
EP 0 469 033 B1 Description Background of the Invention 5   L. General The
present invention is concerned in general with circuit arrangements which
alter the dynamic range of audio signals, namely compressors which compress
the dynamic range and expanders which expand the dy- namic range. 10
Compressors and expanders are normally used together (a compander system)
to effect noise reduction; the signal is compressed before transmission or
recording and expanded after reception or playback from the transmission
channel. However, compressors may be used alone to reduce the dynamic
range, e.g., to suit the capacity of a transmission channel, without
subsequent expansion when the compressed signal is ade- quate for the end
purpose. In addition, compressors alone are used in certain product,
especially audio prod- 15 ucts which are intended only to transmit or
record compressed broadcast or pre-recorded signals. Expanders alone are
used in certain products, especially audio products which are intended only
to receive or play back already compressed brodcast or pre-recorded
signals. In certain products, a single device is often configured
forswitchable mode operation as a compressorto record signals and as an
expanderto play back compressed broadcast or pre-recorded signals. 20 II.
Adaptiveness: the Least Treatment Principle A long sought after goal in the
design of compressor, expanders and companding type noise-reduction systems
is a high degree of adaptiveness of the compressor and expander to applied
signals. A design phi- 25  losophy embodying this goal has provided the
foundation for a series of successful developments and ref ine- ments by
Ray M. Dolby beginning in 1965 with A-type noise reduction and culminating
recently in the Spectral Recording (SR) process, a highly adaptive signal
processing system for high quality professional audio record- ing. The
underlying design phylosophy, which was recently expressed as the
LeastTreatment Principle" ("The 30 Spectral Recording Process" by Ray
Dolby, J. Audio Eng. Soc., 35, No. 3, 1987 March, pp. 99-118 at page 100)
has its roots in the concept of "conformal equalization" mentioned in the
U.K. Provisional Specification 43136 GB-A-1 120 541 filed 11 October 1965
of Ray M. Dolby. According to the Least Treatment Principle, the best
treatment of the signal is the least treatment. The operating goal of the
encoder is to provide fixed, predetermined gains for all frequency
components of the signal, with corresponding attenuations in the de- 35
coder. if a large signal component appears at a particular frequency or
frequencies, then the gains should be reduced at those frequencies only, in
accordance with predetermined compression laws for restoration of the
signal during decoding. in other words, the compressor should try to keep
all signal components fully boosted at all times. When the boosting must be
cut back at a particular frequency, the effect should not be extended to
low-level signal components at other frequencies. 40 A. Adaptive Techniques
The just mentioned U.K. Provision Specification (along with two other U.K.
Provisional Specifications of Ray M. Dolby, Nos. 34394 and 02368, filed 11
August 1965 and 18 January 1966, respectively) and subsequent 45  patents
derived therefrom (including US-PS 3,846,719, US-PS 3,903,485 and GB-A- 1
120 541 employed sev- eral adaptive signal handling techniques, including,
among others, techniques now commonly known as "bandsplitting," "fixes
band," and "sliding band." A recent patent of Ray M. Dolby, US-PS
4,736,433, and the above-cited article ("The Spectral Recording Process")
are directed to a new type of compression and expansion action known as
"action substitution" that 50  Is highly responsive to spectral changes.
According to the action-substitution technique, fixed-band and slid-
ing-band circuit elements may be used together in a unique arrangement that
draws on the best features of both types of circuits to achieve a higher
degree of adaptiveness than the use of either technique by itself. The
basic principles of fixed-band, sliding-band, and action-substitution
circuit operation are discussed below. (cf. also US-A- 4 363 007 and US-A-
4 306 201). 55 2    EP 0 469 033 B1 1. Older Adaptive Techniques a.
Bandsplitting 



5      According to the bandsplitting approach, the spectrum is divided
into a plurality of frequency bands, each of which is acted upon
independently. In that way a dominant signal component affects dynamic
action (com- pression or expansion) only within a portion of the overall
spectrum, in contrast to a wideband approach in which dynamic action
throughout the entire spectrum is affected by a dominant signal component.
Thus, a bandsplitting system provides a greater degree of adaptiveness or
conformance than a wideband system. 10     in theory, a highly adaptive or
conformal bandsplitting system could be provided by dividing the overall
spectrum into a very large number of frequency bands; however, the
complexity and cost of such an arrange- ment makes it impractical.
Consequently, a design compromise is made by selecting a reasonable number
of frequency bands capable of providing satisfactory performance. One
well-known commercially successful bandsplitting companding type audio
noise-reduction system, 15  known as A-type noise reduction, employs four
frequency bands, a fixed-band circuit operating in each band: band 1, 80 Hz
lowpass; band 2, 80 Hz to 3 kHz bandpass; band 3, 3 kHz high-pass; and band
4, 9 kHz high- pass. The basic elements of A-type noise reduction are
described in "An Audio Noise Reduction System, by Ray M. Dolby, J. Audio
Eng. Soc., October 1967, Vol. 15, No. 4, pp. 383-388. The more recent but
already well-known commercially successful bandsplitting compander-type
audio noise-reduction system, known as 2o  Spectral Recording, mentioned
above, employs two frequency bands: a low-frequency band an high-frequency
band that broadly overlap at 800 Hz. Fixed-band/silding-band
action-substitution circuits operate in each band. Spectral Recording is
described in greater detail below. Various A-type noise-reduction and SR
products (en- coders, decoders, encoder/decoders) are manufactured and sold
by Dolby Laboratories. 25   B. Sliding Band Anotherapproach useful in
working toward the goal of increased adaptiveness orconformance is the
slid- ing-band (variable filter) technique, which employs signal dependent
variable filtering to achieve limiting. Gen- erally, a dominant signal
component causes the cutoff or turnover frequency (or frequencies) of one
or more 30  variable filters (e.g., high-pass, low-pass, shelf, notch,
etc.) to shift so as to compress or expand the dominant signal component. A
sliding-band system operating only In a single high-frequency band is
described in US-PS 4,490,691. This system, which forms the basis forthe
well-known consumer companding type audio noise-reduction sys- tem known as
B-type noise reduction (NR), includes, in a dual-path arrangement
(dual-path" arrangements 35  are described below), a side path having a
fixed high-pass filter in series with a variable filter. A total dynamic
effect of up to about 10 dB is obtained at high frequencies. A system
providing twice as much total dynamic effect, known as C-type noise
reduction, is described in "A 20 dB Audio Noise Reduction System for
Consumer Applications" by Ray Dolby, J. Audio Eng. Soc., Vol. 31, No, 3,
1983 March, pp. 98-113. Aspects of the C-type system are also setforth in
said US-PS 4,490,691 40  of Ray M. Dolby. The C-type system has a
arrangement of two compressors and two expanders in cascade, in which the
dynamic action levels of the respective compressors and expanders are
staggered so as to in- crease the overall dynamic action without
significant accompanying increases of the overall maximum com- pression and
expansion ratio. C-type NR also employs a technique referred to as spectral
skewing, described below, to reduce suscep- 45  tibility to
compressor/expander mistracking under certain conditions. A further
development, antisaturation, also described below, reduces the tendency of
media subject to frequency-dependent overload to saturate, thereby
increasing the useful signal levels which can be handled. Spectral skewing
and antisaturation are also employed in the Spectral Recording (SR) system
described further below. One drawback of sliding-band arrangements Is that
in the presence of a dominant high-frequency signal 50  component the
variable filter turnover frequency shifts to a frequency above that signal
component thereby restricting the frequency area at lower frequencies in
which noise reduction is provided. The loss of noise re- duction may be
more noticeable audibly than in bandsplitting systems and the related side
effects (noise mod- ulation and signal modulation) may be more severe than
in fixed-band arrangements because of a multiplica- tion effect that is
inherent in sliding-band systems. 55      The multiplication effect results
from the way in which sliding-band systems provide compression. If, for
example, there is a dominant high-frequency signal and 2 dB of gain
reduction is required at that frequency, the variable filter cutoff
frequency should shift to the extent necessary to provide that amount of
attenuation along the filter slope. However, for lower frequencies, further
removed from the new filter cutoff frequency, 3    EP 0469 033 B1 the
effect may be 5 or 10 dB of dynamic action, for example, with a consequent
loss of all or most of the noise- 



reduction effect along with possible audible signal or noise modulation. In
other words, in this example, a 2 dB change in a dominant signal can cause
a 5 or 10 dB change in gain at frequencies removed from the dom- inant
signal. Figure 1 Is an idealized compressorcharacteristic response curve
illustrating this effect. (Through- 5   out this document the
characteristic response curves illustrated in the various Figures are those
of compres- sors, it being understood that the respective expander
characteristic is the complement of the compressor characteristic.) Under
relatively rare conditions, when very high-frequency dominant signal
components (cymbals, for ex- ample) control the sliding-band filter, there
may be audible modulation of non-dominant mid-band signal com- 10  ponents
that are also present if the expander does not properly "track" the
compressor (in a complementary noise reduction system, the control signal
developed in the encoder should be accurately reproduced In the decoder).
This problem is called the "mid-band modulation effect". One approach in
solving the problem, spec- tral skewing, described below, is set forth in
said US-PS 4,490,691. 15  C. Fixed Band In a fixed-band arrangement the
same amount of gain reduction occurs throughout the frequency band (whether
wide band or one frequency band of a bandsplitting system) in response to a
dominant signal com- ponent. Fixed-band elements can be configurated as
variable gain or variable loss devices, as discussed in 20  US-PS
4,498,055. Thus, while signal or noise modulation may occur, there is no
multiplication of the effect: a 2 dB change In the level of a dominant
signal component causes no more than a 2 dB change in gain at frequencies
removed from the dominant signal component. However, viewed from the
standpoint of noise- reduction effect this is a disadvantage of a
fixed-band arrangement-- the full noise-reduction effect is not ob- tained
anywhere within the frequency band of operation when limiting occurs in
response to a dominant signal 25  component. Figure 2 is an idealized
compressor characteristic response curve illustrating this effect. Although
it is not multiplied, there is also the potential for noise and signal
modulation throughout the entire frequency band in which the fixed-band
action occurs. 2. Action Substitution 30 a. Combining Fixed Band and
Sliding Band Despite the disadvantages mentioned, an advantage of a
sliding-band arrangement is that the full noise- reduction effect is
obtained at frequencies above thedominant signal component (orbelowthe
dominantsignal 35  component in the case of a sliding-band system acting
downward in frequency). Thus an arrangement that achieves the advantages of
fixed-band and sliding-band systems (e.g., the advantage of fixed band is
that there is no multiplication of modulation effects and the advantage of
sliding band Is that there is minimum signal or noise modulation above the
dominant signal frequency) without the disadvantages of each (e.g., the
dis- advantage of fixed band is noise and signal modulation throughout its
operating range-although not multiplied 40  and the disadvantage of sliding
band is the mid-band modulation effect) would be desirable. The aforemen-
tioned action-substitution technique permits such a combination of sliding
band and fixed band advantages. b. Theory of Action Substitution 45
Action substitution, which Is the subject matter of said US-PS 4,736,433 of
Ray M. Dolby, is based on the recognition that the ideal of conformal
equalization can be more closely approached by compressor, expander and
compandertype noise-reduction arrangements in which a plurality of
compression/expansion/equalization characteristics are superposed
oroverlaid upon one another In such away that one or more of the character-
istics is hidden or concealed until, as dominant signal components appear,
the hidden characteristics are re- 50  vealed and become active. Thus,
according to the action-substitution technique, the quiescent
characteristic, which provides a defining umbrella or envelope that
conceals one or more latent characteristics, is modified so that the latent
characteristic or characteristics emerge In response to dominant signal
components in order to provide a more effective adaptive equalization than
provided by earlier circuit arrangements. This unveiling of characteristics
can be described as action substitution" In the sense that the action re-
55  sulting from one (or perhaps more than one) characteristic is
substituted for one or more other characteristic actions that have the
potential to operate In the same frequency and level regions when the level
and spectral content of the Input signal components change. Preferably, the
substitution is such that, with respect to any non-dominant signal
components, the transmission is maximized in the compressor and minimized
in the ex- 4    EP 0469033 B1 pander. Compressor, expanders and
noise-reduction compander systems employing action substitution have im- 



proved abilities to discriminate among dominant and non-dominant signal
components and to confine dynamic action to dominant signal components
only. By providing a noise-reduction encoder (compressor) which es- 5
sentially maintains a constant boost except where there is a dominant
signal component, the noise-reduction decoder (expander) has a very stable
noise floor, which is essential to a high quality noise-reduction system.
Although action substitution is applicable generally to combinations of
elements having various dynamic and passive characteristics, a very useful
combination of characteristics in practice is the superposition of a
fixed-band dynamic characteristic and a sliding-band dynamic
characteristic. Thus, if a sliding-band charac- 10  teristic and a
fixed-band characteristic are superposed in substantially the same
frequency range (wide band or a defined band) and level range, the
quiescent characteristic of the superposed combination appears the same as
the quiescent characteristic of either one taken alone because the two
quiescent characteristics are the same. When a dominant signal component
appears within theirfrequency range each characteristic reacts- -the
fixed-band characteristic drops uniformly In level across the frequency
range similar to the way it would 15  if acting by itself and the
sliding-band characteristic slides similarly to the way it would if acting
by itself. The sliding-band and fixed actions are no longer independent to
some extend each acts with reference to the other. When these changes occur
the two characteristics, which appeared as one characteristic in the
quiescent condition (Figure 5A), are now revealed: the combined
characteristic appears as that of a sliding- band characteristic above (or
below, depending on whether the sliding band acts upwardly or downwardly in
20  frequency) the frequency of the dominant signal and it appears as
afixed-band characteristic below (or above) the frequency of the dominant
signal. Figure 5B shows an example in which the sliding band is above the
dominant signal and Figure 5C shows an example in which the sliding band is
below the dominant signal. Two regimes of operation are revealed, divided
at the frequency of the dominant signal. Thus, the region which the
sliding-band characteristic would 25 have left uncovered" is supplemented
by the fixed-band characteristic which, in effect, provides a floororfoun-
dation level. In other words, there is a subtitution of action in response
to the dominant signal component An action-substitution arrangement thus
obtains the advantages of both fixed-band and sliding-band ar- rangements
while avoiding their disadvantages. Maximum noise-reduction effect and
minimum modulation ef- fects are obtained above (or below) the dominant
signal where the sliding-band characteristic operates while 30  avoiding
the loss of noise reduction and the mid-band modulation effect below (or
above) the dominant signal by the presence of the fixed-band
characteristic. Thus, there is no multiplication effect below (or above)
the dominant frequency as would occur if the sliding-band characteristic
were operating alone, while obtaining the advantages of the sliding-band
characteristic above (or below) the dominant frequency. 35  lll. Other
Basic Concepts of Noise Reduction Systems A. Complementarity A dominant
signal component is a signal component having a substantial enough level so
as to effect dy- 40  namic action within the frequency band under
consideration. Under complex signal conditions there may be more than one
dominant signal component or a dominant signal component and sub-dominant
signal compo- nents. In a compandersystem which relies on complementary of
the compressorand expander, all of the signal components must be compressed
and expanded In accordance with a defined compression/expansion law in
orderforthe signal spectrum, including the dominantsignal component (and
othersignals affected by dynamic 45  action), to be restored to
theircorrect levels in the expander. This requirement excludes the
usefulness in com- pander systems of various known adaptive and tracking
filter techniques and so-called 'single ended" noise- reduction systems
(which operate only on a reproduced signal) in which the filter action is
not subject to pre- determined compression/expansion laws and whose action
may be unpredictable in the presence of multiple signals. 50      For all
the signal components, including the dominant signal component, to be
restored to their correct levels In the expander, the characteristics of
the expander must match those of the compressor. This can be achieved, for
instance, by making an expander by placing a compressor in the feedback
loop of a high gain amplifier. Forthe expander to match the compressor
exactly, however, the signal entering the expander must be identical to the
signal that left the compressor. This requirement can easily be met if the
compressor output 55  and the expander input are connected by means of, for
instance, a short piece of wire, but is much harder to meet if a practical
medium, with frequency- and level-dependent limitations and errors, is
Interposed between compressor output and expander input. Errors in the
medium will be compounded by frequency- and/or level- dependent mistracking
between compressor and expander unless the noise reduction system is
designed to 5    EP 0 489 033 B1 



tolerate such errors. A-type, B-type and C-type noise reduction all use a
simple bandwidth limiting filter located at the input of the compressor to
reduce mis-tracking caused by input signals at frequencies higher than the
maximum trans- mission frequency of the medium. Another noise reduction
system, dbx 11,[err] has instead a bandwidth limiting 5   filter located in
the input to its control circuit. Spectral skewing, used alone or in
conjunction with a bandwidth limiting filter, considerably reduces the
amount of mistracking caused by errors in the medium. 1. Spectral Skewing
10      Spectral skewing isfully described in U.S. P-S 4,470,691 and will
thus be described only briefly here. Spec- tral skewing reduces the ability
of errors In the medium to cause tracking errors by reducing the noise
reduction circuits noise reduction effect atfrequencies towards the
extremes of the audio spectrum. This noise reduction effect can be given up
without increasing the audible noise reduction effect because of the ear's
reduced sen- sitivity to low-level noise at such frequencies. 15     In
conventional implementations of spectral skewing, the compressor Is
preceded by a circuit which sharply attenuates signals atfrequencies
nearthe extremes of the audio frequency band, say above 10 kHz and below 50
Hz. This reduces the level of such signals entering the compressor, and
thus reduces their contribution to the compressor control signal relative
to the contribution of signals at frequencies in the middle of the audio
band. The action of the compressor is thus controlled mainly by
mid-frequency signals. 20      The frequency response shaping caused by the
spectral skewing circuit in the compressor still exists in the signal
entering the expander. Thus, the action of the expander will also be
controlled mainly by mid-band signals. Tracking is improved because the
dymanic action of the compressor and the expander Is controlled mainly by
signals which are less subject to errors. A spectral de-skewing circuit
located at the output of the expander restores the original frequency
response of the signal and, as a result, boosts the noise level of the 25
medium. However, a significant spectral skewing effect can be obtained
without noticeably increasing the over- all audible noise level because the
Increased noise level occurs only at frequencies at which the ear has a low
sensitivity to low-level noise. A further advantage of spectral skewing is
that it reduces the likelihood of tracking errors caused by level-
dependent errors in the medium (e.g. tape saturation) because the spectral
skewing circuit reduces the level 30  at which signals at frequencies near
the extremes of the audio band are presented to the medium. This is an
important advantage because, in many media, the level at which
level-dependent errors occur progressively decreases towards one or both
extremes of the audio band. a. The Disadvantages of Spectral Skewing 35
Spectral skewing can be regarded as a signal conditioning accessory to a
noise reduction system. Spectral skewing changes the spectral balance of
the signal on which the compressor and expander operate, but it otherwise
has no effect on the way In which the noise reduction circuit itself
operates. In particular, spectral skewing does not reduce the amount of
noise reduction effect produced by the noise reduction circuit itself, 40
even though the noise reduction effect of the combination is reduced
atfrequencies near the extremes of the audio frequency band. Spectral
skewing thus does not reduce the peak or average compression ratio of the
noise reduction circuit at such frequencies. A lower compression ratio is
desirable because it would reduce the amount of mis-tracking caused by a
given error in the medium. Spectral skewing also has a further disadvantage
in that, at the frequencies at which it operates, it raises 45  the input
levels at which dynamic action starts and finishes. This means that,
compared with no spectral skew- ing, there is a greater chance that the
compressor may be giving a significant compression effect (and hence error
multiplication effect) at signal levels at which level-dependent errors in
the medium can occur. This effect is only partially ameliorated by the
reduction in signal level presented to the medium. Finally, the amount of
spectral skewing that can be practically applied to the compressor is
limited by the 50  need for spectral de-skewing in the expander. If the
spectral skewing circuit in the compressor applies a very large amount of
attenuation, then a very large amount of amplification, with attendant
phase-shift and noise problems, is required in the expander to restore an
overall flat frequency response. Practical spectral skewing circuits thus
tend to have a shelf or notch characteristic, which limits their
effectiveness. 55  2. Anti-Saturation Anti-saturation is fully described in
U.S. P-S 4,470,691 and will thus be described only briefly here. Anti-
saturation is a further way of prevending mis-tracking caused by
level-dependent errors in the medium. It op- 6    EP 0 469 033 B1 



