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(57) Abréegée/Abstract:
A decoder capable of decoding audio signals encoded using analog noise reduction techniques, particularly Dolby SR, Is
Implemented by means of digital signal processing. The typical decoding paradigm used by analog Dolby SR decoders is modified
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to overcome the problems caused by delay which Is introduced by the digital implementation. A gain factor Is factored out of the
feedback transfer function and Is placed in the forward signal path of each stage of the digital decoder. A single control circuit can
then be used to generate coefficients which define transfer functions of each filter stage of the signal path. Linear interpolation
techniques are used to limit the number of coefficient entries necessary to emulate the transfer function of an analog Dolby SR
decoder. The digital decoder structure can be Inverted to produce a digital encoder which Is capable of implementing any noise
reduction standard desired, including Dolby SR.
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analog noise reduction techniques, particularly Dolby SR, is
implemented by means of digital signal processing. The typical
decoding paradigm used by analog Dolby SR decoders is modified
to overcome the problems caused by delay which is introduced
by the digital impiementation. A gain factor is factored out of
the feedback transfer function and is placed in the forward signal
path of each stage of the digital decoder. A single control circuit
can then be used to generate coefficients which define transfer
functions of each filter stage of the signal path. Linear interpolation
techniques are used to limit the number of coefficient entries
necessary to emulate the transfer function of an analog Dolby
SR decoder. The digital decoder structure can be inverted to
produce a digital encoder which is capable of implementing any
noise reduction standard desired, including Dolby SR.
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DSP DECODER FOR DECODING ANALOG SR ENCODED AUDIO SIGNALS

1. FIELD OF THE INVENTION

This invention pertains to audio digital signal processing and to the use of digital
signal processing (DSP) in audio noise reduction systems, and more particularly to the use
of DSP techniques to decode audio signals that have been encoded using analog noise

reduction techniques.

2. ART BACKGROUND

It is recognized today that there are many advantages to recording audio
information, such as music and human voices, in a tully digital fashion, as is done for
example on audio compact discs (CDs). One of the biggest advantages is the elimination
of noise that is inherent to the recording, mastering and playback of audio signals
employing well-known analog techniques. Clearly, once the audio has been accurately
encoded into numbers, there can be no corruption of the content by externally coupled
noise. Despite these obvious advantages, however, analog audio recording is still widely
used in certain industries, such as the film industry, in part because of their large
investment in existing analog equipment. For example, there is an enormous installed
base of analog playback equipment that would be incompatible with digitally formatted
audio material. Moreover, there is a vast collection of exisiting subject matter which has
already been recorded in an analog format and which therefore requires analog playback

equipment.

- When an analog audio signal is copied, edited, recorded on magnetic tape, read
back from magnetic tape, or otherwise transmitted, significant noise is typically introduced
in a cumulative manner at each such processing step. As a result, various noise reduction
systems have been invented to lessen the impact of the noise on the quality of a recording
as perceived by listeners. A typical noise reduction system transforms the captured analog
audio waveform into an audio waveform having altered characteristics, for example, by
boosting the waveform’s amplitude in certain portions of the frequency spectrum. This
transtormation is referred to as “encoding.” The encoded analog waveform is recorded,

for example, on magnetic tape or otherwise transmitted.

y
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As part of the playback process, the encoded waveform is subjected to a second
transformation referred to as "decoding.” That transformation is designed to reverse the
original encoding transformation and restore the original waveform as closely as possible
to its original spectral character. The overall process will achieve noise reduction if the

S decoding transformation is one which tends to reduce the amplitude of the kinds of noise
which are typically encountered, such as low-level broadband noise. Reversing an
encoding process which gains up signals at certain frequencies before noise is introduced
will reduce the amplitudes of those components to their original values, while reducing
any noise signals injected subsequent to the encoding process and having components at

10 those frequencies by the same factor. A widely used noise reduction system is Dolby SR,

described in Ray Dolby, "The Spectral Recording Process," 35 J. Audio Eng. Soc. 99

(1987), the entirety of which is incorporated herein by this reference.

Because the motion picture industry continues to record, mix and play back its
audio subject matter using analog techniques, audio noise reduction systems implemented
15 in the film industry have heretofore been implemented exclusively through analog signal
processing techniques (i.e. using circuits made up of resistors, capacitors, operational
amplifiers and other analog electronic components). A number of significant
disadvantages inhere to the analog implementation of noise reduction processes. For
example, problems arise as a consequence of manufacturing-lot and temperature variations
20 in the values of the resistors and capacitors used to implement the analog circuits, in the
offset voltages and other parameters of operational amplifiers, etc. Moreover,
environmental conditions can also cause drifts in such parameters. In a noise reduction
system, such variations could result in a mismatch between the circuit which encodes and
the circuit which decodes, leading to discernable differences between the original input
25 waveform and the decoded waveform. Such analog implementations are also inflexible,

requiring changes in components or component values to achieve upgrades, redesigns or to

customize characterisitics.

