sur la base d’'un code masqué transporté par
ledit signal numérique.

Procédé selon la revendication 5, dans lequel ladite
caractéristique de traitement de signal comprend un
décodage d’amplitude.

Procédé selon la revendication 1, dans lequel

le filtre de décimation numeérique (110) est sélection-
né parmi une pluralité de filtres de décimation nu-
mériques, chaque filire de décimation numérique
(110) présentant une réponse en fréquence asso-
ciée, ledit filtre de décimation (110) étant sélectionné
sur la base d’'un code masqué transporté par ledit
signal numérique ; et

I'étape d’'atténuation du signal numérique est mise
en oeuvre en utilisant un filire de correction d’alias
(130) sélectionné parmi une pluralité de filtres de
correction d’alias sélectionnables individuellement,
chaque filtre de correction d’alias étant congu de ma-
niére a atténuer un signal numérique dans la plage
de fréquences de la partie de bande de transition de
laréponse en fréquence résultant de la combinaison
de la réponse en fréquence de I'un desdits filtres de
décimation numériques (110) et de la réponse en
fréquence dudit filtre d’interpolation numérique
(150), dans lequel I'étape de sélection desdits filtres
de correction d’alias (130) est basée sur ledit code
masque, et ledit signal numérique est filtré a travers
ledit filtre d’interpolation numérique.

Procédé selon la revendication 7, comprenant en
outre I'étape consistant a mettre en oeuvre un trai-
tement de signal supplémentaire sur ledit signal nu-
mérique aprés I'étape de filtrage dudit signal numé-
rique a travers ledit filtre de correction d’alias sélec-
tionné (130).

Procédeé selon la revendication 8, dans lequel ledit
traitement de signal supplémentaire comprend au
moins l'un(e) parmi une correction des graves, des
effets spatiaux, une réverbération et une commande
de tonalité.

Procédé selon la revendication 7, dans lequel au
moins l'une d’'une pluralité de caractéristiques de
traitement de signal est codée dans ledit signal nu-
mérique, et le procédé comprend en outre I'étape
consistant a décoder ladite caractéristique de traite-
ment de signal a partir du signal numérique avant
de filtrer ledit signal numérique a travers ledit filtre
de correction d’alias sélectionné, dans lequel ladite
au moins une caractéristique de traitement de signal
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est sélectionnée parmi ladite pluralité de caractéris-
tiques de traitement de signal sur la base dudit code
masqué transporté par ledit signal numérique.

Procédé selon larevendication 10, dans lequel ladite
caractéristique de traitement de signal comprend un
décodage d’amplitude.

Procédé selon la revendication 11, dans lequel ledit
signal numérique est filtré a 'aide d’'une série de fil-
tres de décimation numériques et la partie de bande
de transition de la réponse en fréquence est située
dans la réponse en fréquence résultant de la com-
binaison de la réponse en fréquence du dernier filtre
de décimation numérique dans ladite série de filtres
de décimation et de laréponse en fréquence de filtre
d’interpolation numérique.

Procédé selon la revendication 11, dans lequel ledit
signal numérique est filtré a 'aide d’'une série de fil-
tres d’interpolation numériques et la partie de bande
de transition de la réponse en fréquence est située
dans la réponse en fréquence résultant de la com-
binaison de la réponse en fréquence du premier filtre
d’interpolation numérique dans ladite série de filtres
d’interpolation et de la réponse en fréquence de filtre
de décimation numérique.

Procédé selon la revendication 11, dans lequel ledit
signal numérique est filtré a 'aide d’'une série de fil-
tres de décimation numériques et d’'une série de fil-
tres d’interpolation numériques, et la partie de bande
de transition de la réponse en fréquence est située
dans la réponse en fréquence résultant de la com-
binaison de la réponse en fréquence du dernier filtre
de décimation numérique dans ladite série de filtres
de décimation et de la réponse en fréquence du pre-
mier filtre d’interpolation numérique dans ladite série
de filtres d’interpolation.

Procédé selon 'une quelconque des revendications
11 a 14, comprenant en outre I'étape consistant a
mettre en oeuvre un traitement de signal supplémen-
taire (137) sur ledit signal numérique avant I'étape
d’atténuation dudit signal numérique dans la plage
defréquences de ladite partie de bande de transition.

Procédé selon la revendication 15, dans lequel ledit
traitement de signal supplémentaire (137) comprend
au moins l'un(e) parmi une gestion des graves, des
effets spatiaux, une réverbération et une commande
de tonalite.