erates in the compressor by reducing the signal level presented to the
medium, and thus increases the input signal level at which medium overload
occurs. The anti-saturation circuit is located in the main path of a dual
path circuit and thus changes the frequency response of the compressor at
high levels only. This is in contrast to conventional spectral skewing
which changes the frequency response by the same amount at all levels. An 5
anti-saturation circuit, being located in the main path only, has no effect
on the compressor control circuit, It does, however, increase the
compression ratio, because it reduces the amplitude of the main-path signal
rel- ative to the side-path signal. Finally, a complementary
anti-saturation circuit is needed in the main path of the expander to
restore a flat overall frequency response. 10  B. Dual Path A dual-path"
arrangement is one in which a compression or expansion characteristic is
achieved through the use of a main path which is essentially free of
dynamic action and one or more secondary or side paths having dynamic
action. The side path or pahts take their input from the input or output of
the main path and 15  their output or outputs are additively or
subtractively combined with the main path in order to provide com- pression
or expansion. Generally, a side path provides a type of limiting
orvariableattenuation and the manner in which it is connected to the main
path determines if it boosts (to provide compression) or bucks (to provide
expansion) the main-path signal components. Such dual-path arrangements are
described in detail in US-PS 3,846,719; US-PS 3,903,485; US-PS 4,490,691,
US-PS 4,736,433, US-PS 4,922,535, and US-PS Re 28,426. 20  Although
fixed-band, sliding-band, and action-substitution circuits may be
implemented as dual-path orsingle- path arrangements, dual-path
implementations have certain advantages and are preferred. C. Type I and
Type II Configurations 25      Fixed-band, sliding-band, and
action-substitution circuits, implemented a dual-path or single-path ar-
rangements can be used as building blocks in creating compressors,
expanders and noise-reduction compan- ders. For example, such circuits may
be employed as side paths in dual-path arrangements in the manner shown in
Figures 3 and 4. In Figure 3 a Type I dual-path arrangement (of the type
generally described in US-PS 3,846,71 9) is shown 30  having a compressor 1
In which the Input signal is applied to a fixed-band, sliding-band, or
action-substitution circuit 2 and to the main path 3. The output of circuit
2 is then summed with the main-path signal components in summing means 4 to
provide the compressor output for application to a transmission channel.
The side-path signal components thus boost the main-path signal components
causing compressor action. The transmission channel output is applied to
the expander5, configured in a complementarymannertothe compressor 1, which
35  has an input summing means 4 which receives the transmission channel
output and subtracts the output of the fixed-band, sliding-band, or
action-substitution circuit 2. The side-path signal components thus buck
the main-path signal components causing expander action. In Figure 4, a
Type II dual-path arrangements (of the type generally described in US-PS
3,903,485) is shown having a compressor 6 which has an input summing means
4 receiving the input signal and the output 40  of the fixed-band,
sliding-band, or action-substitution circuit 2. The input summing means 4
provides the com- pressoroutputto thetransmission channel and the
inputtothe circuit2 of the compressor. The side-path signal components thus
boost (additively combine with) the main-path signal components causing
compressor ac- tion. The transmission channel output Is applied to the
expander 7, configured in a complementary manner to the compressor 6. The
input signal is applied to the fixed-band, sliding-band, or
action-substitution circuit 2 45  and to the main path 3. The output of
circuit 2 is then subtracted from the main-path signal components In
summing means 4 to provide the expander output. The side-path signal
components thus buck (subtractively combine with) the main-path signal
components causing expander action. In Figures 3 and 4 the main path of
each compressorand expander is linearwith respect to dynamic range ant the
level of the side-path circuit output is less than the maximum level of the
main path. The transmission 50  channel throughout the Figures in this
document may include any type of storage or transmission medium and may
also include means for converting or encoding the analog signal components
from the compressor into a different form (digital, for example), the
storage or transmission of the encoded signals, and means for re-
converting or decoding the encoded signals back into analog signal
components. 55   D. Modulation Control In the A-type, B-type, and C-type
systems mentioned above, and the SR system described below, the
source-drain path of field effect transistors (FETe) are employed as
voltage controlled variable resistors (form- 7    EP 0 469 033 B1 ing the
variable element of a variable attenuator in fixed-band circuits and
forming the variable element of a 



variable filter in sliding-band circuits). DC control voltages, derived
from the input singals, are applied to the FET gates. The derivation
includes rectification, smoothing, and adjustement of the control voltage
amplitude as necessary to achieve the desired dynamic action. As the
control voltage increases, the degree of limiting 5   increases: by
increasing the attenuation In the fixed-band circuits and, in the
sliding-band circuits, by shifting the corner frequency of the filter
farther and farther from its quiescent position. One disadvantage of the
control circuit arrangement In the A-type, B-type, and other known
compander systems Is that the DC control signal is formed from the liner
additive combination of the pass-band signals and the stop-band signals
reaching the control circuit. In the case of fixed-band circuits in a
bandsplitting sys- 10  tam, the pass-band is the frequency band in which a
particular circuit operates; the stop-band is the remainder of the signal
spectrum handled by the system. In the case of sliding-band circuits, the
pass-band is the fre- quency band within the pass-band of the variable f
itre and the stop-band Is the frequency band outside its pass-band. In an
Ideal circuits, compression orexpansion should not be affected by the
levels of signals outside the pass-band of the fixed-band or the pass-band
of the sliding band (whether or not in its quiescent position). 15  A
solution to the problem is set forth In US-PS 4,498,055 and US-PS
4,922,535. In accordance with the teachings in US-PS 4,498,055 and US-PS
4,922,535, the formation of the DC con- trol signal Is altered, in a level
dependent way, so as to make the DC control signal less responsive to stop-
band signal components as the level of the input signal rises. In practical
embodiments, this is accomplished by opposing (subtractively combining or
"buckingl) the control signal with a signal referred to as the modulation
20  control signal. In the case of a fixed-band circuit, the modulation
control signal assures that the gain changes by no more than Is necessary
to assure that a dominant controlling signal is not boosted (in the case of
com- pression) above a reference level. In the case of a sliding-band
circuit, the modulation control signal assures that the amount of frequency
sliding of the variable filter is no more than necessary to assure that a
dominant controlling signal is not boosted (in the case of compression)
above a reference level. 25 E. Overshoots A basic design conflict in
companding type noise-reduction systems is the requirement to balance the
abil- ity to handle rapidly changing waveforms (to minimize signal
overshoot) against the desirability of minimizing 30  signal modulation and
noise modulation. The ability of a compressor (or expander) to respond to a
rapid am- plitude change in its Input signal Is directly related to its
attack time orthe time which Is required for the device to change its gain
(or shift its filter cornerfrequency) in response to the Input amplitude
change. Long attack times tend to reduce modulation distortion. When the
change in input signal amplitude occurs more abruptly than the device is
capable of changing its gain orcornerfrequency (caused by control circuit
lag), an overshoot 35  results. For example, Ifa compressor has a gain of
two times (resulting from some steady-state Input condition) and suddenly
the input signal doubles in amplitude such that compressor is unable to
reduce its gain to provide the desired gain according to its compression
law, the output signal will exceed its desired amplitude and may exceed the
desired maximum output of the device, depending on the amplitude Jump and
suddenness with which the input signal increases. Such an increase in
output is referred to as an overshoot. 40      Overshoots normally have
maximum amplitudes equal in value to the degree of compression. The over-
shoot will continue until the input signal is suitably changed or, if the
Input signal remains constant at its new high level, until the control
circuit time lag is sufficiently overcome so as to reduce the gain of the
compressor to the gain directed by its compression law. Overshoots are
undesirable because they can overload the chan- nel or device carrying the
output signal from the compressor. 45      A discussion of overshoot
suppression techniques in the professional SR system and in the
earlierA-type, B-type, and C-type systems is set forth in said US-PS
4,922,535. IV. Professional Spectral Recording (SR) 50     In 1986 the
originators ofA-type noise reduction introduced and began marketing an
improved audio signal processing system, Spectral Recording (SR) for
professional users. The professional SR system, like its pre- decessor and
still widely used A-type noise reduction, is now a well-known commercially
successful profes- sional system. In the Spectral Recording system, the
dynamic action is provided by an embodiment of the action-substi- 55 tution
technique that combines, in a synergistic manner, the characteristic
actions of fixed-band and sliding- band circuits operating in each of Its
sub-stages. The action-substitution technique and the use of single-pole
filters to allow a broad overlapping of action above and below the 800 Hz
crossover frequency provides an overall dynamic action that is highly
conformable to signals virtually anywhere in the audio frequency band. 8



EP 0 469 033 B1 In other words, the Spectral Recording encoding action is
highly frequency selective and adaptive by virtue of its action
substitution of fixed-band and sliding-band elements operating in broadly
overlapping frequency bands. The overall effect is essentially that of
variable width and variably positioned frequency bands: an al- most
infinitely variable characteristic that adapts itself to both the level and
frequency content of the signal. 5      The dynamic action provided in the
Spectral Recording system embodies the above-mentioned Least Treatment
Principle. Thus, the compressoraction of the encodertries to keep all
signal components fully boost- ed at all times. When the boosting must be
cut back at a particular frequency, the effect on low-level signal
components at otherfrequencies is minimized. The audible effect of this
type of compression is that the signal appears to be enhanced and brighter
but without any apparent dynamic compression effects. The ear detects 10
dynamic action primarily by the effect of a gain change due to a signal
component at one frequency on a signal component at some other frequency,
somewhat removed. If the ear cannot detect dynamic effects in the com-
pressed signal, then 1) it is unlikely that noise modulation effects will
be evident in the decoded signal, and 2) It is unlikely that signal
modulation effects will be evident in the decoded signal if there should be
a gain or frequency response error in the recording or transmission
channel. 15      The professional SR system, as mentioned above, is
described In "The Spectral Recording Process," by Ray Dolby, J. Audio Eng.
Soc., Vol. 35, No. 3, March 1987, pp. 99-118. Aspects of the Spectral
Recording sys- tem are also set forth in US-PS 4,490,691, US-PS 4,498,055,
US-PS 4,736,433, and US-PS 4,922,535, all of Ray M. Dolby. Spectral
Recording shares certain basic techniques with the predecessorA-type,
B-type, and C-type sys- 2o  tems originated by Ray M. Dolby and Dolby
Laboratories. For example, all are complementary dual-path sys- tems in
which a main signal path is primarily responsible for conveying high-level
signals and a side-chain or side-path signal with a characteristic unique
to the system is additively combined with the main signal in the encoding
mode and subtractively in the decoding mode, whereby an overall
complementary action is obtained. In Spectral Recording, a multi-stage
series arrangement is used with staggered regions of dynamic action 25  as
taught in US-PS 4,490,691 of Ray M. Dolby. The high-level and mid-level
stages have both high-frequency and low-frequency sub-stages with a
crossover frequency of 800 Hz. The low-level stage has only a high-
frequency sub-stage, with an 800 Hz high-pass characteristic In the
Spectral Recording encoder, each stage has a low-level gain of about 8 dB,
such thatwhen the outputs of the stages are combined with the main signal
path a total dynamic effect of up to about 16 dB is obtained at low
frequencies and 24 dB at high frequencies. 30  The reciprocal
characteristic Is provided in the Spectral Recording decoder. The
professional SR system employs level dependent low-frequency and
high-frequency antisaturation, described above, providing in the encoded
signal a gentle roll-off in the low-frequency and high-frequency re- gions
that Increases as the signal level rises in order to reduce the possibility
of overloading the medium on which a Spectral Recording encoded signal is
recorded or transmitted at frequency extremes where the ear is 35  less
sensitive to noise. Also, Spectral Recording employs low-frequency and
high-frequency spectral skewing, also described above, an abrupt and deep
reduction in the low-frequency extremes of the encoded signal, primarily
for the purpose of reducing the susceptibility of the Spectral Recording
decoder to any uncertainties in the low-fre- quency and high-frequency
extreme regions of the recording or transmission medium. 40      Both
antisaturation and spectral skewing are complementary in the Spectral
Recording system; comple- mentary de-antisaturation and spectral de-skewing
are provided in the decoder. Basic antisaturation and spec- tral skewing
techniques are taught in said US-PS 4,490,691. Professional SR also uses
the technique called modulation control, described above, to improve the
per- formance of both the fixed and sliding bands in resisting any
modulation of signal components unless neces- 45  sary. V. Consumer
Spectral Recording (S-type) A. Basic Requirements 50 It is desirable to
introduce the benefits of Spectral Recording to consumer and
semi-professional audio recording and transmission systems, such as its
improved dynamic range, lower noise modulation, improved transient
response, improved resistance to encode/decode frequency and level errors,
and greatly reduced low-frequency and high-frequency saturation.
Unfortunately, the complexity and cost of the professional SR 55  system,
particularly the complexity of its low frequency circuitry, makes it
unsuitable for use in such products. In addition, the professional SR
system is designed to operate in a professional recording system having a
dynamic range that is substantially greater than that of consumer or
semi-professional equipment. 9  



EP 0 469 033 B1 B. Compatibility Requirements A consumer and
semi-professional noise-reduction system embodying the principal techniques
and ad- vantages, of Spectral Recording should have an acceptable degree of
compatibility with the ubiquitous B-type 5   NR system. One important
reason for such compatibility is that cassette tape producers strongly
prefer to re- lease prerecorded cassettes in "single inventory" (for
example, all copies of particular prerecorded cassettes are B-type
encoded). Consequently, a new consumer system embodying the basic elements
of Spectral Re- cording should provide acceptable playback on systems
having only B-type decoders and also on systems hav- ing no noise-reduction
decoder at all. 10      Audio processing system compatibility problems are
discussed in US-PS 4,815,068. According to that pa- tent specification,
listening tests indicate that audible effects relating to system
compatibility problems may be characterized as: (1) apparently steady-state
effects, namely, changes in frequency content of the repro- duced signal
as, for example, low-frequency or high-frequency emphasis (e.g., spectral
imbalance), and (2) dynamic effects, usually referred to as pumping,"
whereby signals and/or noise in one part of the frequency 15  spectrum vary
in level in accordance with the level of a signal in another part of the
spectrum. The extent to which the eartolerates such effects is level
dependent: generally, the effects is less acceptable at high levels.
Preferably, dynamic effects should be eliminated or minimized because such
instability in the reproduced signal is more readily perceived by the
listenerthan are steady-state effects. Steady-state effects are less likely
to be noticed by most listeners because there is no changing sound to
attract the ear's attention. Even to critical 20  listeners steady-state
effects may seem attribuate to differences in the sound mix. Of course, a
directA/B com- parison between fully complementary encoding/decoding and a
partially complementary "compatible" arrange- ment would reveal some
differences in the reproduced signal. However, in a practical situation,
such a com- parison is not available and the only audible cues are those in
the reproduced signal Itself. In cases where dynamic stability Is not
achieved and there are low-level dynamic effects in the presence 25  of
primary signals, It has been found that the most subjectively uncomfortable
audible effects are those re- sulting from signal deficiencies rather than
excesses In the portion of the reproduced signal suffering such low-level
dynamic effects. Such deficiencies are often referred to as a "signal
suck-out" effect. Under such conditions level variations or pumping that
causes low-level signals to drop further in level, as from an audible to an
inaudible level, are particularly disturbing to the ear. 30      Thus, if
the encoder always provides at least as much or a surplus of signal at each
frequency when the signal is decoded as in the original signal before
encoding, the ear tends to be satisfied. This principle may be referred to
as the Principle of Signal Sufficiency or Signal Surplus. In other words,
if there Is any decode error, it should be positive so as to provide an
excess of signal; the ear is more tolerant of an excess rather than a
deficiency of signal. 35     It has been found that signal deficiencies In
the orderof afewdecibels, say 2,3, or4 dB of low-level signals, such a
low-level ambiences, in the presence of primary or dominant signals, are
audibly acceptable to most listeners, but that largerdeficiencies, in the
orderof 6 or 12 dB are not acceptable to most listeners. In contrast, it
has been found that signal surpluses of 10, 12, 152 dB or even more of such
low-level signals in the presence of primary signals are generally
acceptable to most listeners. 40      Thus, in accordance with the
Principle of Signal Sufficiency, the playbackarrangement may be considered
to be compatible with an encoder if at any frequency or time the low-level
signals or ambiences in the presence of primary signals in the reproduced
signal are no less than a few dB below the original signal and are no more
than some 10 to 15 dB above the original signal. This question of
compatibility relates to low-level signals in the presence of primary or
dominant signals because it is such low-level signals that are primarily
manipulated 45  by the B-type system and the system of the present
invention. In such systems, high-level primary ordominant signals are
substantially unaffected. As mentioned above, prerecorded cassettes are
released in single Inventory, despite the fact that not all purchasers have
cassette tape players with B-type decoders. However, systems using such
non-equipped cas- sette tape players typically are inexpensibe systems used
forrelatively non-critical listening. Most such systems 50  have a
considerable amount or treble cut or high-frequency roll-off. Subjectively,
the roil-off brings the tonal character of a B-type encoded cassette tape
essentially back to normal. The low-level boosting of high- frequency
components in the encoding process adequately compensates for the
high-frequency roil-off. Con- sequently, B-type encoded cassette tapes
produce sound acceptable to most listeners when played back on the type of
system that does not have B-type decoding. 55      The compatibility
requirements for a simplified Spectral Recording system, particularly if
issued by cas- sette tape producers in single inventory in place of
prerecorded B-type encoded cassettes, would be even more 



stringent than just discussed. Such a system would have to provide sound
reproduction that would be widely accepted by most users of systems
employing cassette decks with B-type noise reduction In addition to users
10    EP0469033B1 having cassette decks with no noise reduction decoding.
Many owners of systems having B-type cassette play- back are likely to be
relatively critical listeners. Summary of the Invention 5 In accordance
with the teachings of the present invention, the advantages of action
substitution and other advantages of Spectral Recording are achieved in a
relatively simple and less expensive arrangement embody- ing the essential
elements of Spectral Recording yet suitable for use in consumer and/or
semi-professional applications. The overall circuit complexity is reduced
sufficiently so that a preferred embodiment of the in- 10  vention is
suitable for practical implementation In Integrated circuit form. Component
and manufacturing cost are therefore substantially less than professional
SR, which to date is embodied only in discrete component form. In addition,
the encode/decode characteristics of the preferred embodiment provide a
substantial degree of compatibility with the established B-type NRsystem
such that encoded sound material is acceptable to most 15  listenerswhen
played using a B-type NRdecoder. The characteristics also provide
acceptable playbackto most listeners having systems with no noise-reduction
decoding. As mentioned above, the low-frequence circuitry of the
professional SR system is particularly complex. For example, the
sliding-band circuit of the low-frequency action-substitution sub-stages
require the use of a gyrator. Nevertheless, some low-frequency noise
reduction is desirable for several reasons: 1) to eliminate re- 20  sidual
noise and hum. 2) in order to provide a more balanced noise spectrum, and
3) to provide better compa- tibility with B-type and no noise reduction
playback systems. In addition, since it is also desired to provide a
low-frequency de-emphasis to compensate for the IEC standard 3180 [err]
(microsecond)low-frequency empha- sis employed by commercial cassette tape
duplicators and in consumer cassette recorder/reproducers, some
low-frequency noise reduction is needed to overcome the additional noise
resulting from the complementary 25  emphasis in the decoder. However,
because cassette tape noise is concentrated at higher frequencies and
because of comparatively low print-through, due to the lower operating
speed of the cassette medium relative to 15 or 30 ips open-reel
professional tape recording, less low frequency noise reduction is required
than in the professional SR system. In order to satisfy these requirements,
while maintaining greater simplicity, the system of the present in- 30
vention lowers the corner frequency of the high-frequency band of the
professional SR system by an octave from 800 Hz to 400 Hz and in place of
employing two action-substitution sub-stages in the low-frequency band
instead uses a single fixed-band sub-stage operating in a substantially
smaller low-frequency band having a cornerfrequency of 200 Hz. The apparent
gap between the 200 Hz cornerfrequency of the low-frequency band and the
400 Hz cornerfrequency of the high-frequency band is not actually a
gap--the gentle slopes (6 dB/o- 35  tave) of the bands taken with the
substantially greater dynamic range of the high-frequency band results in a
smooth transition between the two bands. In the preferred embodiments of
the encoderaccording to the present Invention, there are two action-stag-
gered series-connected dual-path stages: a high-level stage and a low-level
stage. The known advantages aris- ing from multilevel stages are thus
retained, including accuracy and reproducibility, low distortion, low over-
40  shoot and action compounding for good spectral discrimination. The
high-level stage employs high-frequency fixed-band and sliding-band
elements, having a corner fre- quency of about 400 Hz, In an
action-subtitution arrangement providing about 12 dB of boost for low-level
sig- nals below a threshold. The high-level stage also has a low-frequency
f ixed-band variable element with a cor- ner frequency of about 200 Hz
providing about 10 dB of boost for low-level signals below a threshold. 45
The low-level stage employs high-frequency fixed-band and sliding-band
elements, having a corner fre- quency of about 400 Hz, in an
action-substitution arrangement providing about 12 dB of boost for
low-level high-frequency signals below a threshold. The low-level stage
provides no low-frequency dynamic action. A high-frequency shelving filter
is employed with the fixed-band element of the action-substitution sub-
stages in order to compensate for the substantially higher noise floor
present In audio cassette decks (in com- 50  parison to professional analog
audio recorders). In one embodiment the filter is located in the input path
to the fixed-band element In two alternative embodiments the filter Is
located in the output path of the fixed- band circuit prior the takeoff
point for the fixed-band circuit control circuit. In both cases the filter
reduces the 