Digital signal processing equipment has been steadily declining in cost and
Increasing in capability over the past decades. Many signal processing tasks which were
30 formerly carried out through analog circuits are now performed primarily through digital
signal processing. Digital signal processing offers the possibility of circuits having lower

cost, smaller size, and lower power consumption, particularly when a number of signal
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processing functions can share one digital signal processor. Digital signal processing
makes available to the designer filters with transfer characteristics which would be difficult
to realize economically with analog signal processing circuitry. Digital signal processing
also avoids many of the problems which exist in analog signal processing circuits. For

5 example, the manufacturing-lot and temperature variations referred to above are not a
problem in digital signal processing; because the coefficient values that define a filter in
DSP are stored as digital quantities, they do not vary from one manufacturing lot to
another, nor do they vary with temperature. Moreover, DSP systems are extremely
flexible in that they can be refined, redesigned or adjusted by simply loading new software

10 with which to configure the DSP processor.

While techniques have become known in the art for designing digital signal
processing systems which merely implement digitally preexisting analog signal processing
systems, certain noise reduction systems of the type exemplified by Dolby SR cannot be
implemented simply by straight-forward conversion into an analogous digital signal

15 processing system. Indeed, the common wisdom in the industry is that the decoding of
known analog noise reduction schemes such as Dolby SR cannot be successfully
implemented digitally. The reason for this resides in the fundamental strategy which

Dolby SR and similar analog systems employ for decoding.

Figures 1a and 1b depict a high-level representation of the structure employed by

20 Dolby SR to encode and decode audio signals respectively. The signal X 105 to be
encoded passes through an encoding block 110, the output of which is added to the
original signal by an adder 115, producing the encoded audio signal Y 120. During
playback, an audio signal Y 145 (which is the encoded signal Y 120 and which has had
noise introduced to it through the various analog recording, mixing and playback

25 processes as previously discussed) is decoded to produce an audio signal X_ which
represents the original audio signal X 105, with any noise introduced through recording,
mixing, etc. having been reduced. The decoding process operates by employing an
encoding block 130, the transfer function of which is identical to that of the encoding
block 110 used to encode the original signal X 105. The reconstructed (i.e. decoded)

30 signal X, 135 is fed back to encoding block 130 to produce an encoded version of the
reconstructed signal which is then subtracted from the encoded signal Yy by adder 12§ to

produce the reconstructed signal.
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In effect, the decoder assumes what the reconstructed output X, should be and
then uses it to produce a signal from encoding block 130 which is, with respect to all
spectral components of the signal X, except the noise, exactly what was added to the
original signal X 105 during the encoding process. By subtracting this signal from the
encoded signal Yy, the reconstructed signal X, is produced. The advantage of this scheme
is that the two encoding blocks 110 and 130 can be identical, and if one ignores any noise
which may have been introduced into the encoded signal 120 between encode and decode,

then the decoded signal 135 is guaranteed to be identical to the encoded one.

This playback scheme essentially assumes that the decoded signal 135 is the
original unencoded signal 105 and uses a sample of the decoded signal 135 at time t, to
calculate that signal 130 which must be subtracted from the encoded signal 1435 at time t,
to produce the original output. Because the delay through the feedback loop is minimal

using analog circuits, this system will not be unstable for frequencies over the audio

range.

The structure of Fig. 1b is not suited for straightforward conversion to a digital
signal processing implementation. Such a straightforward conversion of the decoder of
Fig. 1b would simply replace the analog encoding block 130 with a digital signal
processor having a transfer characteristic which is virtually identical. While it is possible
using techniques known in the art to program a digital signal processor to closely 1mitate
the amplitude gain of analog encoding block 130 (see, for example, Alan V. Oppenheim

& Ronald W. Schafer, Discrete-Time Signal Processing sec. 7.1 (1989)), any digital

signal processing implementation of that encoding block would inevitably introduce a

~ delay t, between the time t, that a sample of the decoded signal 145 is available and the

time (t,+tp) that the value generated from that sample by the encoding block 130 becomes
available. Because of this delay, it is impossible to generate the decoded signal 145 by
subtracting from the current sample of the input signal 105 the value generated by
encoding block 130 from that sample; rather, the only feasible way to generate decoded
signal 145 is to subtract from the current sample of the input signal 105 the value
generated by encoding block 130 from the previous sample of input signal 105. This

introduces a delay of at least one sample period into the feedback loop of the decoder of
Fig. 1b.
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In audio processing, samples are generally taken at a rate of 44.1 kHz, i.e.
approximately every 23 us. As is well known, delays in feedback loops tend to make
systems unstable. In the case at hand, it is found that the one-sample-period delay renders
a straight conversion of the structure of Fig. 1b unstable for certain frequencies over the
audio range and therefore unusable. Thus, to produce the result of the decoding scheme
of Fig. 1b digitally, a radically different approach must be invented to compensate for the

digital delay. The scheme must be emulated rather than imitated.