Procédé selon 'une quelconque des revendications
14 a 16, comprenant en outre les étapes ci-dessous

consistant a :

mettre en oeuvre une compression de données



27

sur ledit signal numérique aprés I'étape de fil-
trage dudit signal numérique en utilisant un filtre
de décimation numérique (110) ; et

mettre en oeuvre subséquemment une expan-
sion de données dudit signal numérique avant
I'étape d’atténuation dudit signal numérique
dans la plage de fréquences de ladite partie de
bande de transition.

18. Procédé de conception d’'un filtre pour réduire une

déformation d’alias apte a étre utilisé dans le cadre
du traitement d’un signal numérique converti a partir
d’un signal analogique d’entrée a I'aide d’'un conver-
tisseur analogique a numérique comprenant un filtre
de décimation numérique, le signal numérique étant
subséquemment converti en un signal analogique
de sortie a l'aide d’'un convertisseur numérique a
analogique comprenant un filtre d’interpolation nu-
mérique, chacun desdits filtres de décimation et d’in-
terpolation présentant une réponse en fréquence as-
sociée, ledit procédé comprenant les étapes ci-des-
sous consistant a

a) localiser la partie de bande de transition de
la réponse en fréquence résultant de la combi-
naison de la réponse en fréquence de filtre de
décimation numérique et de la réponse en fré-
quence de filtre d’interpolation numérique ;

b) sélectionner un premier filtre d’atténuation
présentant une premiére réponse en fréquence
qui atténue le signal numérique dans la plage
de fréquences de la partie de bande de
transition ;

c) convolutionner les réponses en impulsion du
filtre de décimation (110) et du filtre d’interpola-
tion (150) en vue de produire une premiére ré-
ponse en impulsion ;

d) convolutionner les réponses en impulsion du
filtre de décimation, du filtre d’atténuation et du
filtre d’interpolation (150) en vue de produire une
seconde réponse en impulsion ;

e) comparer la dispersion temporelle de la se-
conde réponse en impulsion dans une région de
la seconde réponse en impulsion au-dessus de
moins 80 dB a la dispersion temporelle de la
premiére réponse en impulsion dans la méme
région ;

f) si la largeur de la dispersion temporelle de la
seconde réponse en impulsion dans ladite ré-
gion est supérieure a la largeur de la dispersion
temporelle de la premiére réponse en impulsion
dans la méme région, sélectionner un autre filtre
d’atténuation présentant une réponse en fré-
quence différente de ladite premiére réponse en
fréquence, qui atténue le signal numérique dans
la plage de fréquences de la partie de bande de
transition ; et

g) répéter les étapes d, e et f jusqu’a ce que la
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largeur de la dispersion temporelle de la secon-
de réponse en impulsion dans ladite région ne
soit plus supérieure a la largeur de la dispersion
temporelle de la premiére réponse en impulsion
dans la méme région.

Procédé selon la revendication 18, dans lequel la
réponse en impulsion convolutionnée est tracée sur
une échelle logarithmique.

Systeme destiné a traiter un signal numérique con-
verti a partir d'un signal analogique en utilisant un
filtre de décimation numérique (110) présentant une
réponse en fréquence associée, ledit systéme
comprenant :

un filtre d’interpolation numérique (150) présen-
tantune réponse en fréquence associée, lefiltre
d’interpolation numérique (150) étant un filtre
d’interpolation demi-bande ; et un filtre de cor-
rection d'alias (130) répondant audit signal nu-
mérique en vue de produire un signal a alias
corrigé, leditfiltre de correction d’alias (130) pré-
sentant une réponse en fréquence qui atténue
ledit signal numérique dans la plage de fréquen-
ces de la partie de bande de transition de la ré-
ponse en fréquence résultant de la combinaison
de la réponse en fréquence de filtre de décima-
tion numérique et de la réponse en fréquence
de filtre d’interpolation numérique ; et

dans lequel ledit filtre d’interpolation numérique
(150) répond audit signal a alias corrigé en vue
de produire un signal numérique interpolé.

Systeme selon la revendication 20, comprenant en
outre un processeur de signal répondant audit signal
a alias corrigé en vue de fournir un signal a alias
corrigé traite.

Systeme selon la revendication 21, dans lequel le
processeur de signal comprend au moins I'un parmi
un correcteur des graves, un effecteur spatial, un
réverbérateur et un contréleur de tonalité.

Systeme selon la revendication 22, comprenant en
outre :

un compresseur de données répondant audit si-
gnal numérique décimé en vue de mettre en
oeuvre une compression de données sur ledit
signal numérique décimé ; et un expanseur de
données répondant audit signal numérique dé-
cimé compressé en vue de mettre en oeuvre
une expansion de données sur ledit signal nu-
mérique décimé.