sensitivity of the fixed-band circuit of the sub-stage to high-frequency
signals above its lower break frequency. Thus, it inhibits the shutting off
of all high-frequency noise reduction in the presence of a dominant high-
55  frequency signal that causes the sliding band filter cornerfrequency to
slide substantially upward In frequency. The overall arrangement provides
up to about 24 dB of noise reduction at high frequencies and up to about 10
dB of noise reduction at low frequencies. The prior B-type and C-type noise
reduction provided no noise reduction at low frequencies. By adding
low-frequency noise reduction, the present system not only suppresses 11
EP0469033B1 low-frequency noise and hum but provides a more balanced noise
spectrum and enhances compatibility as discussed further below. In one
embodiment of the invention, a spectral skewing network in the input signal
path has a single-pole high-pass shelving response with a corner frequency
at about 50 Hz and a depth of about 6 dB and a two- 5   pole low-pass
shelving response with a corner frequency at about 10 kHz and a depth of
about 17 dB. The high-frequency portion of the network functions in the
manner of a traditional spectral skewing network as set forth said US-PS
4,490,691. The low-frequency portion of the network provides a
low-frequency spectral skew- ing effect and, as a further benefit, a
low-frequency signal de-emphasis to compensate for the IEC standard 3180
[err](microsecond) low-frequency record emphasis. In an alternative
embodiment, only a low-frequency 10  spectral skewing network is located in
the Inputsignal path. The network has a cornerfrequency (pole) of about 80
Hz and a depth of about 8 dB (a zero at about 35 hz). High-frequency
spectral skewing is provide by low- pass networks having a corner frequency
of about 12.8 kHz located In the input paths to the high-frequency
action-substitution sub-stages; single pole in the high-level stage and
two-pole in the low-level stage. Although US-PS-4,490,691 contemplates the
location of spectral skewing networks in the noise reduction side path, 15
the patentstatesthat it is notthe preferred location. Nevertheless, the
configuration of the alternative provides certain advantages explained
below. In a third, preferred, embodiment, the low-frequency spectral
skewing filter Is also moved to the side path, In this case to the input of
the low-frequency fixed-band sub-stage. Also, the two-pole characteristic
of the high-frequency spectral skewing filter in the low-level action
substitution sub-stage is changed so that it be- 20  comes a single-pole
characteristic at frequencies above 48 kHz to improve the margin of
stability in the de- coder. in one embodiment, the antisaturation network
in the main path of the low-level stage acts only at high frequencies,
having a low-pass shelving response with a pole at about 3400 Hz and a zero
at about 2300 Hz. in an alternative embodiment, high-frequency
antisaturation networks are located in the main path of both the 25
high-level and low-level stages. In the high-level stage the antisaturation
network has a cornerfrequency (pole) of about 6 kHz with a depth of about 6
dB (a zero at about 12 kHz). In the low-level stage the antisaturation
network has a corner frequency of about 5 kHz with a depth of about 10 dB
(a zero at about 15 kHz). In a third, preferred, embodiment, the
high-frequency anti-saturation characteristic in the high-level stage is
changed from a shelf to a notch, again to improve the margin of stability
in the decoder. A low-frequency 30  anti-saturation function is added to
the high-level stage to restore the anti-saturation effect lost by moving
the low-frequency spectral skewing circuitfrom the input to the side path.
Finally, the lower cornerfrequency (pole) of the anti-saturation
characteristic in the low-level stage Is Increased by about 1 kHz and the
upper corner frequency (zero) is moved up so as to maintain the same 10 dB
shelf depth. The overall arrangement is robust in the sense that it
provides an improvement over B-type NR and C- 35  type NR with regard to
mistracking between record and playback machines caused by substantial
record/play- back calibration errors resulting from level and/or frequency
response errors and/or medium saturation effects. This improvement is
believed to be a result of using not only spectral skewing and
antisaturation but also action substitution and a high-frequency shelving
filter in fixed-band high-frequency circuits. Figure 6 is a representation
of the quiescent characteristics of the low-frequency and high-frequency
sub- 40  stages and the system according to the present Invention operated
In its compressor mode, ignoring the effect of its spectral skewing and
antisaturation networks. Thus, the curves show the additive effect of the
single low-frequency sub-stage and of the two high-frequency sub-stages,
providing an overall compression of 24 dB at highfrequencies and dropping
to 10dB at lowfrequencies. The curves also illustrate the smooth overlap of
the 8 dB/octave skirts of the responses of the 200 Hz corner frequency
low-frequency band and the 400 45   Hz corner frequency high-frequency
band. The arrangement of the present invention is a type of bandsplitting
arrangement in which the high- frequency band comprises superposed
fixed-band/silding-band characteristics and the low-frequency band 



comprises a fixed-band characteristic. In the high-frequency band the
sliding band acts upwardly in frequency. By choosing gentle fiter slopes (6
dB/octave) and quiescent corner frequencies near or just below the middle
50  of the frequency band (in the range of about 200 to 400 Hz), excellent
tracking of a dominant signal by both the high and low-frequency bands
throughout a substantial portion of the band under processing is possible.
The nominal quiescent cornerfrequency is somewhat lowerthan the 800
Hzcornerfrequency used in pro- fessional SR so that the high-frequency
action-substitution sub-stages operate over most of the frequency band,
leaving only a small portion of the audio band for the fixed-band
low-frequency sub-stage. In addition, 55  cornerfrequencies of 400 Hz,
rather than 800 Hzas used in the professional Spectral Recording system,
better suit the noise spectrum of typical consumer cassette tape systems.
The encoding characteristics of the encoder of the system of the present
invention provide an excellent basis for acceptable compatibility with
B-type decoders and systems with no noise reduction decoding. In com- 12
EP 0 469 033 B1 mon with professional SR, the system embodies the Least
Treatment Principle and, with respect to B-type NR and no NR decoding, the
Principle of Signal Sufficiency. Through the provision of noise reduction
through- out the audio band and particularly action substitution in its
high-frequency band, the system provides highly frequency selective
compression during encoding: the compressor tends to keep all signal
components fully 5   boosted at all times; when the boosting must be cut
back at a particular frequency, reduction in boost essen- tially is not
extended to low-level signal components at other frequencies. The audible
effect of this type of compression is that the un-decoded signal appears to
be enhanced and brighter but without any apparent dynamic compression
effects (the ear detects dynamic action primarily by the effect of a gain
change due to a signal component at one frequency on a signal component at
some other 10  frequency, somewhat removed). As a consequence, encoded
signals reproduced with no special decoding whatsoever are free of pumping
effects for nearly all signal conditions because of the compressor's
frequency adaptiveness (dynamic action occurs substantially only at
frequencies requiring such action and nowhere else) and thus are
discernible to a critical listener as compressed signals only because there
are changes In the low-frequency and high-frequencies emphasis. The dynamic
stability of the encoded signal also minimizes the 15  occurrence of
pumping effects with B-type playback decoders. The use of (1) action
substitution In the high-frequency sub-stages, (2) two high-frequency
sub-stages, and (3) a low-frequency sub-stage assures that there will be a
surplus of signal rather than signal suck-out when the encoded signal is
played back with B-type NR decoding or no NR decoding, thus satisfying the
Prin- ciple of Signal Sufficiency. 20      B-type playback tends to restore
to some extentthe high-frequency Imbalance of the bright encoded signal.
For example, in its preferred embodiment the encoder of the present
invention provides up to about 24 dB of high-frequency compression and 10
dB of low-frequency compression. In general terms, B-type decoding pro-
vides up to 10 dB of high-frequency expansion, thus providing an output
signal with about 14 dB of high- frequency boost and 10 dB of low-frequency
boost. Thus, a potential spectral high-frequency to low-frequency 25
spectral Imbalance may be reduced to only 4 dB. The result is still a
somewhat compressed signal, but more specially balanced. As mentioned
above, steady-state effects are less likely to be noticed than are dynamic
effects by most listeners because there is no changing sound to attract the
ear's attention. It has also been found that balanced steady-state
low-frequency and high-frequency response effects tend to be overlooked by
the ear. Thus, to the extend that the spectral skewing roll-off of the
low-frequency regions 30  of the encoded signal is not restored by B-type
or non-decoded playback, the balanced or symmetrical effect on the
frequency spectrum makes the resulting playback acceptable to most
listeners. Although playback with no NR decoding potentially results In a
high-frequency to low-frequency spectral imbalance of 14 dB, that extreme
condition occurs only for low-level signal conditions. In practice, users
of systems with no NR decoding are likely to be listening to cassette
recordings with high signal levels. Moreover, 35  as noted above with
respect to B-type encoding, such systems often benefit from additional
high-frequency boosting of medium and low-level signals. On many popular
vocal recordings, voice quality is subjectively en- hanced. Finally, the
anti-saturation circuits allow a higher record level to be used with many
kinds of program material, enabling even listeners using systems without NR
decoding to enjoy a higher signal-to-noise ratio. 40   Brief Description of
the Drawings Figure 1 Is an idealized compressorcharacteristic response
curve illustrating the priorartsliding-band mul- tiplication effect. Figure
2 is an idealized compressor characteristic response curve illustrating the
prior art fixed-band lim- 



45  iting effect. Figure 3 is a block diagram showing the prior art Type I
dual-path arrangement. Figure 4 is a block diagram showing the prior art
Type 11 dual-path arrangement. Figure 5A is an idealized compressor
characteristic response curve showing the quiescent response of fixed-band
and sliding-band elements superposed In accordance with the prior art
action-substitution techni- 50  que. Figure 5B is an idealized compressor
characteristic response curve showing the response slightly above their
threshold of fixed-band and sliding-band elements superposed in accordance
with the prior art action- substitution technique, the sliding band acting
upward in frequency. Figure 5C is an idealized compressor characteristic
response curve showing the response slightly above 55  their thresholds of
fixed-band and sliding-band elements superposed in accordance with the
prior art action- substitution technique, the sliding band acting downward
in frequency. Figure 6 is a characteristic compression response curve
showing the quiescent characteristics of the low- frequency and
high-frequency sub-stages and the overall system according to the present
invention operated 13    EP 0 469 033 B1 in its compressor mode, ignoring
the effect of its spectral skewing and antisaturation networks. Figure 7A
is a block diagram of a compander system in accordance with an embodiment
of the present invention having series staggered stages employing
high-frequency and low-frequency sub-stages of the type described in
connection with Figures 10, 11, and 12. 5      Figure 7B is a block diagram
of a compander system having a compressor as shown in Figure 14, in Figure
18, orinthecompressorpartof Figure 7A, and an expanderformed by placing
thecompressorshown in Figure 14, in Figure 18, or in the compressor part of
Figure 7A in the negative feedback loop of a suitable amplifier. Figure 8
is a block diagram of a two element action-substitution sub-stage employing
fixed-band and slid- ing-band elements. 10      Figure 9A is an idealized
compressor characteristic response curve showing the response of an action-
substitution sub-stage of the type shown in the arrangement of Figure 8 for
a signal above the threshold of the sliding-band element but below the
threshold of the fixed-band element. Figure 9B is an idealized compressor
characteristic response curve showing the response slightly above the
thresholds of both the elements of a sub-stage of the type shown in the
arrangement of Figure 8. 15      Figure 9C is an idealized compressor
characteristic response curve showing the response at an even greater level
above the thresholds of the elements of a sub-stage of the type shown in
the arrangement of Figure 8. Figure 10 is a partially schematic block
diagram of an embodiment of a high-frequency action-substitution sub-stage
employing fixed-band and sliding-band elements for use in a compressor,
expander, or compander 20  system in accordance with the invention. Figure
11 is a signal flow graph of the high-frequency action-substitution
sub-stages according to the em- bodiments of Figure 10. Figure 12 isa
partially schematic block diagram of an embodimentof a
low-frequencyfixed-band sub-stage for use in a compressor, expander, or
compander system in accordance with the invention. 25      Figure 13 is a
partially schematic block diagram of an embodiment of the circuitry for
deriving the modu- lation control signals used In the embodiments of the
circuits of Figures 10 and 12. Figure 14 isa blockdiagramofa compressorin
accordancewith one alternative embodimentofthe present invention having
series staggered stages employing high-frequency and low-frequency
sub-stages of the type described in connection with Figures 15 and 16. 30
Figure 15 is a partially schematic block diagram of one alternative
embodiment of a high-frequency action- substitution sub-stage employing
fixed-band and sliding-band elements for use in a compressor, expander, or
compander system in accordance with the invention. Figure 16 is a partially
schematic block diagram of one alternative embodiment of a low-frequency
fixed- band sub-stage for use in a compressor, expander, or compander
system In accordance with the invention. 35      Figure 17 is a partially
schematic block diagram of an alternative embodiment of the circuitry for
deriving the modulation control signal used in the embodiments of the
circuits of Figures 15, 16, 19, and 20. Figure 18 is a block diagram of a
compressor in accordance with another, preferred, alternative embodi- ment
of the present invention having series staggered stages employing
high-frequency and low-frequency sub-stages of the type described in
connection with Figures 19 and 20. 



40      Figure 19 is a partially schematic block diagram of another,
preferred, alternative embodiment of a high- frequencyaction-substitution
sub-stage employingfixed-band and sliding-band elementsforuse in a compres-
sor, expander, or compander system in accordance with the invention. Figure
20 is a partially schematic block diagram of another, preferred,
alternative embodiment of a low- frequency fixed-band sub-stage for use in
a compressor, expander, or compander system in accordance with 45  the
invention. Figure 21 shows the output level plotted against frequency at
different input levels for a compressor ac- cording to the third,
preferred, embodiment of the invention. Figure 22Ashows compression slope
plotted againstinputlevel atvariousfrequencieswithin the frequency range of
the high-frequency action-substitution sub-stage for a compressor according
to the third, preferred, 50  embodiment of the invention. Figure 22B shows
compression ratio plotted againstoutput level at various frequencies within
the frequen- cy range of the high-frequency action-substitution sub-stage
fora compressoraccording to the third, preferred, embodiment of the
invention. Figure 23Ashows compression slope plotted against input level at
a frequency within the frequency range 55 of the low-frequency
sub-stagefora compressoraccording to the third, preferred, embodimentof the
invention. Figure 23B shows compression ration plotted against output level
at a frequency within the frequency range of the low-frequency sub-stage
for a compressor according to the third, preferred, embodiment of the
invention. 14    EP 0 469 033 B1 Detailed Description of the Invention In
Figure 7A, an embodiment of a compander system having a compressor and an
expander, all in accor- dance with the present invention is shown, In which
there are two series Type I dual-path stages in the com- 5   pressor and
two complementary stages in the expander. The threshold levels of the
series bi-linear stages are staggered, employing the dynamic action level
staggering aspects of US-PS 4,490,691. Alternatively, a Type II
configuration could be employed. The embodiment of Figure 7A also employs
the spectral skewing and antisaturation aspects of US-PS 4,490,691.
Although the invention may be implemented using dual-path or single-path
arrangements, dual-path implementations have certain advantages, as
discussed above, and are 10  preferred. One alternative embodiment of a
compressor in accordance with the present invention is shown in Figure 14.
Another, preferred, alternative embodiment of a compressor in accordance
with the presence in- vention is shown in Figure 18. The decoder is
complementary to the encoder and may be implemented by the arrangement
shown for the decoder in Figure 7A. Alternatively, the well-known technique
of placing the encoder in the feedback loop 15  of suitable amplifier, as
shown In Figure 7B, may be used. The compressor shown In Figure 7B may be
the one shown in the compressor part of Figure 7A, or the compressor shown
in Figure 14 of Figure 18, or some other configuration of compressor. The
compressor portion of the system of Figure 7A has two stages: a high-level
stage 10, which has the higher threshold level, and a low-level stage 12,
which has a lower threshold level. As discussed in US-PS 20  4,490,691,
this is the preferred order of arrangement of staggered stages, although
the reverse order is pos- sible. The threshold is the signal amplitude
level above which there is an onset of dynamic action in the com- pressor
or expander. The expander portion of the system of Figure 7A also has two
stages arranged comple- mentary to the compressor the low-level stage 14'
and the high-level stage 16'. Each high-level stage has both a
high-frequency action-substitution sub-stage 24 (24') and a low-frequen- 25
cy fixed-band sub-stage 28 (28'). The low-level stage has only a
high-frequency action-substitution sub-stage 26 (26') and no low-frequency
sub-stage. Each high-frequency sub-stage 24 (24') and 26 (26') is of the
type described generally in connection with Figures 8 and 9A-9C and more
specifically in connection with Figure 10. Each low-frequency sub-stage 28
(28') is of the type described in connection with Figure 12. In practical
circuits, there are some differences between the high-frequency sub-stages
24 (24') and 26 (26') as a result 30  of their respective locations in the
high-level and low-level stages. These differences are noted in the discus-
sion of the embodiment of Figure 10. in each high-frequency
action-substitution compressorsub-stage (24,26) and each high-frequency
action- substitution expander sub-stage (24', 26') has, for example, 12 dB
of compression or expansion, respectively, and if the
low-frequencyfixed-band compressor sub-stage 28 and the
low-frequencyfixed-band expandersub- 35  stage 28' has, for example 10dB of
compression or expansion, then the overall compander system will provide 