In sum, a straightforward conversion of the analog circuitry is not possible, but
because of the many cost and performance advantages that could be realized using DSP,
there is a need in the art for a method of digitally decoding Dolby SR-type and similar
decoding systems; such an implementation must employ a different overall structure from

that of existing analog decoders to emulate rather than imitate the analog process.
SUMMARY OF THE INVENTION

It is therefore an objective of the present invention to overcome the heretofore
unresolved problem of achieving stable operation of a digitally implemented noise
reduction decoder in spite of feedback loop delay inherent to a straight conversion of such
analog noise reduction decoders of the same general type as Dolby SR to a DSP solution.
It 1s a further objective of the invention to emulate closely the overall transfer function of
the analog decoder of a Dolby SR-type noise reduction system so that the audio signal
recovered using the present invention is not discernably different than if it had been

recovered by an analog Dolby-SR noise reduction decoder. It is a further objective of the

- invention that a digital signal processing system be able to employ the inverse of the

decoder of the present invention to perform encoding as well as decoding, so that it has
the flexibility to encode an input waveform in any manner which is desirable, including
but not limited to the Dolby SR standard.

The Instant invention comprises a filter section and a control section. The filter
section provides a signal path through which an encoded audio signal is altered by an
adaptable transfer function to produce an audio signal output which is virtually identical to
the original audio signal, plus some reduced amount of noise. In the preferred

embodiment, the effect of this adaptable transfer function is to emulate through digital
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signal processing techniques, that transfer function realized by well-known analog
decoding under Dolby SR noise reduction standards.

The signal path comprises three cascaded filter stages. The input to the first of
these filter stages is the encoded audio signal to be decoded. The output of the last of
these three filter stages is input to a deskewing filter, the output of which is the decoded
or reconstructed audio signal. The first of the three filter stages comprises a gain section
in its forward signal path, and a high frequency filter section and a low frequency filter
section in its feedback signal path. The output of the gain section is fed back to the high
frequency and low frequency filter sections, and is also input to the second filter stage.
The outputs of the high frequency and low frequency filter sections are subtracted from
the audio signal to be decoded by a summing circuit, the output of which becomes the
Input to the stage’s gain section.

The second filter stage is identical to the first filter stage, with the output of its
gain section providing the input to the third filter stage. The third filter stage is identical
to the first two stages except that it only has a high frequency filter section in the feedback
signal path. The output of the gain section of the third stage becomes the input to the
deskewing filter.

The control section provides coefficients to each of the three filter stages by which
the transfer function of the three filter stages can be adapted in accordance with the
current value of the decoded audio signal output. The control circuit is divided into a
high frequency section and a low frequency section. The high frequency section provides
coefficients by which to configure the high frequency filter sections of each of the three
filter stages. The low frequency section provides coefficients by which to configure the

low frequency filter sections of the first two filter stages. The high frequency and low

- frequency control sections also provide coefficients by which to determine the gain

provided by each of the gain sections of the filter stages.

The low frequency control section includes a low frequency coefficient table
containing 1056 sets of coefficients for 176 frequencies by six amplitudes. Each table
entry contains a total of five coefficients. Four of the coefficients are used to configure
the low frequency filter sections of the first and second filter stages. The remaining
coetficient is input to the gain sections of the first two filter stages to be used in
determining the gain value of those gain sections.

The high frequency control section includes a high frequency coefficient table,

also having 1056 entries for 176 frequencies by six amplitudes. Each of the table entries
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contains five coetticient values. Four of the coefficient values are input to the high
frequency filter sections of each of the three filter stages, and are used to configure the
transter functions of those filter sections. The remaining coefficient is input to the gain
sections of each of the three filter stages, and is used to determine the gain value of those
gain sections.

Each of the control sections is further subdivided into two subsections. The first
subsection of the low frequency control section includes a fixed low-pass filter, which
receives as its input the recovered audio signal. The output of this fixed low-pass filter is
rectified to determine the largest amplitude of the recovered audio signal below the cutoff
frequency of the low-pass filter. This amplitude value is then scaled into dB and is one of
two inputs which are used to index the low frequency coefficient table to select the
appropriate low frequency coefficients.

The first subsection of the high frequency control section includes a fixed high-
pass filter, which also takes as its input the decoded audio signal. The output of this fixed
high-pass filter is also rectified to determine the greatest amplitude of those spectral
components of the decoded audio signal above the cutoff frequency of the fixed high-pass
filter. This amplitude value is also converted to dB and is one of two inputs used to index
the high frequency coefficient table.