Systeme selon la revendication 20, dans lequel
le filtre de décimation numérique (110) est sélection-
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né parmi une pluralité de filtres de décimation nu-
mériques, chaque filire de décimation numérique
(110) présentant une réponse en fréquence asso-
ciée, ledit filtre de décimation (110) étant sélectionné
sur la base d’'un code masqué transporté par ledit
signal numérique ; et

le filtre de correction d’alias (130) est sélectionné
parmi une pluralité de filtres de correction d’alias sé-
lectionnables individuellement, chaque filtre de cor-
rection d’alias (130) étant congu de maniére a atté-
nuer un signal numérique dans la plage de fréquen-
ces de la partie de bande de transition de la réponse
en fréquence résultant de la combinaison de la ré-
ponse en fréquence de I'un desdits filtres de déci-
mation numériques et de la réponse en fréquence
dudit filtre d’interpolation numérique (150), dans le-
quel I'étape de sélection dudit filtre de correction
d’alias (130) est mise en oeuvre par un sélecteur en
réponse audit code masqué.

Systeme selon la revendication 24, comprenant en
outre un processeur de signal répondant audit signal
numérique subséquemment audit filtre de correction
d’alias sélectionné.

Systeme selon la revendication 25, dans lequel ledit
processeur de signal comprend au moins I'un parmi
un correcteur des graves, un effecteur spatial, un
réverbérateur et un contréleur de tonalité.

Systeme selon la revendication 24, dans lequel au
moins l'une d’'une pluralité de caractéristiques de
traitement de signal est codée dans ledit signal nu-
mérique, et le systéme comprend en outre un déco-
deur répondant audit signal numérique avant ledit
filtre de correction d’alias sélectionné (130) et ledit
code masqué, en vue de décoder ladite caractéris-
tique de traitement de signal a partir du signal nu-
mérique, dans lequel ladite au moins une caracté-
ristique de traitement de signal est sélectionnée par-
mi ladite pluralité de caractéristiques de traitement
de signal sur la base dudit code masqué transporté
par ledit signal numérique.

Systeme selon la revendication 27, dans lequel la-
dite caractéristique de traitement de signal com-
prend un décodage d’amplitude.

Systeme selon la revendication 20, dans lequel ledit
filtre de décimation numérique (110) comprend une
série de filtres de décimation numériques indivi-
duels, et la partie de bande de transition de la ré-
ponse en fréquence est présente dans la réponse
en fréquence résultant de la combinaison de la ré-
ponse en fréquence du dernier filtre de décimation
numérique dans ladite série de filtres de décimation
etdelaréponse enfréquence du filtre d’interpolation
numérique.
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Systeme selon la revendication 20, dans lequel ledit
filtre d’interpolation numérique (110) comprend une
série de filtres d’interpolation numériques indivi-
duels, et la partie de bande de transition de la ré-
ponse en fréquence est présente dans la réponse
en fréquence résultant de la combinaison de la ré-
ponse en fréquence du premier filtre d’interpolation
numérique dans ladite série de filtres d’interpolation
et delaréponse en fréquence du filtre de décimation
numérique.

Systeme selon la revendication 20, dans lequel ledit
filtre de décimation numérique (110) comprend une
série de filtres de décimation numériques indivi-
duels, leditfiltre d’interpolation numérique comprend
une série de filtres d’interpolation numériques indi-
viduels, et ladite partie de bande de transition est
présente dans la réponse en fréquence résultant de
la combinaison de la réponse en fréquence du der-
nier filtre de décimation numérique dans ladite série
de filtres de décimation et de laréponse en fréquen-
ce du premier filtre d’interpolation numérique dans
ladite série de filtres d’interpolation.

Systeme selon I'une quelconque des revendications
20 et 29 a 31, dans lequel ladite partie de bande de
transition est proche de la fréquence de Nyquist.

Systeme selon I'une quelconque des revendications
20 et 29 a 31, dans lequel ledit signal numérique
décimé et ledit signal a alias corrigé sont a la méme
fréquence d’échantillonnage.

Systeme selon I'une quelconque des revendications
20 et 29 a 31, comprenant en outre un processeur
de signal répondant audit signal a alias corrigé en
vue de fournir un signal a alias corrigé traité.

Systeme selon la revendication 34, dans lequel le
processeur de signal comprend au moins I'un parmi
un gestionnaire des graves, un effecteur spatial, un
réverbérateur et un contréleur de tonalité.

Systeme selon I'une quelconque des revendications
20 et29 a 35, comprenanten outre : un compresseur
de données répondant audit signal numérique déci-
mé en vue de mettre en oeuvre une compression de
données sur ledit signal ; et

un expanseur de données répondant audit signal nu-
mérique décimé compressé en vue de mettre en
oeuvre une expansion de données sur ledit signal.
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