24dB of noise reduction in the high-frequency band (above the 400 Hz
region, if the high-frequency sub-stages 24 (24') and 26 (26') have 400 Hz
cutoff frequencies) and 10 dB of noise reduction in the low-frequency band
(below 200 Hz, if the low-frequency sub-stage 28 (28') has a 200 Hz cutoff
frequency). Such an arrangement is useful, for example, in a high-quality
audio noise-reduction system of the type used in consumer and semi- 40
professional applications. The input to the compressor portion of the
system is applied to low-frequency and high-frequency spectral skewing
network shown as block 18. in a practical embodiment the network is a 50 Hz
low-pass single-pole shelving section with a 6 dB depth and a 10 kHz
high-pass two-pole shelving section with a 17 dB depth. The spectral
skewing network has a voltage transfer function in the Laplace domain
substantially of the form: 45                           [err] [err] where
[err]. The network may be implemented using well-known operational
amplifier active flter techniques. A complementary de- skewing network is
located in block 20 at the output of the expander. 50      The main path of
the low-level stage 12 in the compressor portion Includes a high-frequency
antisaturation network 22. The antisaturation network has a voltage
transfer function in the Laplace domain substantially of the form: [err]
[err] 55   where [err] = 3,400 Hz, and[err] = 2,400. A complementary
antisaturation network 23 is located in the main path of the low-level
stage 14 in the expander portion. The Type I stages of Figure 7A also
include summing means 30 and 30' that combine the outputs of the 15    EP
0469033 B1 high-frequency and low-frequency sub-stages in the high-level
stages 10 and 16 Hz, respectively. The stages include respective summing
means 32 and 32' and 34 and 34' which couple the side-path outputs to the
main path, thereby combining the side-path output signals with the
main-path signal. In practical circuits the sum- ming means 30 and 30' may
be dispensed with and the high-frequency and low-frequency sub-stages can
be 5   summed in summing means 32 and 32'. In operation, the fixed-band and
sliding-band circuits of the action substitution sub-stages operate in a
manner that draws on the best features of both type of circuits. The
operation can be described as "action substitution." In any particular
action substitution sub-sage, fixed-band dynamic action Is used whenever it
provides best performance; sliding-band operation is substituted whenever
it has an advantage. In this way 10  the best features of both methods are
obtained without the attendant disadvantages of each. The substitution is
effective on a continuous and frequency-by-frequency basis. For example,
the output from a given high-frequency sub-stage 24 or 26 will typically be
from the fixed band for frequencies up to the dominant signal component and
from the sliding band above that frequency in the manner of Figures 9A
through 9C. The output from the low-frequency sub-stage 28 will be a
fixed-band response (e.g., a uniform 15  response throughout the band
tailored by its 200 Hz low-pass band-defining filter). The high-frequency
action-substitution sub-stages 24 and 26 are each a two-element
action-substitution stack made up of fixed-band and sliding-band
dynamic-action elements. The stack" configuration of action- substitution
elements is explained In US-PS 4,736,433 and In the above-cited article
"The Spectral Recording Process" (Figure 3, page 102). Alternatively, the
functionally equivalent subtractive topology may be used 20  (US-PS
4,736,433 and the cited article, Figure 2, page 202). For purposes of
explanation, assume that a fixed single-pole high-pass f ilter with a
corner frequency of 400 Hz, for example, is placed in series to the inputs
of two such elements. Figure 8 shows a stack arrangement, with a filter 40,
a sliding-band element 42 and fixed-band element 44. The fixed and
sliding-band circuits are fed in parallel and the output signal is taken
from the sliding-band circuit 42. As will be shown in connection 25  with
the embodiment of Figure 10, the sliding-band variable filter is referenced
to the output of the fixed band; that is, the fixed-band output is fed
directly to the bottom end of the sliding-band variable resistance element.
This connection results in the action-substitution operation mentioned
previously. The overall output will al- ways be the larger of the fixed-
and sliding-band contributions at all frequencies. If there is a signal
situation in which the fixed-band output is negligible, then the sliding
band takes over. Conversely, if there is little or 30  no sliding-band
contribution, the output from the fixed band will still feed through to the
output through the sliding-band variable resistance element. In this way
the action of one circuit is substituted for that of the other 



circuit as signal conditions require. The arrangement employed In the
embodiments of Figures 14 through 17 and Figure 18 through 20 is a
variation of the stack arrangement of Figure 8 with differential derivation
of the sliding band element control signal In the manner of Figure 11 of
US-PS 4,736,433. 35      Forthe purposes of example, assume that the
effective passband threshold of the fixed-band element Is -62 dB and that
of the sliding-band element Is -66 dB at 12 kHz and that each element can
provide a maximum of 12 dB of boost. If, for example, a 12 kHz signal is
applied at a level of -66 dB, the corner frequency of the sliding-band
characteristic will slide to about 600 Hz but nothing happens to the
overall characteristic envelope because the f ixed band is still inactive
and supports the envelope. The new sliding-band characteristic is hid- 40
den. Figure 9A shows this situation: the overall response is the same as
the quiescent fixes band response; the sliding band response has shifted
upward in frequency from Its quiescent response. The overall response
enveloppe remains the same as the fixed-band quiescent response until the
signal reaches the -62 dB thresh- old of the fixed-band element. As the
signal rises by a few dB above the fixed-band threshold, the fixed band
begins to attenuate revealing the top of the sliding-band characteristic,
which continues to slide upward as the 45  signal level rises. The overall
response and the sliding band response for this situation is shown in
Figure 9B. As the signal level Increases several mode dB above the
fixed-band threshold, the fixed band continues to attenuate and the sliding
band continues to move upward as shown in Figure 9C. The curves shown in
Figures 9A-9C are examples generated by a computer model. In Figure 10, one
embodiment of the high-frequency sub-stages 24 (24') and 26 (26') (Figure
7A) is shown, 50  indicating both the steady-state and transient control
aspects of the circuit. In addition to the differences noted below, the
high-level and low-level stage differ In that the AC and DC circuit gains
are Increased for the low- level stage. As with other block diagrams, this
figure shows only the basic parameter determining elements; the practical
circuits, of course, contain other details such as buffering,
amplification, and attenuation. Each sub-stage comprises a fixed-band
circuit on the bottom and a sliding-band circuit on the top, each 55   with
its own control circuits. The fixed- and sliding-band circuits are fed in
parallel and the output signal is taken from the sliding-band circuit The
sliding-band variable f lter is referenced to the output of the fixed band;
that is, the fixed-band output is fed directly to the bottom end of the
sliding-band variable resistance element 154. This connection results in
the action-substitution operation explained above. 16    EP 0 469 033 B1
The incoming signal is fed through a single-pole high-pass filter 102. In
practice, the filters throughout the various Figures are configured as
passive RC filters in the inputs of operational amplifiers that act as buf-
fers. in both the low-level stage 12 and In the high-level stage 10, the
filter 102 has a cutoff frequency of about 400 Hz 5       The filtered
input signal is applied to the fixed-band circuit 104 and to the
sliding-band circuit 106. The output signal is taken from the sliding-band
circuit and Is fed through buffer 158. Thus, the overall quiescent
(sub-threshold) frequency response of the circuit Is that of a single-pole
400 Hz high-pass network. A low-pass filter 107 with a shelving response,
having a corner frequency of about 3.2 kHz and a shelf depth of 12 dB, is
located in the input signal path to the fixed-band element 104. Such a
filter response may 10  be expressed as a voltage transfer function in the
Laplace domain of the form: [err] [err] where [err] The filter parameters
are selected by trading off two performance parameters. The lower the
corner fre- 15  quency, the more the fixed band is able to provide boost in
the presence of high frequency signals but the less noise-reduction effect
it will provide when fully boosted. The deeper the shelf, the more the
fixed band will be able to provide boost in the presence of a signal
frequency above the shelf frequency but the more loss of noise-reduction
effect just below the signal frequencywill occur. The noise spectrum of the
cassette recorder also affected the design of this shelf. 20      The
fixed-band element Includes an input resistor 108, a shunt
variable-resistance element 110, and a con- trol circuit 112 that generates
a DC control signal which Is applied to the control input of the
variable-resistance element. Avariable transconductance amplifier may be
used as the variable-resistance element 110 and else- where throughout the
embodiments of the various Figures. The variable-resistance element
preferably has a linear resistance versus control signal input character-
25  istic. In one practical embodiment, the variable-resistance element 110
responds to a current input and the applied DC control signal is a current.
The resistance of the variable-resistance element drops as the DC con- 



trol signal level increases, causing the amplitude level of the fixed-band
filter to drop. The relationship may be expressed as R = k 30 Low-pass
filter 107 desensitizes the fixed-band circuit to signals above its cutoff
frequency. Thus, as the frequency of a dominant tone rises above the filter
cutoff frequency the threshold of the fixed-band circuit rises and its
sensitivity decreases. Consequently, the fixed band provides more
compression (or more noise reduc- tion) in the presence of signals above
the filter 107 cutoff frequency. This provides a reduction of noise mod- 35
ulation. It has been the practice in implementing fixed-band devices to
employ the source-drain path of an FET as a variable loss device (variable
resistor) by controlling the voltage applied to its gate. Similarly,
sliding-band systems have employed the source-drain path of an FET as the
variable element (variable resistor) of a variable filter by controlling
the voltage applied to its gate. FETs have been used in this manner in
commercial embodi- 40   ments of A-type, B-type, C-type, and SR systems.
See also the descriptions In US-PS Re 28,426, US-PS 4,490,691, and US-PS
4,922,535. Although the non-linear response of the FET formed an inherent
part of the desired dynamic circuit action, the response characteristics of
Individual FETs are subject to some variation and the non-linear response
of the FET  is not necessarily the optimum response to achieve the desired
dynamic characteristic of the circuit. 45  In addition, J-FETs are not
easily implemented in integrated circuits. Although the prior art technique
of using and FET as the variable element may be employed, the combination
of a non-linear element and a linear va- riable-resistance element permits
the circuit designer to optimize the dynamic circuit characteristic and
avoid the problem of various in FETcharacteristics while permitting easy
integration ofthe circuits. The characteristic of the non-linear element
determines the circuit's compression ratio. 50      An exponential function
is used for the fixed-band circuit of the action-substitution sub-stage.
The onset of compression is broad but the compression characteristic
approaches the characteristics of a limiter as the input level rises. Thus,
the finishing point (the region in the bi-linear characteristic of the side
path and main path where the dynamic action ceases and the characteristic
becomes linear at high signal levels) is not too far removed (in input
level) from the compressor threshold. Alternatively, a series of fixed
power law functions 55    could be used in order to avoid temperature
dependent effects (two terms, [err] for example). Such func- tions also
cause the compression ration to continue to rise as the input level
increases. A fixed power law function is used for the sliding-band circuit
of the action-substitution sub-stage, conse- 17    EP0469033B1 quently the
compression ratio does not increase with input signal level. An increasing
compression ratio is not required because phase shift in the side path, due
to the variable filter characteristics, Increases with input signal level,
further reducing the side-path contribution to the main path than would be
provided by attenuation alone. In addition, fora sliding-band compressor, a
fixed powerlawfunction provides a compressorwhose com- 5   pression
characteristics do not change with frequency, whereas an exponential
function would do so. More- over, a fixed power law allows control over the
shape of the compression curve. Thus, the respective exponential and fixed
power law functions give the circuit designer control over the shape of the
compression curves. Mistracking Is minimized when the beginning and end
points of the com- pression curves are smooth and broadly defined. A
countervailing requirements is that the dynamic action of 10  the overall
circuit must be restricted so as to occur above the noise floor and below
the maximum level of its operating environment. For staggered bi-linear
stages, this selection of non-linear elements provides the nec- essary
freedom to design an encoder with good overall characteristics. Figure 11
shows a signal flow graph of the high-frequency sub-stages, where: [err] is
the frequency of the high-frequency band defining filter = 400 Hz, 15
[err] is the sliding-band sliding filter quiescent frequency = 200 Hz,
[err] is the fixed-band shelf filter zero frequency = 12,800 Hz, e[rr] Is
the fixed-band shelf filter pole frequency = 3,200 Hz, [err] Asc is the
signal gain of the side-path, 20        [err] Is the fixed-band variable
element and control circuit offset voltage, VT is (q/kT) = 25 mV at
300[err]K, [err] is the fixed-band control circuit gain, 



[err] is the sliding band control circuit gain, N is the fixed power of the
sliding-band variable element and control circuit, 25        [err] is the
sliding band control circuit output, and [err] is the fixed band control
circuit output. The values [err] and N are different in the high-level and
low-level stages. Inspection of Figures 10 and 11 shows that each
fixed-band circuits has a voltage transferfunction in the Laplace domain
substantially of the form: 30 [err] [err] and that each sliding-band
circuit has a voltage transfer function in the Laplace domain substantially
of the form: [err] 40                                 [err] where the
parameters are as defined above. Returning to the description of Figure 10,
the fixed-band output from the fixed-band variable resistance element 110
is fed via weighting filter 116 to two control circuits, the main
(pass-band and stop-band) control signal circuit 118 and the pass-band
control circuit 120. This arrangement is similar to Figure 21 of US-PS 45
4,498,055 and Figure 8 of US-PS 4,922,535. In the main control circuit the
signal Is rectified in block 128 and opposed in combining means 129 by the
modulation control signal MC3. The derivation of the modulation con- trol
signals is explained below in connection with Figure 13. The resulting DC
signal is smoothed by a smooth- ing circuit 130 with about an 8 millisecond
(ms) time constant (the overall steady-state control signal charac-
teristic in this and all other circuits is average responding-an
importantfeature in a practical companding sys- 50  tem). The control
signal is then fed to one input of a maximum selector circuit 122, which
passes to its output the larger of two signals applied to the Input. The
fixed-band output is also fed to the pass-band control circuit 120, which
comprises the 800 Hz single- pole high-pass filter 132, a full-wave
rectifier 134, and a smoothing circuit (about 8 ms) 136. The pass-band
control signal is applied to the other input of the maximum selector
circuit. The output of the maximum selector 55   circuit is further
smoothed by about a 160 ms time constant in block 124 and is used to
control the fixed-band variable resistor 110 via variable resistor driver
circuit 126, a non-linear function circuit. The second Integrator 124
cooperates with the first integrator (of circuit 118 or circuit 120) not
only to provide a ripple-free DC control 18    EP0469033B1 signal but also
to adjust the attack and release time constants of the control circuit 112.
A diode (not shown) across the resistive element of integrator 124 shortens
the time constant under certain conditions. If the vol- tages at the input
and output of block 124 become significantly different, the discharge time
of the second Integrator is reduced to be that of the first integrator.
Such a diode is also connected across block 168 for the 5   same purpose.
The non-linearfunction element 126generatesa currentoutput having an
exponential function in response to the applied Input voltage from the
second integrator 124 according to the function: 10
[err] An exponential currentfunction is easily obtained by driving the base
of a transistorwith a voltage and obtaining the current from the collector.
Using well-known techniques, In a practical circuit a voltage offset is
applied at 15  base of the transistor. The dual control circuit arrangement
described above is employed to obtain optimal performance under both simple
signal (single dominant signal) and complex signal (more than one dominant
signal) situations. The modulation control signal MC3 is optimized
Infrequencyweighting and amountforsimple signal conditions, in which the
modulation control action is most useful. Under complex signal conditions,
however, the modu- 20  lation control signal developed becomes improper,
and the resulting modulation control action is then greater than necessary;
that Is, the DC control signal output from the main control circuit Is less
than required. Under this condition the control signal from the pass-band
circuit is phased in, via the maximum selector circuit, to control the
overall action of the fixed-band compressor circuit. The output of the
fixed-band element is fed through buffer 114 with an overall gain of unity
to provide the 25  reference for the sliding-band filter this Is the only
signal output of the fixed-band circuit. The sliding-band element 106
includes parallel input resistor 150 and capacitor 152 which are shunted by



a variable-resistance element 154, and a control circuit 156 that generates
a DC control signal which Is applied to the control input of the
variable-resistance element. The presence of resistor 150 results in a
variable high- pass filter characteristics having a shelving response (a
"variable high-pass shelf filter"). The time-constant of 30  capacitor 152
and resistor 150 defines the lower, fixed, corner frequency of the variable
high-pass shelf filter. In practical embodiments of the circuit, this
cornerfrequency is at about200 Hz. The time constant of capacitor 152 and
the resistance of variable resistance element 154 defines the upper,
variable, cornerfrequency ofthe variable high-pass shelf filter. A high
values of resistance of variable resistance element 154, the two corner
frequencies overlap and the variable high-pass shelf filter assumes an
all-pass characteristic. 35      The variable-resistance element 154
preferably has a linear control signal input versus resistance charac-
teristic. In one practical embodiment, the variable-resistance element 154
responds to a current input and the applied DC control signal is a current.
The resistance of the variable-resistance element drops as the DC con- trol
signal level increases, causing the corner frequency of the sliding-band
filter to rise. The relationship re- sistance may be expressed as 40 [err]
The sliding-band control signal is derived by control circuit 156 from the
circuit output. The signal is fed through the 10 kHz (8 kHz in the
low-level stage) single-pole high-pass weighting network 160 and is
rectified. The rectified signal is opposed in combining means 163 by
modulation control signal MC1; since MC1 also 45   has a single-pole
high-pass characteristic, the ration between the rectified control signal
and MC1 monitors the signal attenuation (this ratio creates and end-stop
effecton the sliding-band action). The result Is smoothed first in block
166 by a time constant of about 8 me (4 ms in the low-level stage) and
finally in block 168 by a time constant of about 80 ms. The smoothed
control signal is then used to control the sliding-band variable resistance
element 154 via variable resistor driver circuit 170, a non-linearfunction
circuit. As In the fixed-band 50  circuit of the sub-stage, the second
Integrator cooperates with the first integrator not only to provide a
ripple- free DC control signal butalsoto adjustthe attackand release time
constants of the control loop. Asinglecontrol circuit suffices In the
sliding-band circuit because the high-pass control weighting network 160
tends to offset the effect of complex signals on the modulation control
voltage developed (MC1). The non-linear function element 170 generates a
current output having a fixed power law function In re- 55  sponse to the
applied input voltage from the second Integrator according to the function:
[err] where N Is a positive number greater than 1. Such a function may be
obtained in a conventional way by cascading log/antilog circuits with a
defined amount of gain between them. 19    EP 0 469 033 B1 As mentioned
above, although the prior art technique of using an FET as the variable
element may be employed, the combination of a non-linear element and a
linear variable-resistance element is preferred. The overall output from
the high-frequency action-substitution sub-stage is taken from buffer 158
of the sliding-band element 106. 5      The overshoot suppression
arrangements forthe high-frequency sub-stages are also shown in Figure 10.
In the high-frequencysub-stages a general feature is that unsmoothed
rectified signals from the control circuit rectifiers 128 and 162 are
opposed by appropriate modulation control signals and are fed via diode
means 135 and 137 to the final smoothing circuits 124 and 168,
respectively, particularly the capacitors thereof. In common with the
professional SR system and the A-type, B-type, and C-type systems, the
overshoot 10  suppression thresholds In the present arrangements are
significantly higherthan the steady-state thresholds. Preferably, the
overshoot suppression thresholds are set at about 10 dB above the relevant
steady-state thresholds; the overshoot suppression effects are then phased
in gradually. The net result is that for most mu- sical signals the
overshoot suppressors rarely operate; the compressors are controlled by
well-smoothed sig- nals. When the suppressors do operate, the effect is so
controlled that modulation distortion is minimal. Under 15  relatively
steady-state, but nonetheless changing, signal conditions subsequent to a
transient that has trig- gered operation of the overshoot suppressors, the
overshoot-suppression effects are gradually phase out or reduced with
increasing signal levels; this action further ensures low overall
modulation distortion from the system. The circuitconfiguration gives the
circuitdesignerthe ability to adjust the relative thresholds and the grad-
20  ual phase in of the overshoot effects. The thresholds are set by
adjusting the relative gain of the amplifiers In the steady-state and
overshoot suppression circuits. As explained in further detail below, the
gradual phas- 



ing in of overshoot suppression effects is accomplished by operating the
diodes which couple the overshoot suppression circuits to the capacitorfrom
which the control signal is derived as variable resistors. Other, more
complex circuits may be employed to achieve this function. The gradual
phasing out or reduction of overshoot 25  suppression effects is achieved
by limiting circuits that reduce the gain of the overshoot suppression
circuits at very high levels as well as by the modulation control signals
that oppose the overshoot suppression signals at high levels. Referring
again to Figure 10, In the high-frequency fixed-band circuit the overshoot
suppression signal is derived from full-wave rectifier 128 of the main
control circuit 118. As with the steady-state control signal, the 30
rectified signal Is opposed by MC3 in combining means 131, so that the
overshoot suppression threshold is appropriate for conditions in the
steady-state regime. The appropriate AC and DC conditions are set in
amplifier stage 133. The gain of the overshoot suppression side circuit Is
less than the gain of the steady-state control circuit The resultant
overshoot suppression signal is coupled by a diode means 135 to the final
smoothing circuit 124, particularly the capacitor thereof. 35     In the
sliding-band circuit two overshoot suppression signals are used, primary
and secondary. The pri- mary overshoot suppression signal Is derived from
the full-wave control circuit rectifier 162, opposed in com- bining means
163 by MC2, a smoothed version of MC1 (MC1 controls the steady-state
characteristics), the appropriate AC and DC conditions are set in amplifier
stage 165, and coupled to the final smoothing circuit 168, particularly the
capacitor thereof, via diode means 167. As In the fixed band, the gain of
the overshoot 40  suppression side circuit is less than unity. The
smoothing of MC1 to create MC2 is necessary because, unlike the situation
In the fixed-band circuit, there is no constant and favorable phase
relationship between the signal In the control circuit and MC1 (because of
the sliding band); the smoothing enables reliable and effective buck- ing
action to take place. The effect of the primary overshoot suppression
circuit preferably is maximized for the most significant 45  transient
signal situation--that is, a single impulse or tone burst starting from a
sub-threshold signal level. Be- cause of the way the primary overshoot
signal is derived, the overshoot suppression signal amplitude falls with
increasing frequency faster than the control signal amplitude. This causes
insufficient overshoot suppression for signals in the 200 to 800 Hz region.
To compensate for this, a portion of the fixed-band overshoot suppres- sion
is fed to the sliding-band control circuit. This supplemental signal is
called the sliding-band secondary 50  overshoot signal. Thesliding-band and
fixed-band control circuits (156 and 118, respectively) furtherinclude a
"parking"fea- ture. In the sliding-band circuit 156, a parking circuit 176
is coupled to the second integrator 168 by a coupling diode 178. In the
fixed-band circuit 118, a parking circuit 180 is coupled to the second
integrator 124 by a cou- pling diode 182. The parking circuits operate
generally in the same way as the parking circuits described in 55   US-PS
4,736,433. The f ixed-band parking circuit 180 puts a charge on the
capacitor in smoothing circuit 124 so as to keep the control circuit just
below Its threshold; the sliding-band parking circuit 176 operates in the
same manner so as to prevent the sliding-band filter corner frequency from
dropping below a particular fre- quency. The effect of the parking circuits
Is to improve noise-reduction performance and transient response 20    EP
0469 033B1 under certain signal conditions by allowing the control circuit
to react more quickly. In the sliding band, the parking circuit fixes the
corner frequency of the sliding band slightly above the corner frequency of
the circuit input filter. Figure 12 shows the steady-state and transient
control aspects of the low-frequency fixed-band sub-stage 5   28 (Figure
7A). As with the high-frequency sub-stages, only the basic parameter
determining elements are shown. The sub-stage is similar to the fixed-band
circuit of the high-frequency sub-stage described in connec- tion with
Figure 10. Referring to Figure 12, the incoming signal is applied through a
200 Hz band-defining low-pass filter (the location of this filter is
changed from that of the action-substitution sub-stage) to a variable
attenuator circuit 10  provided by resistor 182 and a variable resistance
element 184. Control circuit frequency weighting is provided by a
single-pole 400 Hz low-pass filter 186. The main control circuit 188
full-wave rectifies the filtered signal in block 190; the resulting DC
signal is bucked by modulation control signal MC4 in combining means 192,
smoothed in block 194 by a smoothing circuit with about a 15 ms time
constant, and fed to one input of max- imum selector circuit 196. The
maximum selector circuit has the same purpose and mode of operation as In
15  the high-frequency sub-stages. The low-frequency fixed-band sub-stage
also includes the "parking feature. A parking circuit 210 is cou- 