The second subsection of each of the control sections is a sliding filter which is
employed to determine the frequency of the spectral component of the recovered audio
signal having the greatest amplitude. The second subsection of the low frequency control
section includes two low-pass filters. The transfer functions of the low-pass filters are
different such that a ratio between the outputs of the two filters will, when rectified,

define the frequency of the spectral component having an amplitude equal to the output of

- those filters. The outputs of each of the two low-pass filters are rectified to determine the

greatest amplitude of the spectral components of the decoded audio signal below the cutoff
frequencies of those two low-pass filters. The ratio of the two amplitudes is taken to
determine the frequency of the spectral component having the greatest amplitude. The
output is converted to a log, scale to achieve greater resolution at lower frequencies. The
scaled output is used as the other of two inputs by which index the appropriate low
frequency coefficients from the Iwo frequency table are selected.

The second subsection of the high frequency control section includes two high-pass
filters, the outputs of which are rectified and ratioed to determine the dominant spectral

component of the decoded audio signal having a frequency above the cutoff frequency of
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the high-pass filters. The ratio is also scaled to log, and is the other of two inputs by
which the appropriate high frequency coefficients are selected from the high frequency
coetficient table.

Thus, the low frequency coefficient table and high frequency coefficient table are

) indexed two-dimensionally to identify the entry from which the coefficients are to be
provided to the filter stages in the signal path.

The high frequency and low frequency filter sections of the filter stages are
implemented as two-pole Butterworth filters. Each of the high frequency and low
frequency filter sections is realized as a second-order biquadratic filter programmed to

10 implement the two-pole Butterworth filter.

Finally, the decoder of the present invention can be inverted to produce an
encoder which is universally programmable by which any desirable encoding standard can
be achieved, including the Dolby SR encoding standard. To achieve such desirable

standards, only the coefficient tables and/or the filter functions need by reprogramimed.
15 BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1a (prior art) depicts the high-level structure of existing analog encoders

for noise reduction systems like Dolby SR.

Figure 1b (prior art) depicts the high-level structure of existing analog decoders

for noise reduction systems like Dolby SR.

20 Figure 2a (prior art) depicts a simplified block diagram of a Dolby SR analog

- encoder.

Figure 2b (prior art) illustrates a simplified block diagram of Dolby SR analog

decoder.

Figure 3 (prior art) illustrates an example of a transfer function generated by an

25 analog Dolby SR encoder based on the dominant spectral component of an audio signal to

be encoded.
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Figure 4a (prior art) illustrates a typical analog implementation of the high

frequency (HF) module of Figures 2a and 2b.

Figure 4b (prior art) is a typical analog im})ler‘hentation of the low frequency (LF)

module of Figures 2a and 2b.

Figure 5a is a high-level paradigmatic representation of a stage of the encoder of

Figure 2a.

Figure Sb illustrates a block-level paradigmatic representation of an altered
encoder stage whereby a gain has been factored out of the transfer function H(z) of Figure
Sa.

Figure Sc is a block-level representation of a decoder stage derived from the
modified encoder of Figure Sband as applied to one of the filter stages of the encoder of

Figure 2a.

Figure 8d is a block-level illustration of a decoder stage derived from the

modified encoder stage of Figure Sc.

Figure 6 is a block-level diagram of the preferred embodiment of the decoder of

the present invention.

Figure 7 is an illustration of the transfer function of the low-pass filter LP3 of

" Figure 6.

Figure 8 is an illustration of the transfer function of the high-pass filter HP3 of

Figure 6.

Figure 9 is an illustration of the transfer functions for low-pass filters LP1 and
LP2, as well as the high-pass filters HP1 and HP2 of Figure 6.
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Figure 10 1s an illustration of the output of the present invention, which has

decoded a sweeping tone encoded by a Dolby SR analog encoder at 10dB intervais
between 10dB and -60dB.

Figure 11 (prior art) is an illustration of the transfer function of a Dolby skewing
5 filter.