pled to the second integrating capacitor206 by a coupling diode 212. The
parking circuit 210 operates in the same way as the fixed-parking circuit
180 of Figure 10: It puts a charge on the capacitor in smoothing circuit
206 so as to keep the control circuit just below its threshold. 20      The
400 Hz frequency weighted output of the fixed-band sub-stage is also fed to
the pass-band control circuit 198. Here the control signal is further
weighted by a 100 Hz single-pole low-pass filter 200, full-wave rectified
in block 202, smoothed by a smoothing circuit with about a 15 ms time
constant in block 204, and fed to the other input of the maximum selector.
The larger of the two signals is passed to the final smoothing circuit
(about 300 ms) 206 and is used to control the fixed-band variable resistor
184 via variable resistor driver 25  circuit 208, a non-linear function
circuit. Circuit 208 provides a characteristic similar to circuit 126 of
Figure 10. In a manner generally similar to that of the high-frequency
sub-stages, unsmoothed rectified signals de- rived from the outputs of the
variable elements are opposed by appropriate modulation control signals and
are fed via diode means to the final smoothing circuits, especially the
capacitor in each such circuit. The low-frequency fixed-band sub-stage
generates a primary overshoot suppression signal simply by 30   bucking the
outputof rectifier214 against MC4 in combining means216. The
appropriateACand DC conditions are set in amplifier 218 and the overshoot
suppression signal is then coupled via diode means 220 to the final
smoothing circuit 206, especially the capacitor thereof, of the fixed-band
circuit. The gain of the overshoot suppression side circuit is less than
the gain of the steady-state control circuit. In the arrangements of US-PS
3,846,719; US-PS Re 28,426; and US-PS 4,490,691 and in commerciallized 35
embodiments based thereon (the A-type, B-type, and C-type systems) the
noise-reduction signals (from the side paths) are highly limited or
attenuated under high-level signal conditions. This high degree of limiting
or attenuation, beginning at a low-level threshold, is responsible for the
low harmonic distortion, low overshoot, and low modulation distortion which
characterize these systems. As explained In US-PS 4,498,055, it is
unnecessary to utilize such a low threshold and such a strong lim- 40
iting characteristic under certain conditions. In particular, whenever the
noise-reduction signal departs from an in-phase condition with respect to
the main-path signal, then the threshold can be raised. Furthermore,
afteran appropriate degree of limiting has taken place at a given frequency
(in orderto create the desired over- all compression law), then it is
unnecessary to continue the limiting as the signal level rises. Rather, the
level of the noise-reduction signal can be allowed to rise as the input
signal rises, stabilizing at some significant 45  fraction of the main-path
signal level. For example, in the fixed-band circuits of the
action-substitution sub-stages such Just described in con- nection with
Figure 10, In the fixed-band sub-stage of Figure 12, and in US-PS
4,922,535, the application of the teachings of US-PS 4,498,055 results in
conventional performance In the pass-band (in-phase) frequency region.
However, in the stop-band region the limiting threshold is allowed to rise
and the degree of limiting is 50  reduced. As discussed in US-PS 4,922,535,
similar considerations apply in sliding-band circuits. In the B-type slid-
ing-band circuit (described in detail in US-PS 4,490,691), a variable
filterfollows a fixed filter, which has proved to be an efficient and
reproducible arrangement. However, at frequencies outside the pass-band a
pure two- pole filter results in overall amplitude subtraction because of
the large phase angles created. Therefore, the 55  type of filter which has
been employed is only quasi-two-pole (a single-pole fixed filter plus a
variable shelf characteristic). The same arrangement is used in the
practical embodiments of the arrangements of Figure 7A, with one octave
differences in the variable quiescent turnover points and the fixed
turnover point (as in the B-type cir- 21    EP 0 469 033 B1 cult). Above
the threshold at a particular frequency the variable filter slides to the
turnover frequency needed to create the overall (main-path plus side-path
signal) compression law. As the Input level rises, and once an overall gain
of unity is obtained, there is no reason for further liding of the variable
filter. At this point the mod- ulation control arrangement as taught in
US-PS 4,498,055 and US-PS 4,922,535 counteracts further sliding 5   ofthe
variablefilter; this prevents unnecessary modulation of the signal and
impairmentofthe noise-reduction effect achieved during decoding. The above
effects in both fixed and sliding bands are created by circuits called
modulation control circuits. Suitably filtered or frequency weighted
signals from the main signal path are rectified, and in some cases
smoothed, and are fed in opposition to the control signals generated by the
control circuits of the various cir- 10  cuits. The result a higher signal
levels is to create a balance or equilibrium between the circuit control
signals and the modulation control signals. Under these conditions there is
no further gain reduction or sliding of the 



relevant variable filters with increasing Input signal levels. As mentioned
in US-PS 4,498,055, when modulation control techniques are embodied in
multistage de- vices, the modulation control circuits need not be derived
from within each individual stage. Figure 13 shows 15  a preferred
arrangement for deriving modulation control (MC) signals used in the
embodiments of Figure 11 and 12. In the professional SR system, as
explained in US-PS 4,922,535, eight modulation control signals, des-
ignated MC1 through MC8, are employed. In the present system only four of
those modulation control signals are employed, MC1-MC3 and MC6, and they
are derived from the summing means of the second stage (adder 20  34 in the
compressor and adder 32' in the expander). MC4 and MC5 are not required
because the present system does not use a low-frequency sliding-band stage.
In the professional SRsystem, MC4 controls the slid- ing-band parts of the
low-frequency action substitution sub-stages and MC5 is used to control the
low-frequen- cy sliding-band overshoot suppression circuits. However, to
prevent a break in the sequence of modulation control signal numbering from
possibly causing confusion, MC6 of the professional SR system is called MC4
25  in this application. Thus, MC4 in this application is not the same as
MC4 in professional SR. Figure 13 shows further details of the modulation
control circuits. MC1-3 are used for the high-frequency sub-stages 24 and
26 (Figure 7A); MC4 is used for the low-frequence sub-stage 26 (Figure 7A).
MC1 controls the high-frequency sliding-band circuits. The signal from the
takeoff point Is fed through a 100 Hz all-pass filter 250 for phase
compensation, a single-pole high-pass filter 252 having about a 3 kHz cor-
30  nerfrequency, and is rectified In block 254, and fed in opposition to
the control signals generated by the high- frequency sub-stages. MC1 is
also smoothed by a two-stage Integrator 256 having about a 1 ms time
constant and is employed, as MC2, to oppose the operation of the
high-frequency sliding-band overshot suppression circuits as described
above. The overshoot suppression thresholds thereby track the steady-state
thresholds. MC3 controls the high-frequency fixed-band circuits. The signal
from the takeoff point is weighted by cas- 35  caded single-pole low-pass
filters 258, 260, having respective corner frequencies of about 200 Hz and
about 400 Hz, rectified in block 262 and fed in opposition to both the
steady-state and transient control (overshoot suppression) circuits of the
high-frequency fixed-band circuits. MC4 controls the low-frequency
fixed-band sub-stage. The signal from the takeoff point is weighted by
cascaded single-pole high-pass filters 264, 266, having corner frequencies
of about 200 Hz and 400 Hz, re- 40  spectively, rectified in block 268, and
Is fed in opposition to both the steady-state and transient control (over-
shoot suppression) circuits of the low-frequency fixed-band sub-stage. A
side effect of the modulation control scheme is that a high signal levels
the amplitudes of the noise- reduction signals from the side paths are
relatively high in comparison with the situation in the A-type, B-type, and
C-type systems that do not employ modulation control. Because of this It is
not possible to employ simple 45  overshoot suppression diodes as in these
previous systems (for example, clipping diodes 28 in Figure 4 of US- PS Re
28,426). Accordingly, as In the professional SR system and as described in
US-PS 4,922,535, overshoot suppression side circuits are used in parallel
with a portion of the steady-state control circuit in order to provide a
rapid but controlled decrease in attack time of the control circuit. in
Figure 14, an alternative embodiment of a compressor in accordance with the
presence invention is 50  shown, having two series Type I dual-path stages.
As with the embodiment of Figure 7A, the threshold levels of the series
bi-linear circuits are staggered, employing the dynamic action level
staggering aspects of US-PS 4,490,691. Alternatively, a Type II
configuration could be employed. The embodimentof Figure 14 also employs
the spectral skewing and antisaturation aspects of US-PS 4,490,691.
Although the invention may be imple- mented using dual-path or single-path
arrangements, dual-path implementations have certain advantages, 55   as
discussed above, and are preferred. The decoder is complementary to the
encoder and may be implement- ed by the well-known technique of placing the
encoder in the feedback loop of suitable high gain amplifier or in the
manner of the arrangement of Figure 7A. Corresponding elements in Figures 7
and 14 bear related reference numerals, the Figure 14 reference nu- 22
EP 0 469 033 B1 merals adding 300 to the numerals used in Figure 7A. The
compressor portion of the system of Figure 14 has two stages: a high-level
stage 310, which has the higher threshold level, and a low-level stage 312,
which has a lower threshold level. The low-level stage has only a
high-frequency action-substitution sub-stage 326 and no low-frequency
sub-stage. Each high-frequency sub-stage 324 and 326 is of the type
described generally 5   in connection with Figures 9A-9C and more
specifically in connection with Figures 7 and 10. High-frequency sub-stage
324 includes a high-frequency sliding-band element 346 and a high-frequency
fixed-band element 



348; high-frequency sub-stage 326 Includes a high-frequency sliding-band
element 350 and a high-frequency fixed-band element 352. The low-frequency
sub-stage 328 is of the type described in connection with Figure 16. in
pratical circuits, there are some differences between the high-frequency
sub-stages 324 and 326 as a 10  result of their respective locations In the
high-level and low-level stages. These differences are noted in the
discussion of the embodiment of Figure 15. If each high-frequency
action-substitution compressor sub-stage (324, 326) and each high-frequency
ac- tion-substitution expander sub-stage in the complementary expander (not
shown) has, for example, 12 dB of compression or expansion, respectively,
and if the low-frequency fixed-band compressor sub-stage 328 and 15  the
low-frequency fixed-band expander sub-stage in the complementary expander
has, for example, 10 dB of compression or expansion, then an overall
compander system employing the compressor of Figure 14 and its
complementary expanderwill provide 24 dB of noise reduction in the
high-frequency band (above the 400 Hz region, if the high-frequency
sub-stages 324 and 426 have 400 Hz cutoff frequencies) and 10 dB of noise
re- duction in the low-frequency band (below 200 Hz, if the low-frequency
sub-stage 328 has a 200 Hz cutoff fre- 20  quency). Such an arrangement is
also useful, forexample, as in the embodiment of Figure 7A, in a
high-quality audio noise-reduction system of the type used in consumer and
semi-professional applications. The input to the compressor portion of the
system is applied to low-frequency spectral skewing network shown as block
340. In a practical embodiment the network is a low-pass single-pole
shelving section with a pole at 80 Hz and a zero at 32 Hz (a depth of about
8 dB). The spectral skewing network has a voltage transfer 25  function in
the Laplace domain substantially of the form: [err] [err] where [err]. The
network may be implemented using well-known operational amplifier active
filter techniques. A complementary de-skewing network is located in the
expander (not shown). 30      The low-frequency spectral skewing network of
the Figure 14 embodiment has a bigger shelf and its action starts at a
higher frequency than the corresponding network in the embodiment of Figure
7A. This change provides a better antisaturation effect in the frequency
region where typical cassette tape starts to saturate as a results of the
3180 [err] (microsecond) low-frequency record equalization by providing
about 3 dB of at- tenuation at 50 Hz at high input signal levels. 35
High-frequency spectral skewing Is provided by network 342 and network 344
in the inputs to the respec- tive high-frequence action substitution
sub-stages 324 and 326. In a practical embodiment, network 342 is a
single-pole low-pass filter having a corner frequency of 12.8 kHz and
network 344 is a two-pole low-pass filter having the same corner frequency.
These networks may also be implemented using well-known operational
amplifier active filter techniques. 40      Relocating the high-frequency
spectral skewing filter from the compressor input to the side-path input of
each of the two stages enables the purposes of conventional spectral
skewing to be obtained without some of the attendant disadvantages.
Primarily, the original purpose of desensitizing the compressor control
circuits to signals at frequencies at which significant medium errors are
likely is achieved simply by attenuating the input to the side path at such
frequencies. This provides the same kind of control signal frequency
weighting 45  as conventional spectral skewing. The conventional spectral
skewing configuration shown in Figure 7A is re- quired to have a shelving
response at high frequencies so that a stable expander can be made by
putting a compressor in the negative feedback loop of a suitable amplifier.
This shelf characteristic limits the amount of spectral skewing effect that
can be obtained. Such a limit does not apply with side-path spectral
skewing, and spectral skewing networks 342 and 344 of figure 14 are simple
1-pole and 2-pole low-pass filters respectively. 50  Such filters can be
used because, although their effect in the side path continues to increase
with increasing frequency, they can never reduce overall compressor gain to
less than unity. The ability to use non-shelving filters in side-path
spectral skewing circuits gives the important perfor- mance advantage of a
progressively increasing amount of spectral skewing effect as the frequency
increases. Consider, for example, the superior ability of side-path
spectral skewing to reduce bias effect All high quality 55  tape recorders
use a large-amplitude ultrasonic bias signal, at normally somewhere between
60 - 250 kHz in consumer products, to linearize the recording process. if
the bias signal enters the control circuit of the noise reduction
processors, it can substantially change the compressor characteristic. The
bias generator normally 23    EP 0 469 033 B1 does not operate when the
tape recorder is playing back and the noise reduction circuit is in decode
mode, so the bias signal does not change the expander characteristic. The
normal expander characteristic is unable 



to track the bias-altered compressor characteristic, and serious
encode-decode mis-tracking results. Even if the bias signal is prevent when
the expander is operating (e.g. in a three-head tape recorder when
monitoring 5   off-tape during a recording) there will still be
mis-tracking because the amount of bias leakage into the com- pressor and
expander (and hence bias effect) is unlikely to be exactly the same in the
compressor and ex- pander. To prevent the bias signal from entering the
compressor and the expander, various filtering methods, in- cluding tuned
traps, are used. These filters can degrade the sound quality (by ringing)
and may limit the band- 10  width that can be recorded. Side-path spectral
skewing with a simple single-pole or two-pole low-pass char- acteristic as
described above greatly improves the immunity of the compressor and the
expander to bias in- terference because of the large amounts of attenuation
such circuits give at bias frequencies. Side-path spec- tral skewing at
both and high frequencies also helps prevent compressor-expander
mis-tracking caused by other forms of extraneous signals, such a
FM-multiplier pilot tones, and low-frequency flicker noise. Since it 15  is
good practice to use an input bandwidth defining filter for reasons other
than preventing bias interference, such a filter should be retained, but
with a simple single-pole band-pass characteristic having corner frequen-
cies well away from the normal limits of the audio band. Instead of acting
as an accessory to a conventionally operating noise reduction circuit, a
side-path spectral skewing circuit is fully Integrated with the noise
reduction circuit and changes the way in which the noise re- 20  duction
circuit operates. The spectral skewing circuit attenuates the side-path
output signal in the frequency range in which it operates and hence reduces
amount of compression obtained at such frequencies. This In turn reduces
the peak compression ration and hence the mis-tracking effect. Moreover,
because there is no attenuation of the main-path signal, side-path spectral
skewing does not raise the level of the compressorfin- ishing point as
conventional spectral skewing does. In fact, the level of the
compressorfinishing point progres- 25  sively decreases with increasing
frequency, a desirable feature in consumer tape equipment in which the
level at which the tape saturates also progressively decreases with
increasing frequency. A further advantage of locating spectral skewing in
the side path is that such a configuration has a ben- eficial effect in the
expander as well as In the compressor. In the expander shown in Figure 7A,
the spectral de-skewing circuit is at the output of the expander, and thus
cannot prevent extraneous signals from contri- 30  buting to the expander
control signals, and thus modifying the expander characteristic. Side-path
spectral skewing reduces the contribution of extraneous signals to the
control signal in both the compressor and the expander and thus enhances
the accuracy of the noise reduction system in applications in which signals
in addition to those that left the compressor are present at the input of
the expander. Because of its location in the side path, making it
Inoperative at high signal levels, side-path spectral skew- 35  ing does
not reduce the level at which signals are presented to the medium, and thus
cannot reduce the like- lihood of level-dependent medium errors (such as
tape saturation) occurring. This deficiency can be remedied by increasing
the amount of anti-saturation applied in the main path. Increasing the
amount of anti-saturation increasesthe compression ration and thus undoes
someof the advantage of using side-path spectral skewing. However, the
configuration of Figure 14 allows the frequency range and amount of
anti-saturation to be com- 40  pletely independent of the frequency range
and amount of spectral skewing, which gives considerable scope for trading
off the various parameters to optimize the circuit characteristics for
various applications. The para- meters shown in figures 14 and 15 are
optimized for use in high quality compact cassette recorders. The same
networks In the side-paths of the expander (not shown) provide
complementary de-skewing. The main paths of the low-level and high-level
stages 310 and 312 include respective high-frequency an- 46  tisaturation
networks 356 and 358. Antisaturation network 356 has a voltage transfer
function in the Laplace domain substantially of the form: [err] [err] where
F8 = 6,000 Hz, and f9 = 12,000 Hz. 50      Antisaturation network 358 has a
voltage transferfunction in the Laplace domain substantially of the form:
[err] [err] where [err] = 5,000 Hz, and f7 = 15,000 Hz. Complementary
antisaturation networks are located in the expander (not shown). The use of
two antisa- 55 turation networks and the change in the break frequencies of
the networks with respect to the single antisa- turation network of the
Figure 10 embodiment results In Improved antisaturation response and
compensates for the reduced antisaturation effect produced by the spectral
skewing network arrangements of the Figure 24   



EP0469 033 B1 14 embodiment. The Type I stages of Figure 14 also include
summing means 332 and 334 that combine the outputs of the high-level and
low-level stages 310 and 312 with the respective main paths. Figure 14 also
shows the mod- ulation control circuits as block 354 which applies the
modulation control signals MC1-3 to the action substi- 5   tutlon sub-stage
elements 346,348,350, and 352 and the modulation control signal MC4 to the
low-frequency fixed band sub-stage 328. In operation, the action
substitution sub-stages of the embodiment of Figure 14 operate in the same
way as in described in connection with the embodiment of Figure 7A.
However, as mentioned above, the stack con- figuration of the embodiment of
Figures 14-17 employs a differential derivation of the sliding-band element
10  control signal. in Figure 15, an embodiment of the high-frequency
sub-stages 324 and 326 (Figure 14) is shown, indicating both the
steady-state and transient control aspects of the circuit. In addition to
the differences noted below, the high-level and low-level stages differ in
that the AC and AD circuit gains are increased for the low-level stage. As
with other block diagrams, this figure shows only the basic parameter
determining elements; the 15  practical circuits, of course, contain
otherdetails such as buffering, amplification, and attenuation. Forthe pur-
poses of conciseness and convenience, only the differences between Figure
15 and Figure 10 will be descri- bed. Corresponding elements in Figure 10
and 15 bear related reference numerals, the Figure 15 reference numerals
adding 300 to the numerals used in Figure 10. In the embodimentof Figure
15, the input high-frequency band defining filter 102 of Figure 10 now
includes 20  the high-frequency spectral skewing network 342 or 344 (Figure
14). The combined band def ining and spectral skewing network is shown as
block 403. The inputfilterof the high-frequency sub-stage of the high-level
stage has a voltage transfer function in the Laplace domain substantially
of the form: [err] [err] 25  where [err] 12,600 Hz; and the input filter of
the high-frequency sub-stage of the low-level stage has a voltage transfer
function In the Laplace domain substantially of the form: where [err]
13,300 Hz, and Q = 0.88. [err] [err] 30     In order to Implement the
differential derivation of the sliding-band element control signal, the
output of the fixed band element at the junction of resistor 408 and the
variable element 410 is substracted from the signal fed to the sliding band
element control circuit in combining means 459. Deriving the sliding band
control signal differentially effectively raises the threshold ofthesliding
band, and prevents thesliding band from being controlled erroneously by
noise. At low Inputsignal levels, the differential voltage developed across
fixed-band 35  control element 410 (which has a relatively high value under
such conditions) is significant and thus consid- erably reduces the
amplitude of the signal at the output of combing means 459 (and hence the
amplitude of the sliding band element control signal). At higher Input
signal levels, when the value of fixed band control ele- ment 410 Is lower,
the effect of the differential voltage from across element 410 is less, and
the sliding band control signal has its full effect. 40      The
effectiveness of the differentially derived sliding band control signal on
raising the threshold of the sliding band is enhanced at high frequencies
by relocating filter network 107 from the input to the fixed band element
104 of the Figure 10 embodiment. The filter is now labelled block 409 and
is now located between the fixed band and sliding band elements. Relocating
the filter has no effect on the operation of the fixed band element. The
fixed band element control circuit still receives a filtered signal. The
signal fed from the fixed 45  band element to the bottom end of sliding
band control element 454 Is also filtered as before. The differential
signal fed to combining means 459 is not filtered, however. This means that
at frequencies above the lower turn-over frequency of filter 409, the
amplitude of the differential signal (and hence Its effect on the sliding
band element control circuit) is up to 12 dB greater than it would have
been if filter 407 had been left in the position of filter 107 of the
figure 10. 50      Filter 160 of the Figure 10 embodiment Is modified to
have a corner frequency of 6 kHz in both the high- level and low level
stages. It is shown as block 461. In the control circuit 412 of the fixed
band element, the corner frequency of the filter 116 (Figure 10) is raised
to about 400 Hz (Filter 417 in Figure 15). The control circuit of the
fixed-band element is simplified by removing the 8 ms time constant
circuits 130 55  and 136 (Figure 10). Instead, in the embodiment of Figure
15, maximum selector422 operates on unsmoothed rectified signals and feeds
a single 8 ms time constant circuit 423, followed by 160 ms time constant
circuit 