DETAILED DESCRIPTION OF THE INVENTION

1. The Dolby SR _Noise Reduction Standard

Figure 2a illustrates the simplified diagram of an analog encoder typically used to
implement the well-known Dolby SR noise reduction standard. Figure 2b is a block-level
10 illustration of a typical analog implementation of a Dolby SR decoder. Each of the three
cascaded filter stages of the decoder in Figure 2a corresponds to the high level structure
disclosed in Figure 1a. Likewise, each of the three filter stages of the decoder Figure 2b
correspond to the high level representation of the analog decoding process depicted in
Figure 1b. The purpose of the encoder of Figure 2a is to determine at any instant in
15 time, the dominant spectral component of the audio signal to be encoded, and to boost the
gain of the audio signal to be encoded at the frequencies other than at the dominant
component. Even the dominant spectral component will be boosted somewhat in gain,
commensurate with its relative amplitude. This is a vast improvement over other
standards, such as Dolby A, which boosted the gain of a fixed number of spectral
2() components (i.e., frequency bands). Thus, the encoder continuously adapts the overall
~ transfer function between the input and the output of the encoder in response to the
dominant spectral component of the decoded output signal at any instant in time.
The signal path of the analog encoder includes three filter and control stages which
produce the transfer function by which the incoming audio signal X 200 is encoded to
25 produce encoded output Y 208. Control circuits 203 for each of the stages dictate the
transfer function of each of the stages individually.
The low frequency filter sections of the first and second stages are typically
implemented as shown in Figure 4a. Variable resistors R4 400 and R2 402 are controlied
by control circuits 250. The high frequency filter sections of the first and second stage

30 are typically implemented as shown in Figure 4b. Variable resistors 420 and 430 are

10
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controlied by control circuits 230 and 240. A skewing filter 206 is typically employed
under the Dolby SR standard, which attenuates very low frequencies below 40 Hz and
very high frequencies above 10 kHz to prevent these extreme frequencies from interfering
with the operation of the encoder. Figure 3a illustrates what the overall transfer function
310 of the encoder of Figure 2a would typically be when the incoming audio signal to be
encoded has a spectral content 300. It can be seen from Figure 3 that the encoder of
Figure 2a will gain up those spectral components on either side of the dominant spectral
component to essentially decrease the dynamic range of the incoming signal at that instant

in time. Some gaining up of the dominant frequency may also occur.

2. The Preferred Embodiment of the Invention

As previously discussed, digital implementation of an encoder capable of decoding
audio signals that have been encoded in an analog fashion using noise reduction techniques
such as Dolby SR, although highly desirable, has been heretofore unsuccessful because
direct conversion of analog decoders (as illustrated in Figure 2b) are unstable due to the
delay introduced by digital signal processing (DSP) techniques. The present invention
successtully provides an emulation of the decoder of Figure 2b through a novel and non-
obvious approach which modifies the fundamental paradigm for decoding.

Each filter stage of the encoder of Figure 2a can be represented by the high-level
block diagram of Figure Sa. Block 500 represents an encoder having a transfer function
represented by H(z). H(z) is a discrete-time transfer function which can be represented by

the following equation:

H(z) =

al(z) zN+alzN'1. ......

If we divide a(z) into b(z) using polynomial division, H(z) can be expressed as follows:

H(z) =b0+-§§§§- =b,+H (z)

The results of this process can be illustrated by the block diagram of Figure 5b.
The inverse of this transfer function can be realized using a feedback loop as

illustrated in Figure 5c¢. Because H'(z) is a proper rational function, there are no delay-

11
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free loops in this implementation. This high-level approach as illustrated in Figures 5b
and Sc can then be applied to each filter stage of the signal path of the analog encoder of
Figure 2a and the analog decoder of Figure 2b. For each filter stage, the transfer

function is given by the following:

H(z)=1+HF(z) +LF(z)

For the last stage, LF(z) equals 0. The above equation can be rewritten as follows:

H(z) =b+HF (z) +LF (z)

where HF'(z) and LF'(z) are proper rational functions. Each stage of the encoder of
Figure 2a can then be implemented as shown in Figure Sc while each stage of the
decoder of Figure 2b can be implemented as illustrated in Figure 5d. Based on the above
modification of the paradigm for analog encoding, the analog encoder can now be
implemented digitally because there will no longer be any delay-free loops, as is the case
for the decoder of Figure 2b.

Figure 6 is a block-level depiction of the preferred embodiment of the noise
reduction decoder of the present invention. The decoder of the present invention can be
viewed as divided into two sections, a signal pass section and a control section. The
signal pass section employs three filter stages in cascade. Each of the filter stages is
implemented in accordance with the modified paradigm of Figure 5d. Each of the high
frequency filter sections 606 and the low frequency filter sections 608 are implemented as

second-order biquadratic filters to implement two-pole Butterworth filters. The transfer

- functions for each of the filter sections 606 and 608 are determined by a set of four

coefficients. The digital implementation of the filter sections 606 and 608 will be readily
apparent to those of skill in the art from the MATLAB description of the present invention
which is attached hereto as Appendix A. The gains produced by gain sections 602 in the
forward signal path are determined by two coefficients, one being a factored gain
component from the high frequency component of the feedback transfer function (i.e.,
HF') of the filter stage, and the other being a gain component factored from the low
frequency component (i.e., LF’) of the feedback transfer function. For gain stage 604,
because the low frequency component of the transfer function is equal to 0 (i.e.,

HL' = 0), the value of the gain does not include a factor from a low frequency

12
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component. Thus, the gain value produced by gain block 604 is only determined by one
coefficient.

The signal path section also includes an additional filter [H,,.,] 612, which is
simply the inverse transfer function of the skew filter 206 of Figure 2a. Put another way,
it is a direct digital implementation of the inverse skew filter 214 of Figure 2b.

The control section takes as its input the output X, 611. This signal represents the
reconstructed or decoded audio signal with reduced noise prior to being de-skewed. The
control section produces five high frequency coefficients, four of which are input to each
of the high frequency filter sections 606 by which their transfer functions are determined,
and one coefficient which provides the high frequency gain component for the gain
sections 602. The control circuit also provides five low frequency coefficients. four of
which are input to the two low frequency filter sections 608 and one which is used to
determine the low frequency contribution to the gain stages 602. The low frequency
control section includes a low frequency coefficient table 632 which contains a total of
1,056 entries, each of which contains five low frequency coefficients. Each entry of five
coefficients corresponds to 176 frequencies by six amplitudes. The six amplitudes are
0 dB, -10 dB, -20 dB, -30 dB, -40 dB and -60 dB. The mapping used to generate the
indexes for accessing the coefficients for the low frequency coefficients table 632 and the
manner by which the maps are used to generate the coefficients is disclosed in the
MATLAB description of the invention as attached as Appendix A.

The coefficients are selected based upon inputs 631 and 639. Signal 631 is
generated by first running the decoded signal X, 611 through a low pass filter LP3 626,
the output of which is in turn rectified by Fast Attack/Slow Decay (FASD) circuit 628, the
output of which is in turn converted to dB by block 630. Signal 631 represents the

~ highest amplitude of the recovered audio signal at time t for frequencies below the cutoff

frequency of filter 626. Signal 639 is generated by a sliding filter which determines the
frequency of the dominant spectral component of the decoded signal at time t. Signal 639
is determined by the ratio of the rectified output of two low pass filters 646 and 648. The
ratio value is also rectified by block 640. The implementation of filters LP1 646, LP2
648, and LP3 626, are disclosed in the MATLAB description of the preferred embodiment
which 1s attached as Appendix A.

Figure 7 illustrates the transfer function of filter LP3 626. Figure 9 illustrates the
transter functions 800 and 810 of the filters LP1 646 and LP2 648, respectively.

13
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Coefficients for the high frequency filter sections 606 and for the high frequency
gain component for gain section 602 and 604 are supplied from high frequency coefficient
table 618. High frequency coefficient table 618 also has 1,056 entries for 176 frequencies
by six amplitudes. The appropriate coefficients as dictated by the recovered signal X, 611

) at time t is determined by inputs 621 and 661. These signals are generated in much the
same way as the low frequency table inputs. The only difference is the use of high pass
filters HP3 624, HP1 650, and HP2 652. The transfer function for high pass filter HP3
624 is illustrated in Figure 8. The transfer functions 820 and 840 for high pass filters
HP1 650 and HP2 652, respectively, are illustrated in Figure 9.

10 It should be noted that the ratio outputs for producing signals 661 and 639 are log,
scaled in order to provide higher resolution at lower frequencies. Moreover, a linear
interpolation of coefficient values is performed by blocks 616 and 634. Thus, if an
amplitude input falls between, for example 0 dB and -10 dB, the table index is rounded up
or down and the fractional portion of the amplitude value is input to blocks 616 and 634

15 to produce coefficients based on linear interpolation. The use of scaling and interpolation
saves space in the memory by reducing the requisite number of coefficients. Finally, the |
coefficients are run through low pass filters 614 and 636 to prevent drastic changes in
coefficient values over time to avoid distortion of the recovered signal X, 611.

A number of significant differences should be noted between the preferred

20 embodiment of the present invention as illustrated in Figure 6 and the prior art analog
decoder of Figure 2b. Aside from the obvious difference that the preferred embodiment
of the present invention is a digital emulation of the transfer function provided by the
analog decoder of Figure 2b, a gain stage has been inserted into the forward signal path
of each filter stage which provides a gain component factored out of the transfer functions

25 - of the filter sections which lie in the feedback path of each stage. This is the fundamental
change in the decoding paradigm which permits the implementation of decoding using
digital signal processing techniques. It should also be noted that there is only one control
circuit for all of the stages of the signal path, which avoids a considerable amount of
additional signal processing which is probably not possible to implement given the level of

30 technology currently available with commercially available digital signal processors. As a
result of these differences, the actual transfer functions of the high frequency and low
frequency filter sections must necessarily be different than those of the analog decoder of

Figure 2b. Nevertheless, the overall transfer function between the input and the output of
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the analog decoder of Figure 2b has been successfully emulated by the overall transfer
function between the input and output of the decoder of the present invention.