424. 25    EP 0 469 033 B1 The parking circuit 176 (Figure 10) is omitted
from the embodiment of Figure 15. Additions to the embodiment of Figure 15
are circuits for limiting the maximum amplitude level of the slid- ing-band
and fixed-band control signals: limit circuits 477 and 486 and their
respective coupling diodes 479 and 482. Whereas the parking circuit
improves the attack time of the circuit by maintaining the capacitor vol- 5
tage in the integrator at a level just below the threshold of variable
element 426, the limit circuits improve re- covery time and enhance
compatibility among circuits by preventing the voltage on the capacitorfrom
building up to excessive levels under high level signal conditions. When
the high level signal ceases, the voltage on the capacitor can fall more
quickly to the new level appropriate for the new input signal condition
because it has a lower starting level. 10      Figure 16 shows the
steady-state and transient control aspects of the low-frequency fixed-band
sub-stage 328 (Figure 14). As with the high-frequency sub-stages, only the
basic parameter determining elements are shown. The circuit is similar to
the fixed-band circuit of the high-frequency sub-stage described in
connection with Figure 15. For the purposes of conciseness and convenience,
only the differences between Figure 16 and Figure 12will be described.
Corresponding elements in Figures 12 and 16 bear related reference
numerals, 15  the Figure 16 reference numerals adding 300 to the numerals
used in Figure 12. As in the high-frequency sub-stages, the control circuit
is simplified by operating the maximum selector on unsmoothed rectified
signals. This enables the two 15 ms time constant circuits 194 and 204
(Figure 12) to be replaced by a single 15 ms time constant circuit 505
located between the maximum selector 496 and the 300 ms time constant
circuit 506. 20      The derivation of the overshoot suppression signal is
changed in the Figure 16 embodiment with respect to Figure 12. Rectifier
214 and combining means 216 (Figure 12) are omitted and, in the Figure 16
embodiment, the overshoot signal is simply derived from the outputof main
control circuit 488. This signal is a suitable source of an overshoot
suppression signal because smoothing element 194 (Figure 12) is omitted in
the Figure 16 configuration. 25      A limit circuit 524 and diode 522 is
added to limit the maximum amplitude of the low-frequency fixed-band
control signal. Figure 17 shows further details of the modulation control
circuits used in the embodiments of Figures 14, 15 and 16. MC1-3 are used
for the high-frequency sub-stages 324 and 326 (Figure 14); MC4 is used for
the low-frequency sub-stage 328 (Figure 14). For the purposes of
conciseness and convenience, only the differ- 30  ences between Figure 17
and Figure 13 will be described. Corresponding elements in Figures 13 and
17 bear related reference numerals, the Figure 17 reference numerals adding
300 to the numerals used in Figure 13. The embodiment of Figure 17 omits
the 100 Hz all-pass filter 250 of Figure 13. In addition, a single stage
in- tegrator 257 with a 2 ms time constant is used instead of a 2-stage
integrator 256 with 1 ms time constants. Figures 18 through 20 show the
preferred embodiment of a compressor in accordance with the present 35
invention. Because the embodiment shown in Figures 18 through 20 is an
evolutionary development of that shown in Figures 14 through 17, the
description pertaining to Figures 14 though 16 pertains equally to Figures
18 through 20, exceptforthe differences to be described below.
Corresponding elements in Figures 14 through 16 and 18 through 20 bear
related reference numerals; in the latter three Figures, the reference
numerals add the letter A to the reference numerals used the former three
figures. Figure 17 shows the modulation control 40  signal derivation for
both embodiments. The input to the compressor portion of the system is
applied in the preferred embodiment (Figure 18) di- rectly to the input of
the main path and the inputfilters of the high-level stage 310A in the side
path, instead of via low-frequency spectral skewing block 340 (Figure 14).
Low-frequency spectral skewing is provided in the embodiment of Figure 18
by block 360A, located at the input of low-frequency fixed band 328A in
high- 45  level stage 31 OA. Although the low-frequency spectral skewing
network is shown as separate block 360A In Figure 18, Its function can be
realized simply by changing low frequency band defining f liter 480 (Figure
18) at the input to low-frequency fixed band 328 (Figure 14) into band-pass
filter 490A (Figure 20) in the same location 328A (Figure 18).
Alternatively, separate f liters can be used for the low frequency band
defining filter and spectral skewing functions. 50     In a practical
embodiment, the high-pass (i.e. low-frequency spectral skewing) portion of
band-pass filter 490A is a single-pole section with a corner frequency at
33 Hz and the low-pass (i.e. low frequency band de- fining) portion of the
filter is a single-pole section with a corner frequency of 240 Hz. The
latter frequency Is 



differentfrom the 200 Hz cornerfrequency of corresponding low-pass filter
480 of the Figure 14 embodiment because different preferred value
components are used. The inputfilter49OAoflow-frequencyfixed-band sub- 55
stage 328A in high-level stage 310, with combined low frequency band
defining and low-frequency spectral skewing functions, has a voltage
transfer function in the Laplace domain substantially of the form: 26    EP
0 469 033 B1 [err] [err] where e[rr] = 240 Hz. The network may be
implemented using well-known operational amplifier active filtertechniques.
The same network in the side-path of the expander (not shown) provides
complemen- 5   tary de-skewing. The low-frequency spectral skewing network
360Aof the Figure 18 embodiment operates at lowerfrequen- cies than the
corresponding network In the embodiments of Figures 7 and 14. However, the
effect of low-fre- quency spectral skewing filter 360A of the Figure 18
embodiment is greater at very low frequencies than that of the
low-frequency spectral skewing filter of the other two embodiments because
filter 360A has a simple 10  high-pass characteristic rather than a shelf
characteristic. This change in characteristic is made possible by location
the spectral skewing filter In the side path, where there is no need to
limit Its action in order to be able to generate an accurate complementary
characteristic In decode mode. High-frequency spectral skewing is provided
by networks 342A and 344A. Again, separate circuit blocks are shown in
Figure 18, but a practical embodiment of the circuit can use the
configuration shown in Figure 15  14, in which a single band-pass filter
(403 in Figure 15) in the input of each of the high-frequency action-sub-
stitution sub-stages 324 and 326 in Figure 14 serves as both the
high-frequency spectral skewing network and the action-substitution
sub-stage high-frequency band defining input filter. Alternatively,
separate filters can be used to provide the spectral skewing and
high-frequency band defining filter functions. In a practical version of
the Figure 18 embodiment, the input band-pass filter 403A (Figure 19) of
high- 20  frequency action substitution sub-stage 324A of high-level stage
310A has a single-pole high-pass (high- frequency band defining)
characteristicwith a cornerfrequency at 406 Hz, and a single-pole low-pass
(spectral skewing) characteristicwith a cornerfrequency at 12.6 kHz. The
slight difference in the these frequencies from the corresponding
frequencies used in block 403 of the Figure 14 embodiment is simply a
result of using com- ponents with different preferred values. Input filter
403A of the high-frequency action-substitution sub-stage 25  324A of
high-level stage 31 OA, with combined high-frequency band def ining filter
and high-frequency spectral skewing function, has a voltage transfer
function in the Laplace domain substantially of the form: [err] [err] where
[err] 12,600 Hz. 30      The input band-pass filter 403A (Figure 15) to the
high-frequency action substitution sub-stage 326A in low-level stage 312A
has a single-pole high-pass (high-frequency band defining) characteristic
with a corner frequency at 406 Hz, and a double-pole low-pass (spectral
skewing) characteristic with a corner frequency at 13.3 kHz. The slight
difference in the firstof these frequencies from the corresponding
frequency In block 403 of the Figure 14 embodiment is simply a result of
using components with different preferred values. 35      The slope of the
low-pass characteristic of band-pass filter 403A changes to a single pole
characteristic at frequencies above 48 kHz. This causes some reduction of
the spectral skewing effect at ultrasonic frequen- cles, such as tape
recorder bias frequency. However, even with the reduced spectral skewing
effect, the Figure 18 embodiment remains considerably superior to other
noise reduction systems and the Figure 10 configura- tions in avoiding
tracking errors caused by bias and other ultrasonic signals. The main
advantage of reducing 40  the slope of the spectral skewing characteristic
at ultrasonic frequencies is that it increases the margin of sta- bility of
the decoder (when an encoder is typically placed in the feedback loop of a
high-gain amplifier). Input filter 403A of the high-frequency action
substitution sub-stage (326A) of low-level stage 312A, with combined
high-frequency band defining filter and high-frequency spectral skewing
functions, has a voltage transfer function in the Laplace domain
substantially of the form: 45                           [err] [err] where
[err]= 13,300 Hz, and Q = 0.88. These networks may also be implemented
using well-known operational amplifier active filter techniques. The same
networks in the corresponding side-paths of the expander (not shown)
provide complementary de- 



50 skewing. The main paths of low-level and high-level stages 31 OA and
312A respectively include respective antisa- turation networks 356A and
358A. Both networks provide high-frequency antisaturation action;
additionally, antisaturation network356Ain high-level stage 310Aprovides
low-frequency antisaturation action, substituting forthe antisaturation
effect lost by moving the low-frequency spectral skewing network 36OAto the
side-path. Combined low-frequency and high-frequency antisaturation network
356A has an overall band-pass-like characteristic. The low-frequency
antisaturation effect is provided by a single-pole shelf characteristic
with an upper corner frequency at 150 Hz and a lower corner frequency at
60Hz. These frequencies are considerably 27    EP 0469033 B1 higherthan
those used in low-frequency spectral skewing network 340 in the Figure 14
embodiment. However, low-frequency spectral skewing network 340 (Figure 14)
is located at the compressor input, whereas anti- saturation network 356A
(Figure 18) is located in the main path, where its action is diluted by the
non-attenu- ated low-frequency signal from low-frequency band 328A in the
side path. With the corner frequencies stated 5   above, low-frequency
partof antisaturation network 356Areduces the overall level of the signal
at compressor output 361A by about the same amount as low-frequency
spectral skewing network 340 reduced it in the Figure 14 embodiment. At an
input level of 5 dB above reference level (200 nWb/m for cassette tapes),
the low-fre- quency part of antisaturation network 356A reduces the signal
level at compressor output 361A by about 3 dB at 50 Hz, which effectively
cancels out the troublesome 3180 [err] low-frequency record pre-emphasis
required 10  by the l.E.C standard for cassette tapes. A greater
low-frequency antisaturation effect is obtained at higher levels; at lower
levels, the effect is reduced. The high-frequency antisaturation effect of
block 356A in high-level stage 310A is provided by a high- frequency notch
characteristic with a notch frequency of 25 kHz instead of the simple
single-pole shelf char- acteristic used in the Figure 14 embodiment. Above
25 kHz, the attenuation of the notch filtergradually reduces 15  to zero,
which usefully increases the margin of stability of the decoder (when an
encoder is typically placed in the feedback loop of a high-gain amplifier)
compared with the Figure 14 shelf characteristic. The resulting re- duction
in the amount of anti-saturation effect at ultrasonic frequencies does not
give rise to appreciable tape overload problems at such frequencies mainly
because the normal record amplifier configuration used in most consumer and
semi-professional tape recorders has a greatly reduced response at such
frequencies. Moroe- 20  over, the shelf characteristic is retained in the
low-level stage and produces about 10 dB of antisaturation effect at such
frequencies. Antisaturation network 356A has a voltage transfer function in
the Laplace domain substantially of the form: [err] 25
[err] where [err]=25,000 Hz, and Q = 0.707. Antisaturation network 358A
provides high-frequency antisaturation in low-level stage 312A and is a
sin- gle-pole shelf network, similar to antisaturation network 358 in the
Figure 14 embodiment. However, the lower cornerfrequency has been moved up
from 5 kHz to kHz. The depth of the shelf remains essentially unchanged. 30
Antisaturation network 358A has a voltage transfer function in the Laplace
domain substantially of the form: [err] [err] where [err] = 17,600 Hz.
Complementary antisaturation networks are located in the expander (not
shown). 35      Figure 19 shows the preferred embodiment of the
high-frequency action substitution sub-stages 324A and 326A (Figure 18) of
the high-level stage 310A and the low-level stage 312A respectively,
including both the steady-state and transient control aspects of the
circuit. To save repetition, only the differences between the Figure 19
embodiment and the Figure 15 embodiment will be discussed. Corresponding
elements in Figures 15 and 19 bear related reference numerals, the Figure
19 reference numerals adding the letter A to the nu- 40  merals used in
Figure 15. The differences between the input band-pass filter 403 of Figure
15 and the input band-pass filter 403A of Figure 18 have already been
described in connection with the above description of high-frequency
spectral skewing. The corner frequency of filter 461A is changed from 6 kHz
to 8 kHz in high-level stage 310A (Figure 18) 45  only. The corner
frequency of filter 461A in low-level stage 312A (Figure 18) remains at 6
kHz. Staggering the 



corner frequencies gives in an improved compromise between sensitivity of
sliding band control circuit 456A to noise and high-frequencies compression
ratio. The limit circuit 486 in fixed-band control circuit 418 of Figure 15
is omitted from the embodiment of Figure 19. Sliding-band control
circuit456A retains limit circuit 477Ato prevent excessive sliding of the
band, however. 50      Because many kinds of signal compressors and
expanders have level-dependent action, it is customary to define their
action at levels relative to a reference level. The reference level in such
devices invented by one of the inventors (Dolby) is generally referred to
as "Dolby" level. The following voltage transfer function equations include
[err] term which enables their transfer function to be calculated for any
value of Dolby level. Transfer functions given elsewhere in this
specification omit the [err]term, but are valid for a Dolby level of 1 55
Volt RMS. The voltage transfer function, at any level relative to a
reference signal level, of the high-level, high- frequency fixed-band
compressor in the Laplace domain is of the form: 28    EP 0 469 033 B1
[err] where [err] is the fixed-band shelf filter zero frequency = 12,800
Hz, [err] is the fixed-band shelf filter pole frequency = 3,200 Hz, 10
[err] is the control circuit gain = 200, [err] is the RMS reference level
voltage, [err] is the control element offset voltage = 3.6. The voltage
transfer function, at any level relative to the reference signal level, of
the low-level, high- frequency fixed-band compressor in the Laplace domain
Is of the form: 15 [err]                  1                     [err] [err]
20 where [err] is the fixed-band shelf filter zero frequency = 12,800 Hz,
[err] is the fixed-band shelf filter pole frequency = 3,200 Hz, 25
[err] is the control circuit gain = 663, [err] Is the RMS reference level
voltage, [err] is the control element offset voltage = 6.0. The voltage
transfer function, at any level relative to the reference signal level, of
the high-level, high- frequency sliding band compressor In the Laplace
domain is of the form: 30 [err] [err] 35
[err] where [err] is the lower corner frequency of the sliding-band
variable high-pass shelf filter = 200 Hz, [err] is the control path gain =
1,610, 40        [err] is the RMS reference level voltage, N is the control
element power = 1.5, [err]is the side-path signal gain = 3.05, The voltage
transfer function, at any level relative to the reference signal level, of
the low-level, high- frequency sliding band compressor In the Laplace
domain Is of the form: 45 [err] 50
[err] where [err] is the lower corner frequency of the sliding-band
variable high-pass shelf filter = 200 Hz, [err] is the control path gain =
4,900, 55        [err] is the RMS reference level voltage, N Is the control
element power = 1.5, 



ASCL is the side-path signal gain = 3.4. Figure 20 shows the preferred
embodiment of the low-frequency sub-stage 328A (Figure 18), including 29
EP 0 469 033 B1 both the steady-state and transient control aspects of the
circuit. The Figure 20 embodiment is identical to the Figure 16 embodiment,
except for the two changes discussed below. Corresponding elements in
Figures 16 and 20 bear related reference numerals, the Figure 20 reference
numerals adding the letterA to the numerals used in Figure 16. 5      The
differences between the input low-pass filter 480 of Figure 16 and the
input band-pass filter 490A of Figure 20 have already been described in
connection with a description of low-frequency spectral skewing. The limit
circuit 524 and diode 522, which, in the Figure 16 embodiment, was added to
the Figure 10 em- bodiment to limit the maximum amplitude of the
low-frequency fixed-band control signal, has been found to be unnecessary
and has thus been removed from the Figure 20 embodiment 10      The voltage
transferfunction, at any level relative to the reference signal level, of
the low-frequency fixed- band compressor in the Laplace domain is of the
form: [err] 15                       [err] where [err] is the control
circuit gain = 213, 20        [err]is the RMS reference level voltage,
[err] is the control element offset voltage = 6.0. The modulation control
signals for the embodiment shown in Figures 18, 19 and 20 are derived as
shown in Figure 17, and will therefore not be discussed further. Figure 21
shows a plot of output level against frequency at different input levels
for a computer model of 25  the compressor shown In Figures 18-20. The
level-dependent Influence of the antisaturation networks (high- level) and
spectral skewing (low-level) on the overall characteristic can be seen by
comparing the high-level and low-level curves. Figure 22 shows a plot of
compression ratio against Input level (Figure 22A) or output level (Figure
22B) at various different frequencies in the high frequency band for a
computer model of the compressor shown in 30  Figures 18-20. It can be seen
that the compressor acts over a wide range of input levels, but its action
at high levels (about 10 dB and up), at which errors are most audible and
level-dependent errors are most likely to occur, is considerably less than
at medium levels (between about-40 dB and about -15 dB), where errors are
less likely to occur and to be audible. There is also very little action at
low input levels (below about -45 dB) where noise could cause errors if
there were action. 35      Note thatthe range of input levels atwhich
significant dynamic action occurs (a compression ratio of about 1.5 or
greater) is about -50 dB to about -5 dB or -10 dB (a range of about 40 to
45 dB) In comparison to the range of output levels at which significant
dynamic action occurs which is about -30 dB to -10 dB (a range of about 20
dB). This illustrates the nominal 24 dB compression in the high-frequency.
More rigorously, compres- sion is determined by comparing the area under
the respective input and output curves. 40      Thus, as Illustrated in
Figures 22A and 22B, the compressor of Figures 18-20 acts over a wide range
of Input signal levels, a range of levels which, as expressed In decibels,
is about twice the range of its compressed output. Similar performance is
provided by the other compressor and expander arrangements and set forth In
this patent specification. It is an important quality of the compressors
and expanders of the present invention to provide dynamic 45  action in a
high-frequency band overa wide range of inputsignal levelswhile providing
nodynamicaction (fixed gain) at high and low Input signal levels (e.g., a
bi-linear" characteristic as explained In US-PS 4,736,433) with- out
significant accompanying increases of the overall maximum compression (or
expansion) ratio. In the em- bodiments disclosed, this result is achieved
bystaggering of the high level and low level stages. However, sim- llar
results might also be obtainable using single stage arrangements
particularly if digital signal processing 50  techniques are employed.
Thus, in its broadest context, the invention is not limited to the use of
staggered high-frequency stages in cascade. Figure 23 shows a plot of
compression ratio against input level (Figure 23A) or output level (Figure
23B) at 200 Hz for a computer model of the compressor shown in Figures
18-20. Although a signal at 200 Hz is affected primarily by the action of
the low-frequency band sub-stage of the compressor, it is also affected 55
somewhat by the high-frequency sub-stages due to the overlap of the
characteristic actions. Thus, the com- 