Figure 10 illustrates a verification of the transfer function of the analog decoder of
Figure 2b. A signal generator was used to generate tones which were swept over the
audio frequency range from 20 to 20 kHz and at amplitudes ranging from 10 dB to -

60 dB. These signals were encoded using a standard Dolby SR analog encoder as
described in Figure 2a. The analog encoded signal was then decoded using the decoder
of the present invention. The result was then run through a signal analyzer and a
comparison made between the two. As can be seen from the results of Figure 10, there is
a slight variation between the signals as originally encoded and those that have been
decoded by the present invention. It should be noted that these differences are small
enough not to be discernable to the human ear, and moreover, these differences can be
virtually eliminated by simply optimizing the coefficients for more precise transfer
functions.

The coefficient values used in the current embodiment were determined by trial
and error for a selected number of frequencies at selected amplitudes until the transfer
functions of the present invention for those signals matched the transfer function of the
analog encoder of Figure 2a. Additional coefficient values were then generated by
relating coefficients to the variable resistors of the filters of Figures 4a and 4b. An
approximate relationship was extracted which was used to generate the majority of the
coefficients. Those of skill in the art will recognize that the generation of optimal
coefficients can be accomplished in any number of ways. The manner in which
coefficient values are generated for the preferred embodiment is included in the functional
MATLAB description of the invention attached hereto as Appendix A.

It should be further noted that the encoder of the preferred embodiment as
illustrated in Figure 6 could be simply flipped around to create an encoder which would
be capable of producing any encoding standard desired by the user. This would, of
course, include standards such as Doiby SR.

Those of skill in the art will recognize that the preferred embodiment of the
Invention is implementable with a number of commercially available digital signal
processors. Such processors can be easily programmed in accordance with the foregoing
detailed description and with reference to the MATLAB functional description which is
attached hereto as Appendix A.
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Although the noise reduction system of this invention has been described in terms
of a preferred embodiment, it will be appreciated that various modifications and alterations
might be made by those skilled in the art without departing from the spirit and scope of
the invention. For example, the coefficient tables could be expanded by numbers of
entries by increasing the number of frequencies and/or amplitudes represented. The
greater the number of entries, the greater the accuracy of the transfer functions. The

mvention should therefore be measured in terms of the claims which follow.
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What is claimed is:

1. For an audio signal which has been encoded using an analog encoder having an
encoder transfer function, a method of decoding said encoded audio signal comprising the
steps of:

providing a plurality of digital filter stages in a cascade, wherein at least one of the
digital filter stages includes at least one feedback path having a feedback-path transfer
function which returns a feedback signal to be summed with the encoded audio signal, said
at least one digital filter stage further including a forward path including a gain element
having a forward-path transfer function for processing the summed signal said feedback-
path transfer function and forward-path transfer function defining a dynamic decoder
transfer function;

filtering the encoded audio signal through the digital filter stages to provide a
decoded signal; and

modifying at least one of the feedback-path and forward-path transfer functions in
accordance with the decoded signal so that the decoder transfer function emulates the
encoder transfer function.

2. The method as in claim 1 wherein the step of modifying the feedback-path and
forward-path transfer functions comprises the step of assigning filter coefficients for at

least one of the feedback-path and forward-path transfer functions.

3. The method as in claim 2 wherein the step of assigning filter coefficients
comprises the step of digitally computing the filter coefficients.

4. The method as in claim 3 wherein the step of digitally computing comprises the
steps of providing a table of filter coefficients, selecting filter coefficients and
interpolating the filter coefficients from the table to be assigned to the transfer functions.

S. The method as in claim 4 wherein the selection of the filter coefficients is done in
accordance with the frequency and amplitude characteristics of the decoded signal from
the last of the digital filter stages.

6. The method as in claim 5 wherein the frequency and amplitude characteristics of

the decoded signal are of the dominant spectral components within one or more frequency
bands.
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7. The method as in claim 6 further comprising the step of providing a deskewing
filter after the last of the digital filter stages.

8. The method as in claim 1 wherein the encoded audio signal is a signal encoded in
accordance with a Dolby SR type noise reduction scheme.

0. The method as in claim 3 wherein the encoded audio signal is a signal encoded in
accordance with an analog noise reduction scheme.

10. A method as in claim 1 wherein the encoded audio signal is a signal encoded from
an original audio signal in accordance with the steps comprising:
filtering the original audio signal through at least one digital filter stage to provade
an encoded signal, said digital filter stage defiming the encoder transfer function; and
modifying the encoder transfer function in accordance with the original audio
signal.