pression at 200 Hz is somewhat greater than the maximum 10 dB provided by
the low-frequency sub-stage. Inspection of Figure 23Aand 23B showsthata
lowfrequencles such as 200 Hz, where compression results primarily from
action of a single sub-stage, the compressor acts over a narrower range of
input levels than it 30    EP 0 469 033 B1 does at higher frequencies.
Because the medium levels at which the compressor acts at low frequencies
are narrower, the high level and low level regions at which there is little
or no action are greater. The compressor at low frequencies thus also
exhibits the desired bi-linear characteristic. The maximum compression
ratio in the high-frequency region (Figures 22A and 22B) is about 2.4,
which is not significantly greater than the com- 5   pression ratio of
about 1.8 to 1.9 in the low-frequency region. The compressor shown in
Figures 18-20 and its complementary expander have been practically embodied
in a set of three linear integrated circuits, and a single-chip embodiment
is in development. In addition, the factthat all the parameters in the
circuit are defined in precise mathematical terms means that the compressor
and expander could have a digital embodiments. This would be especially
useful if, for instance, the signal to 10  be recorded already existed in
digital form. Alternatively, an analog signal could be digitized using an
analog- to-digital convertor. The digital signal would be processed using a
digital signal processor, the processor being programmed to manipulate the
digital signals according to the mathematical definitions stated herein.
Finally, the mathematically manipulated (i.e. compressed) signal would be
re-converted to an analog signal which would be recorded on tape in the
normal way. In playback, the signal from the playback head would be am- 15
plified and converter into digital form. It would then the mathematically
manipulated by the digital signal proc- essor to realize the required
expander characteristic. Normal playback equalization could be applied
either to the analog signal in the playback amplifier, or by an additional
mathematical manipulation of the digital signal In the digital signal
processor. Finally, the digital signal would be re-converted to an analog
signal. Because a considerable amount of effort is going into developing
low-cost, high-quality analog-to-digital 20  convertor, digital-to-analog
convertor and digital signal processing chips, such an approach may
eventually have cost advantages over the very complex linear integrated
circuit required for an all-analog embodiment of the compressor and
expanders described herein. A further possibility would be to perform all
the signal processing in the analog domain, but to realize all the control
circuits in the digital domain. 25 Claims 1. A circuit for modifying the
dynamic range of an audio signal, namely a compressor or an expander, com-
30       prising means for compressing the audio signal, in the case of a
compressor, or for expanding the audio signal, in the case of an expander,
by up to about 10 dB in a low-frequency band extending generally from about
200 Hz downward, said means for compressing or expanding the audio signal
in a low-frequency band having a fixed-band characteristic, and 35
means for compressing the audio signal, in the case of a compressor, or for
expanding the audio signal, in the case of an expander, by up to about 24
dB in a high-frequency band extending generally from about400 Hz upward,
said means forcompressing or expanding the audio signal in a high-frequency
band having a fixed-band/sliding-band action-substitution characteristic.
40  2. A circuit according to claim 1 wherein said high-frequency band is
defined by a double-pole filter charac- teristic having a corner frequency
of about 400 Hz and said low-frequency band is defined by a single- pole
filter characteristic having a corner frequency of about 200 hz, whereby
there is a broad frequency overlap in the operation of said means for
compressing or expanding the audio signal in a high-frequency band and said
means for compressing or expanding the audio signal in a low-frequency
band. 45 3. A circuit according to claim 1 or 2 wherein said means for
compressing or expanding the audio signal in a low-frequency band comprises
a fixed-band sub-stage and wherein said means for compressing or ex-
panding the audio signal In a high-frequency band comprises a first
action-substitution sub-stage and a second action-substitutionsub-stage,
each of saidaction-substitution sub-stages having afixed-band cir- 50
cult and a sliding-band circuit. 4. A circuit according to claim 3 wherein
said first and second action-substitution sub-stages are cascaded in
series, the dynamic action levels of the respective action-substitution
sub-stages being staggered so as the increase the dynamic action without
significant accompanying increases of the maximum com- 



55       pression or expansion ratio of the overall circuit. 5. A circuit
according to claim 3 or 4 wherein said f ixed-band sub-stage and either
said first action-substi- tution sub-stage or said second
action-substitution sub-stage constitute a first stage and said other ac-
31    EP 0 469 033 B1 does at higher frequencies. Because the medium levels
at which the compressor acts at low frequencies are narrower, the high
level and low level regions at which there is little or no action are
greater. The compressor at low frequencies thus also exhibits the desired
bi-linear characteristic. The maximum compression ratio in the
high-frequency region (Figures 22A and 22B) is about 2.4, which is not
significantly greater than the com- 5   pression ratio of about 1.8 to 1.9
in the low-frequency region. The compressor shown in Figures 18-20 and its
complementary expander have been practically embodied in a set of three
linear integrated circuits, and a single-chip embodiment is in development.
In addition, the fact that all the parameters in the circuit are defined In
precise mathematical terms means that the compressor and expander could
have a digital embodiments. This would be especially useful if, for
instance, the signal to 10  be recorded already existed In dig ital form.
Alternatively, an analog signal could be digitized using an analog-
to-digital convertor. The digital signal would be processed using a digital
signal processor, the processor being programmed to manipulate the digital
signals according to the mathematical definitions stated herein. Finally,
the mathematically manipulated (i.e. compressed) signal would be
re-converted to an analog signal which would be recorded on tape in the
normal way. In playback, the signal from the playback head would be am- 15
plified and converter into digital form. It would then the mathematically
manipulated by the digital signal proc- essorto realize the required
expander characteristic. Normal playback equalization could be applied
either to the analog signal in the playback amplifier, or by an additional
mathematical manipulation of the digital signal in the digital signal
processor. Finally, the digital signal would be re-converted to an analog
signal. Because a considerable amount of effort is going into developing
low-cost, high-quality analog-to-digital 20  convertor, digital-to-analog
convertor and digital signal processing chips, such an approach may
eventually have cost advantages over the very complex linear integrated
circuit required for an all-analog embodiment of the compressor and
expanders described herein. A further possibility would be to perform all
the signal processing in the analog domain, but to realize all the control
circuits in the digital domain. 25 Claims 1. A circuit for modifying the
dynamic range of an audio signal, namely a compressor or an expander, com-
30      prising means for compressing the audio signal, in the case of a
compressor, or for expanding the audio signal, in the case of an expander,
by up to about 10 dB In a low-frequency band extending generally from about
200 Hz downward, said means for compressing or expanding the audio signal
in a low-frequency band having a fixed-band characteristic, and 35
means for compressing the audio signal, In the case of a compressor, or for
expanding the audio signal, in the case of an expander, by up to about 24
dB in a high-frequency band extending generally from about400 Hz upward,
said means for compressing or expanding the audio signal in a
high-frequency band having a fixed-band/sliding-band action-substitution
characteristic. 40  2. A circuit according to claim 1 wherein said
high-frequency band is defined by a double-pole f ilter charac- teristic
having a corner frequency of about 400 Hz and said low-frequency band is
defined by a single- pole filter characteristic having a corner frequency
of about 200 hz, whereby there is a broad frequency overlap in the
operation of said means for compressing or expanding the audio signal in a
high-frequency band and said means for compressing or expanding the audio
signal in a low-frequency band. 45 3. A circuit according to claim 1 or 2
wherein said means for compressing or expanding the audio signal in a
low-frequency band comprises a fixed-band sub-stage and wherein said means
for compressing or ex- panding the audio signal In a high-frequency band
comprises a first action-substitution sub-stage and a second
action-substitution sub-stage, each of said action-substitution sub-stages
having a fixed-band cir- 50      cuit and a sliding-band circuit. 4. A
circuit according to claim 3 wherein said first and second
action-substitution sub-stages are cascaded in series, the dynamic action
levels of the respective action-substitution sub-stages being staggered so
as the Increase the dynamic action without significant accompanying
Increases of the maximum com- 



55       pression or expansion ratio of the overall circuit. 5. A circuit
according to claim 3 or 4 wherein said f ixed-band sub-stage and either
said first action-substi- tution sub-stage or said second
action-substitution sub-stage constitute a first stage and said other ac-
31 11111111 111111 111111111111111 *   C   L  M   S   *    EP 0 46 033 B1
tion-substitution sub-stage constitutes a second stage. 6. A circuit
according to claim 5 wherein said first and second stages are each
dual-path circuits wherein in said first stages the action-substitution
sub-stage Is in a first side path and said fixed-band sub-stage is 5
in a second side path and in said second stage the action-substitution
sub-stage is in a side path. 7.  A circuit according to claim 6, said
circuit further comprising a high-frequency spectral skewing network in the
input of each of the action-substitution sub-stage, and a low-frequency
spectral skewing network. 8.  A circuit according to claim 7 wherein each
spectral skewing network has a characteristic such that its 10
attenuation increases as the frequency becomes further removed from the
center of the audio frequency range. 9.  A circuit according to claim 7 or
8 wherein said low-frequency spectral skewing network has a high-pass
response with a corner frequency of about 33 Hz. 15 10. A circuit according
to claim 9 wherein said fixed-band substage has a band defining filter in
its input path, said low-frequency spectral skewing network and band
defining filter being combined in a single band- pass filter. 20   11. A
circuit according to claim 10 wherein said band-pass filter has a voltage
transferfunction in the Laplace domain substantially of the form [err]
[err] where [err] = 33 Hz, and f2 = 240 Hz. 25 12. A circuit according to
any of claims 7 through 11 wherein said high-frequency spectral skewing
networks have low-pass filter responses with a corner frequency of about
12.8 kHz. 13. A circuit according to claim 12 wherein each
action-substitution sub-stage has a band defining filter in its 30
input path, each high-frequency spectral skewing network and band defining
filter being combined in a single band-pass filter. 14. A circuit according
to claim 13 wherein the spectral skewing low-pass characteristic of the
band-pass filter of one of the action-substitution sub-stages has a
single-pole filter response and the spectral skewing 35      low-pass
characteristic of the band-pass filter of the other of the
action-substitution sub-stages has a double-pole filter response up to a
particular frequency and a single-pole filter response beyond that fre-
quency. 15. A circuit according to claim 14 wherein the band-pass filter of
said one of the action-substitution sub-sta- 40       ges has a voltage
transfer function in the Laplace domain substantially of the form [err]
[err] where [err] = 406 Hz, and f2 = 12,600 Hz, and the band-pass filter of
said other of the action-substitution sub-stages has a voltage
transferfunction 45      in the Laplace domain substantially of the form
[err] [err] where [err] = 406 Hz, and Q = 0.88. 50   16. A circuit
according to any of claims 6 through 15 wherein, in the case of a
compressor, said first stage further comprises a low-frequency
antisaturation network and a first high-frequency antisaturation net- work
in its main path and said second stage further comprises a second
high-frequency antisaturation network in its main path and, in the caseof
an expander, said firststagefurthercomprises a low-frequency antisaturation
network having a characteristic that is substantially complementary to that
of the corre- sponding antisaturation network in the first stage of the
compressor, and a first high-frequency antisa- turation network in Its main
path having a characterised that is substantially complementary to that of 



the corresponding antisaturation network in the first stage of the
compressor and said second stage fur- ther comprises a second
high-frequency antisaturation network in its main path having a
characteristic 32 11111111 111111 11111 11111 11111 *   C   L   M   S   *
EP 0 469 033 B1 that is complementary to that of the antisaturation network
in the second stage of the compressor. 17. A circuit according to claim 16
wherein, in the case of a compressor, said low-frequency antisaturation
network has a high-pass shelving response, and 5             said second
high-frequency antisaturation network has a low-pass shelving response, and
in the case of an expander, said low-frequency antisaturation network has a
response complementary to a high-pass shelving response, and said second
high-frequency antisaturation network has a response complementary to a
low-pass 10      shelving response. 18. A circuit according to claim 17
wherein, In the case of a compressor, said low-frequency antisaturation
network has a voltage transfer function in the Laplace domain substantially
of the form [err] 15                                       [err] where
[err] = 60 Hz and f2 = 150 Hz. and said second high-frequency
antisaturation network has a voltage transfer function in the Laplace do-
main substantially of the form [err] 20
[err] where [err] 17,600 Hz and, in the case of an expander, said
low-frequency antisaturation network and said second high-frequency
antisaturation network, respectively, each have a voltage trans- fer
function substantially complementary to that of the corresponding
antisaturation network in the com- pressor. 25 19. A circuit according to
any of claims 3 through 18 wherein each action-substitution sub-stage
includes a sensitivity-reducing filter for reducing the sensitivity of the
fixed-band circuit located In the Input path of the fixed-band circuit. 30
20. A circuit according to any of claims 3 through 18 wherein, in each
action-substitution stage, the fixed- band circuit and the sliding-band
circuit each has a control circuit for controlling its dynamic action, the
input of the sliding-band control circuit being derived from the output of
the sliding-band circuit and the Input of the fixed-band control circuit
being derived from the output of the fixed-band circuit through a
sensivity-reducing filter for reducing the sensitivity of the fixed-band
control circuit. 35  21. A circuit according to claim 19 or2O wherein the
sensitivity-reducing filter is a low-pass filter with a shelv- ing
response. 22. A circuit according to claim 21 wherein the
sensitivity-reducing filter has a voltage transfer function in the Laplace
domain substantially of the form 40
[err] [err] where f2 is the filter zero frequency, and fa is the filter
pole frequency. 45 23. A circuit according to claim 22 wherein the pole
frequency of the sensitivity-reducing filter is about 3.2 kHz and the zero
frequency of the sensitivity-reducing filter is about 12.8 kHz. 24. A
circuit according to any of claims 3 through 23 wherein, in each
action-substitution sub-stage, 50            the fixed-band circuit and the
sliding-band circuit each has a variable elementfor determining the dynamic
action of the circuit the variable element being controlled by a control
circuit, the variable element and control circuit combination in the
fixed-band circuit having substantially an exponential characteristic, and
the variable element and control circuit combination in the sliding-band
circuit having substantially 



55       a fixed power law characteristic. 25. A circuit according to claim
24 wherein, in each action-substitution sub-stage, the control circuit of
the fixed-band circuit and the control circuit of the sliding-band circuit
each generates a control signal and 33    EP 0 469 033 B1 includes means
for limiting the maximum amplitude level of the control signal. 26.
Acircuitaccordingtoclaim24incombinationwith claim 19wherein Ineach
action-substitutionsub-stage, the variable elementand control circuit
ofeach fixed-band circuitfurtherincludes an offsetvoltage, 5
each fixed-band circuit has a voltage transfer function in the Laplace
domain substantially of the form [err] 10 [err] where 15            f2 is
the fixed-band shelf filter zero frequency, [err] is the fixed-band shelf
filter pole frequency, [err] Is the high-frequency fixed-band control
circuit gain, [err] is the RMS reference level voltage, and [err] Is the
variable element and control circuit offset voltage; and 20            each
sliding-band circuit has a voltage transfer function in the Laplace domain
substantially of the form [err] 25 [err] where 30            [err] is the
lower corner frequency of the sliding-band variable high-pass shelf filter,
[err] is the sliding-band control circuit gain, [err]is the RMS reference
level voltage, N is the fixed power of the sliding-band variable element
and control circuit, and [err] is the signal gain of the side-path, 35
the variable element and control circuit of the fixed-band sub-stage
further includes an offset vol- tage, and thefixed-band sub-stage has
avoltage transferfunction in the Laplace domain substantially of the form
40 [err]            1 45 where [err] is the control circuit gain, [err] is
the RMS reference level voltage, and [err] is the control element offset
voltage. 50 27. A circuit according to claim 28 wherein the parameter
values are approximately: 55 34 * C   L   M   S *    EP 0 469 033 B1
=200said first stage, and =  663 in said second stage 5
[err]  = 1,610 in said first stage, and = 4,900 in said second stage,
[err]= 3.6 V in said first stage, and 



10                           - 6.0 V in said second stage, N   -1.5, [err]=
3.05 in said first stage  and - 3.4 in said second stage, 15
[err] = 213, and [err]= 6.0. 28. Acircuit according to anyof claims 24
through 27 wherein each variable element hasa linearcharacteristic 20
and each respective control circuit includes a non-linear circuit providing
the desired exponential or fixed power law characteristic. 29. A method for
modifying the dynamic range of an audio signal, namely by compressing or
expanding, com- prising 25           compressing or expanding the audio
signal with a fixed-band characteristic by up to about 10 dB in a
low-frequency band extending generally from about 200 Hz downward, and
compressing orexpanding the audio signal with afixed-band/sliding-band
action-substitution char- acteristic by up to about 24 dB in a
high-frequency band extending generally from about 400 Hz upward. 30  30. A
method according to claim 29 wherein said high-frequency band is defined by
a double-pole filter char- acteristic having a corner frequency of about
400 Hz and said low-frequency band is defined by a single- pole filter
characteristic having a corner frequency of about 200 Hz, whereby there is
a broad frequency overlap in the compressing or expanding of the audio
signal in said high-frequency band and the com- pressing or expanding of
the audio signal in said low-frequency band. 35 PatentansprOche 1.
Schaltung zur Modifizierung des Dynamikbereichs eines Audiosignals, namlich
Kompressor oder Expan- 40      der, umfassend eine Einrichtung zur
Komprimierung des Audiosignals im Fall eines Kompressors oder zur Expan-
dierung des Audbosignals im Fall eines Expanders um bis zu etwa 10dB in
einem Niederfrequenzband, das sich allgemein von etwa 200Hz nach unben
erstreckt, wobei die Einrichtung zum Komprimieren oder Expandleren des
Audiosignals in elnem Niederfrequenzband elne Festbandcharakteristik
aufweist und 45           eine Einrichtung zum Komprimleren des
Audiosignals Im Falle eines Kompressors oder zum Ex- pandieren des
Audiosignals im Fall eines Expanders um bis zu etwa 24dB in einem
Hochfrequenzband, das sich aligemein von etwa 400Hz nach oben erstreckt,
wobei die Einrichtung zum Komprimieren oder Expandieren des Audiosignals in
einem Hochfrequenzband eine Festband/Gleitband-Wirkungsaus-
tauschcharakteristik aufwelst. 2. Schaltung nach Anspruch 1, bei der das
Hochfrequenzband von einer Doppelpolfiltercharakterlstik defi- niert wird,
die eine Eckfrequenz von etwa 400Hz aufweist, und das Niederfrequenzband
von elner Ein- polfiltercharakteristik definlert wird, die eine Eckfrequenz
von etwa 200Hz aufweist, wodurch sich eine breite Frequenz0berlappung beim
Betrieb der Einrichtung zum Komprimieren oder Expandleren des Au- 55
dlosignals in einem Hochfrequenzband und der Einrichtung zum Komprimieren
oder Expand ieren des Au- diosignals in einem Nlederfrequenzband ergibt 3.
Schaltung nach Anspruch I oder 2, bel der die Einrichtung zum Komprimieren
oder Expandieren des Au- 35 I lIII11 111,11 11111111 1111 *C  L  M   S
EP0469033B1 diosignals in einem Niederfrequenzband eine Festband-Unterstufe
umfaSt, und be! der die Einrichtung zum Komprimieren oder Expandieren des
Audbosignals in elnem Hochfrequenzband eine erste Wirkungs-
auatausch-Unterstufe und sine zwelte Wirkungsaustausch-Unterstufe umfait
und jede der Wirkungsaus- tausch-Unterstufen eine Festbandachaltung und
eine Gleltbandschaltung aufweist 5 4.  Schaltung nach Anspruch 3, be! der
die erste und die zweite Wirkungsaustausch-Unterstufe in Reihe ge- schaltet
sind und die Dynamikwirkungspegel derjeweiligen
Wirkungsaustausch-Unterstufen so gestaffelt sind, daB die Dynamikwirkung
ohne signifikante begleitende Zunahmen des maximalen Kompressions - oder
Expanslonsverhaltnisses der Gesamtschaltung erh6ht wird. 10 5.  Schaltung
nach Anspruch 3 oder 4, be! der die Festband-Unterstufe und entweder die
erste Wirkungs- 