11. A digital decoder for decoding an audio signal which has been encoded using an
analog encoder having an encoder transfer function, said digital decoder comprising:

a plurality of digital filter stages configured in a cascade, wherein at least one of
the digital filter stages includes at least one feedback path having a feedback-path transfer
function which returns a feedback signal to be summed with the encoded audio signal, said
at least one digital filter stage further including a forward path including a gain element
having a forward-path transfer function for processing the summed signal, said feedback-
path transfer function and forward-path transfer function defining a dynamic decoder
transfer function said digital filter stages for filtering the encoded signal to provide a
decoded signal; and

a controller for receiving said decoded signal and modifying at least one of said
feedback-path and forward-path transfer functions in accordance with the received
decoded signal so that the decoder transfer function emulates the encoder transfer
function.

12.  The digital decoder as in claim 11 wherein the controller modifies said feedback-
path and forward-path transfer functions by assigning filter coefficients for at least one of

the feedback-path and forward-path transfer functions.

13.  The digital decoder as in claim 12 wherein the controller digitally computes the
filter coetficients to be assigned to the transfer function.

18
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14.  The digital decoder as in claim 13 wherein the controller comprises a table of filter
coefficients and the controller digitally computes and then interpolates the filter
coefficients to be assigned to the transfer functions.

15.  The digital decoder as in claim 14 further comprising means for feeding back, to
the controller, the frequency and amplitude characteristics of the decoded signal from the
last of the digital filter stages and wherein the controller computes and interpolates the
filter coefficients to be assigned according to such feedback.

16.  The digital decoder as in claim 15 wherein the feedback of the frequency and
amplitude characteristics of the decoded signal are of the dominant spectral components
within one or more frequency bands.

17.  The digital decoder as in claim 16 further comprising a deskewing filter positioned
after the last digital filter stage.

18.  The digital decoder as in claim 11 wherein the encoded audio signal is a signal
encoded in accordance with an analog noise reduction scheme.

19.  The digital decoder as in claim 11 wherein the encoded audio signal 1s a signal
encoded from an original audio signal using an encoder comprising:

at least one digital filter stage for filtering the original audio signal to provide an
encoded signal, the digital filter stage defining the encoder transfer function; and

a controller for receiving the original audio signal and modifying the encoder
transfer function in accordance with the original audio signal.

20.  An apparatus for decoding an audio signal which has been encoded by an encoder
having an overall encode transfer function, the encoder having at least one filter stage, said
filter stage having at least one encode filter section, said encode filter section characterized
by an encode-filter section transfer function said apparatus comprising:

a plurality of digital filter stages connected in series, said digital filter stages for
filtering the encoded signal to provide a decoded signal, said plurality of digital filter
stages having a dynamic overall decode transfer function, each of said digital filter stages
including:

a summing device;

at least one feedback signal path including one decode filter section
characterized by a dynamic decode-filter section transfer function, said feedback
path providing a decode-filter section output to said summing device; and
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a forward signal path including a gain section characterized by a gain-
section transfer function, said forward signal path providing a gain component to
said decode filter section and to the next of said digital filter stages in series; and
sald apparatus further comprising a controller for receiving said decoded signal and
modifying said decode-filter section transfer functions and said gain-section transfer
function 1n accordance with the received decoded signal;

wherein said decode-filter section transfer functions are different than said encode-
filter section transfer functions and the controller modifies said decode-filter section
transfer functions such that the overall decode transfer function emulates the overall
encode transfer function.

21.  The apparatus of claim 20 wherein said controller modifies said decode-filter
section transfer functions and said gain-section transfer function by providing filter
coefficients to said filter sections and gain section.

22.  The apparatus of claim 20 wherein said filter sections have transfer functions
which are proper rational functions.

23.  The apparatus of claim 22 wherein said filter sections are implemented as second-
order biquadratic filters to implement two-pole Butterworth filters.

24.  Anapparatus for encoding an audio signal, said apparatus comprising:
a plurality of digital filter stages arranged in series, said digital filter stages for
filtering the audio signal to provide and encoded signal, each digital filter stage including:
a summing device responsive to signals and producing as output a signal to
the next of said digital filter stages in series;
at least one forward signal path including an encode filter section
characterized by a dynamic encode-filter section transfer function, said forward
path providing an encode-filter section output to said summing device; and
an additional forward signal path including a gain section characterized by
a gain-section transfer function, said additional forward signal path providing a
gain component to said summing device, and
sald apparatus further comprising a controller for receiving said audio

signal and modifying said encode-filter section transfer functions and said gain-
section transfer function in accordance with the audio signal.
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25.  The apparatus of claim 24 wherein said controller modifies said encode-filter

section transfer functions and said gain-section transfer function by providing filter
coefficients to said filter sections and said gain section.

26. The apparatus of claim 24 wherein said filter sections have transfer functions
which are proper rational functions.
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