austausch-Unterstufe oder die zweite Wirkungsaustausch-Unterstufe eine
erate Stufe bMden und die an- dere Wirkungsaustausch-Unterstufe eine zweite
Stufe blidet. s   6.  Schaltung nach Anspruch 5, be! der die erste Stufe
und die zweite Stufeje Zweiwegschaltungen sind, wo- bel in der ersten Stufe
die Wirkungsaustausch-Untbrstufe sich in einem ersten Seitenweg befindet
und die Festband-Unterstufe In einem zwelton Seitenweg und in der zweiten
Stufe die Wirkungs-Austausch- Unterstufe in einem Seitenweg befindet. 7.
Schaltung nach Anspruch 6, die ferner am Eingang Jeder der
Wirkungsaustausch-Unterstufe ein Netz- 20      werk fOr hochfrequentes
Spektralskewing aufweist sowie ein Netzwerk fMr niederfrequentes
Spektralskewing aufwelst 6.  Schaltung nach Anspruch 7, bei derjedes
Spektralskewing-Netzwerk eine solche Charaktristik hat, daB seine
Abschwachung mit zunehmender Entfernung der Frequenz von der Mitte des
Audiofrequenzberei- 25      ches zunimmt 9.  Schaltung nach Anspruch 7 oder
8, bei der das Netzwerk fOr niederfrequentes Spektralskewing eine
Hochpalantwort mit einer Eckfrequenz von etwa 33Hz aufweist 30  10.
Schaltung nach Anspruch 9, bei der die Festband-Unterstufe In Ihrem
Eingangspfad ein band- definierendes Filter aufweist, wobel das Netzwerk
fOr niederfrequentes Spektralskewing und das band- definierende Filter zu
einem einzigen Bandpalfilter kombinlert sind. 11. Schaltung nach Anspruch
10, bei der das Bandpa~filter eine Spannunga0bertragungsfunktions im La- 35
place-Transformierten Bereich im wesentlichen in der Form VO(s) =   s/2nf9
1 Vin(s)   1 + s/2xf1 1 + sl2nf2 aufwebt, wobei f, = 33 Hz und f2 = 240 Hz
sind. 40  12. Schaltung nach elnem der Ansprflche 7 bis 11, beo der die
Netzwerke fOr hochfrequentbs Spekralskewing Tiefpa~filterantworten mit
einer Eckfrequenz von etwa 12,8 kHz aufwelsen. 13. Schaltung nach Anspruch
12, bei der jode Wirkungsaustausch-Unterstufe in ihrem Elngangspfad ein
band-definierendes Filter enthalt und jedes Netzwerk fOr hochfrequentes
Spektralskewing und band- 45      definierendes Filter In einem einzigen
Bandpaof liter kombiniert sind. 14. Schaltung nach Anspruch 13, bel derdie
Spektralskewing-Tiefpaicharakteristikdes BandpaMf liters einer der
Wirkungsaustausch-Unterstufen   elne   Einpolfilterantwort  und   die
Spektralskewing- Tiefpalcharakterlstik des BandpaMfliters der anderen
Wirkungsaustausch-Unterstufen eine Doppelpol- filbtrantwort bis zu einer
speziellen Frequenz und elne Einpolfilterantwort jenseits dieser Frequenz
auf- 50      weisen. 15. Schaltung nach Anspruch 14, bel der das Band
palfilter der einen der Wirkungsaustausch-Untbrstufen eine
Spannungsibertragungsfunktilon Im Laplace-Transformlerten Berelch im
wesentlichen der Form Vo(s) =   9/2id1     1 ss
Vi,(s)   I + a/20f1 I + s/2xf2 aufweist, wobel f1 = 406 Hz und f2 = 12600
Hz sind, und das Bandpaaf liter der anderen der
Wirkungsaustausch-Unterstufen eine Span nungsflbertra- 36
_ I      L11|  Illl 111111111    EP 0 469 033 B1 gungsfunktion im
Laplace-Transformiertsn Bereich Im wesentlichen der Form VO(s) =  S/2nf
+   I + sI20f2 V1,(s)   I + sW2WIt  1 + (sQ-24) + (6/2%f3)2 aufweist, wobei
f1 = 406 Hz, f2 = 48000 Hz, f3 = 13300 Hz und Q = 0,88 sind. 5 16 Schaltung
nach sinem der Ansprflche 6 bis 15, bel der im Fall sines Kompressors die
erste Stufe ferner sin Niederfrequenz-Antisattigungsnetzwerk und sin erstes
Hochfrequenz-Antisattigungsnetzwerk in sei- nem Hauptweg und die zweite
Stufe ferner sin zweites Hochfrequenz-Antisattigungsnetzwerk in seinem
Hauptweg aufweisen, und im Fall sines Expanders die erste Stufe ferner sin
Niederfrequenz-Antisatti- 10      gungsnetzwerk, das sine Charakteristik
hat, die im wesentlichen komplementar zu der des entsprechen- den
Antisattigungsnetzwerks in der ersten Stufe des Kompressors ist, und sin
erstes Hochfrequenz-An- tisfattigungsnetzwerkin seinem Hauptweg aufweist,
des sine Charakteristikhat, die imwesentlichen kom- plementarzu derdes
entsprechendenAntisattigungsnetzwerks derersten Stufe des Kompressors ist,
und die zweits Stufe ferner sin zweltes Hochfrequenz-Antisattigungsnetzwerk
in seinem Hauptweg aufweist, 



1l      des sine Charaktbristik besitzt, die komplementir zu der des
Antisgttigungsnetzwerks der zweiten Stufe des Kompressors let. 17.
Schaltung nach Anspruch 16, bei der im Fall sines Kompressors des
Niederfrequenz-Antlsattigungsnetz- werk sine HochpaB-Shelf-Antwort und des
zwelt Hochfrequenz-Antislttigungsnetzwerk sine TiefpaP&- 20
Shelf-Antwort aufwelsen, und im Fall sines Expanders des
Niederfrequenz-Antislttigungsnetzwerk sine der Hochpall-Shelf-Antwort
komplementire Antwort und des zwelbt Hochfrequenz-Antislttigungsnetz- werk
sine der Tiefpaa-Shelf-Antwort komplementare Antwort aufweisen. 18.
Schaltung nach Anspruch 17, be! der im Fall eines Kompressors das
Niederfrequenz-Antisattigungsnetz- 25      werk sine
Spannungsflbertragungsfunktion im Laplace-Transformierten Bereich im
wesentlichen der Form Vo(s) _ 2nf1 I + 8/20f1 V1n(s)  202 1 + s/2sf2
aufweist, wobei f1 = 60 Hz und f2 = 150 Hz sind, und des zweite
Hochfreqeunz-Antisattigungsnetzwerk 30      eine
Spannungselbertragungsfunktion im Laplace-Transformierten Berelch im
wesentlichen der Form VO(s) _ I + s/2nf8 V1n(s)   1 + 6/2sf7 aufweist,
wobei f6 = 6000 Hz und f7 = 17600 Hz sind, und im Fall sines Expanders des
Niederfrequenz- Antisbttigungsnetzwerk und des zweits
Hochfrequenz-Antisattigunsnetzwerk Je sine jeweillge Span- 35
nungsflbertragungsfunktion aufweisen, die im wesentlichen komplementar zu
der des entsprechenden Antisattigungsnetwerks im Kompressor ist. 19.
Schaltung nach einem der Anspruche 3 bis 18, be! derjede
Wirkungsaustausch-Untbrstufe Im Eingangs- pfad der Festbandschaltung sin
empfindlichkeitsreduzierendes Filter zur Reduzlerung der Empfindlich- 40
keit der Festbandschaltung aufweist. 20. Schaltung nach einem der AnsprOche
3 bis 18, bei in jeder Wirkungsaustauschstufe dbI Festbandschal- tung und
die Gleitbandschaltung Js sine Stuerachaltung zurStbuerung ihrer
Dynamikwirkung aufweisen, des Eingangssignal der Gleitbandsbtuerschaltung
vom Ausgangssignal der Gleltbandschaltung abgslei- 45      tet wird und des
Eingangssignal der Festbandstsuerschaltung vom Ausgangssignal der
Festbandschal- tung Oiber sin empfindlichkeitsreduzierendes Filter zur
Reduzierung der Empfindlichkeit der Festband- stbuerschaltung abgselstst
wird. 21. Schaltung nach Anspruch 19 oder 20, bel dercdas
empfindlichkeitsreduzierende Filter ein TIefpalfilter mit einer
Shelf-Antwort ist. 50 22. Schaltung nach Anspruch 21, bel der das
empflndlichkeitsreduzierende Filter sine Spannungsubertra- gungsfunktion im
Laplace-Transformierten Bereich im wesentlichen der Form V0(s) _ 1 + S/2sf2
V1.(s)   I + 6/203 55       aufweist, wobei f2 die Filbtrnullfrequenz und
f3 die Filterpolfrequenz sind. 37 c   L   N 1111111111111    EP 0 469 033
Bi 23. Schaltung nach Anspruch 22, bei der die Polfrequenz des
empfindlichkeltsreduzierenden Filters etwa 3,2 kHz betragt und die
Nullfrequenz des empfindlichkeitsreduzierenden Filters etwa 12,8 kHz
betragt. 24. Schaltung nach elnem der Ansprflche 3 bis 23, bei der In jeder
Wirkungsaustausch-Unterstufe die Fest- 5       bandschaltung und die
Gleitbandschaltung ji ein veranderbares Element zur Festlegung der Dynamik-
wirkung der Schaltung aufwebsen und das veranderbare Element von einer
Stbuerschaltung gesteuert wird, wobel die Kombination aus verinderbarem
Element und Steuerschaltung in der Feat bandschaltung im wesentlichen eine
exponentielle Charakterstik und die Kombination aus verinderbarem Element
und Steuerschaltung in der Gleitbandschaltung im wesentlichen eine durch
eine feats Potenz bestimmte Cha- 10      raktbristik aufweist. 25.
Schaltung nach Anspruch 24, bel der in jeder Wirkungsaustausch-Unterstufe
die Steuerschaltung der Festbandschaltung und die Steuerschaltung der
Gleitbandschaltung Jo ein Steuersignal erzeugen und Mittel zur Begrenzung
des maximalen Amplitudenwerts des Steuersignals enthalten. 26. Schaltung
nach Anspruch 24 in Kombinatlon mit Anspruch 19, bei der In jeder
Wirkungsaustausch-Un- 



terstufe das veranderbare Element und die Steuerschaltung Jeder
Festbandschaltung eine Offsetspan- nung aufwebsen, jede Festbandschaltung
sine Spannungsabertragungsfunition im Laplace-Transfor- mierten Bereich Im
wesentlichen der Form 20            VO (s)                        1
1 + a/2Tf2 25                 (a) 1V+ 1              [G :VO (s)   -
1 + s/2rf3 aufweist, wobei f2 die Festbandshelffilternullfrequenz ist, 30
f3 die Festbandshelffllterpolfrequenz ist, GI die Verstarkung der
Hochfrequenz-Festbandsteuerschaltung ist, Vr, der
Bezugsspannungseffektivwert Ist und VO, die Offsetspannung des
verinderbaren Elements und der Steuerschaltung let und jede
Gleltbandschaltung eine Spannungs0bertragungsfunktion Im
Laplace-Transformierten Be- reich Im wesentlichen der Form 35 VO (s)
(S + 21fl) ASc Vin (S)     ~     +Zf         (~:s)               N + 40
s + 2*  f                          + 1 aufweist, wobei f1 die untere
Eckfrequenz des variablen Gleltband-HochpaSshelffilters ist, G2 die
Gleltbandsbtuerschaltungsverstlrkung st, Vf der Bezugsspannungseffektivwert
ist, N die feats Potbnz der Gleltbandkombination von veranderbarem Element
und Steuerschaltung Ist und 50            A,, die Signalverstirkung des
Seitenweges ist, wobel das veranderbare Element und die Steuerschaltung der
Festband-Unterstufe ferner sine Offsetspannung aufweisen und die
Festband-Unterstufe eine Spannungsubertragungsfunktlon in dem
Laplace-Transformierten Bereich im wesentlichen der Form 55 38
_ I 11~1111! 111111 1 111111 1111 11 !I    EP 0 469 033 Bi VO (g)
1 vin(s)          1 + exp   [G1FV            - VOS] aufweist, wobel GIF die
Steuerschaltungsverstirkung 10            V, der
Bezugsspannungseffektivwert und VOSF die Steurelement Offeetapannung sind.
27. Schaltung nach Anspruch 26, bei die Parameterwerte annahernd sind: 15
f                200 Hz.   f    -  12800 Hz,   f3            3200 Hz, G1
=     200  in der  ersten  Stufe,  und 20 2  -  663  in der  zweiten
Stufe, G2             1610  in der  ersten  Stufe, und - 4900 in der
zweiten Stufe, 25                             =   3,6 V  in der  ersten
Stufe,  und = 6,0 V in der zweiten Stufe, N         =   1,5, 0
ASc       =   3,05  in der ersten  Stufe,  und = 3,4 in der zweiten Stufe,
GlF       -   213,  und VOSF      =   6,0. 28. Schaltung nach einem der
Ansprulche 24 bis 27, bel der jedes veranderbare Element eine lineare Cha-
rakteristik aufweist und jede entsprechende Steuerschaltung eine
nichtlineare Schaltung zur Schaffung der gewunschten
Exponentialcharakeristik oder Charakteristilk folgend einer festen Potenz
ent halt. 40 



29. Verfahren zur Modifizierung des Dynamklkbereichs eines Audlosignals,
nimlich durch Komprimierung oder Expandierung, umfassend, Komprimleren oder
Expandieren des Audiosignals mit elner Festbandcharakteristik um bis zu 10
dB in einem Niederfrequenzbereich, der sich allgemein von etwa 200 Hz nach
unten erstreckt, und 45            Komprimieren oder Expandieren des
AudiosTgnals mit einer Festband/Gleitband-Wirkungsaus- tauschcharakteristik
um bis zu etwa 24 dB in einem Hochfrequenzband, das sich allgemein von 400
Hz nach oben erstreckt. 30. Verfahren nach Anspruch 29, bet der das
Hochfrequenzband durch elne Doppelpolfiltercharakteristik mit 60
einer Eckfrequenz von etwa 400 Hz und des Niederfrquenzband durch eine
Einpolfiltercharakteristik mit einer Eckfrequenz von etwa 200 Hz definiert
sind, wodurch sich eine breite Frequenzflberlappung bet der Kompression
oder Expansion des Audiosignals in dem Hochfrequenzband und der Kompression
oder Ex- pansion des Audiosignal in dem Niederfrequenzband ergibt. 66
Revendlcations 1. Circuit pour la modification de la plage dynamique d'un
signal audio, en fait un compresseur ou un ex- 39
_ 1 I!I~iC 111111111 1  1 1111111    EP 0 469 033 B1 panseur comprenant un
moyen pour la compression du signal audio dans le cas d'un compresseur ou
pour l'expansion du signal audio dans le cas d'un expanseur jusqu'a environ
10 dB dans une bande de basse frequence diminuant globalement a partir
d'emiron 200 Hz, ledit moyen de compression ou d'ex- pansion du signal
audio dans une bande de basso frequence poss6dant une caracteristique de
bande 5       fixe et un moyen pour la compression du signal audio dans le
cas d'un compresseur ou pour l'expansion du signal audio dans le cas d'un
expanseur jusqu'A environ 24 dB dans une bando de haute fr6quence
augmentant globalement A partir d'environ 400Hz, led it moyen de
compression ou d'expansion du signal audio dans une bando de hauto
fr6quence possedant une caracterlstique de substitution A bando fixelbande
mobile. 10 2. Circuit solon la revendication 1, dans loquel laditb bande de
haute frequence est definie par une carac- teristique de f iltre a double
poles poss6dant une fr6quence de rupture d'environ 400 Hz et ladite band.
de basse frequence est dhfinie par une caracteristique de filtre A pOle
unique possedant une frequence de rupture d'environ 200 Hz, un large
recouvrement en fr6quence dans le fonctionnement dudit moyen 15      de
compression ou d'expansion du signal audio 6tant ainsl realise dans une
bande de haute fr6quence et dudit moyen de compression ou d'expansion du
signal audio dans une band. de basse frequence. 3. Circuit selon la
revendication I ou 2, dans lequel ledit moyen de compression ou d'expanslon
du signal audio dans une bande de basso fr6quence comprend un etage
secondaire a bands fixe et dans loquel 20      ledit moyen de compression
ou d'expansion du signal audio dans une bande de haute fr6quence comprend
un premier etage secondaire de substitution et un second etage secondaire
de substitution, chacun desdits etages secondaires de substitution
possbdant un circuit A bande fixe et un circuit A band. mobile. 25  4.
Circuit salon la revendicatlon 3, dans lequel lesdits premier et second
etages secondaires de substitution sont montes en serie, lea niveaux
d'action dynamique des etages secondaires respectift de substitution etant
echelonnes de fagon A augmentbrl'action dynamique sans
entratnerd'augmentations significatives du rapport maximum de compression
ou d'expansion du circuit global. 5.  Circuit solon Ia revendication 3 ou
4, dans loquel ledit etage secondaire a bande fixe et soit led It premier
30      etage secondaire de substitution soft ledit second etage secondaire
de substitution constituentun premier etage et ledit autre etage secondaire
de substitution constitue un second etage. 6. Circuit solon la
revendication 5, dans 1equel leadits premier et second etages sont chacun
des circuits A double accbs dans lesquels, dans ledit premier 6tage,
I'etage secondaire de substitution se trouve dans 35      un premier acces
local et ledit etage secondaire A bande fixe se trouve dans un second acces
local et, dans ledit second etage, I'tage socondaire de substitution se
trouve dans un acces local. 7. Circuit solon la revendication 6, comprenant
de plus un reseau de decalage spectral A hauto frequence A l'entr6e de
chacun des Mtages secondalres de substitution et un reseau de decalage
spectral A basso 40      frequence. 8. Circuit selon la revendlcation 7,
dans loquel chaque reseau de decalage spectral possade une caracte-
ristique tello quo son attenuation augments tandis que la frequence est
sortie de plus du centre de l'in- 



tervalle de frequences audio. 45 9. Circuit selon la revendication 7 ou 8,
dans lequel ledit reseau de decalage spectral A basso frequence presente
une reponse passe-haut avec une frequence de rupture d'environ 33 Hz. 10.
Circuit selon la revendication 9, dans lequel ledit etage secondaire A
bande f ixe possede un filtre de de- 50      finition de bands dans son
acces d'entree, ledit reseau de decalage spectral A basso frequence et le
flitre de definition de bande etant combines en un filtre unique
passe-bande. 11. Circuit selon la revendication 10, dans lequel ledit
filtre passe-bande possede une fonction de transfert de la tension dans le
domaine de Laplace de la forms: Vo(s)    s/2xfl    1 Viga)  I + s/2f1 1 +
s/2%f2 oO f = 33Hzetf2 = 240Hz. 40 C .            S    EP 0 469 033 BI 12.
Circuitselon 'une quelconque des revendications 7 A 11, dana lequel lesdits
r6seauxde decalage spectral A haute fr6quence possedent des reponses de
filtre passe-bas avec une fr6quence de rupture d'environ 12,8 kHz. 5   13.
Circuit selon la revendication 12, dans lequel chaque etage secondaire de
substitution possbde un f litre de d6finition de bando dans son accbs
d'entree, chaque r6seau de decalage spectral A haute frquence et le filtre
de d6finition de bando etant combines en un filtre unique passe-bands. 14.
Circuit selon la revendlcation 13, dana loquel la caracteristique passe-bas
de d6calage spctral du filtre 10      passe-bands de l'un des etages
secondaires de substitution possede une r6ponse de f iltre A pdle unique et
la caracteristique passe-bas de decalage spectral du f iltre passe-bande de
I'autre etage secondaire de substitution possade une reponse de filtre A
double pdles jusqu'A une fr6quence particuliere et une r6ponse de f iltre A
p8le unique au-dela de cette frequence. 15. Circuit selon la revendication
14, dans loquel le filtre passe-bande de l'un deadits 6tages secondaires de
substitution possbde une fonction de transfert de tension dans le domaine
de Laplace globalement de la forme: Vo(s) =   s2nIf1     1 Vm(s)   1 +
s/2id1 1 + l20f2 20            oO f1 = 408 Hzetf2 = 12.600 Hz et le f iltre
passe-bande de l'autre desdits etages secondaires de substitution possede
une fonction de transfort de tension dans le domaine de Laplace globalement
de la forme: VO(s) =   a/2nf1        I + s/20f2 Vjn(s)   I + s/20f1 1 +
(s/Q.2nfx) + (sW2Efs32 25           0O f1 = 406 Hz, f2 = 48.000 Hz, f3 =
13.300 Hz et Q = 0,88. 16. Circuitselon l'une quelconque des revendications
6 A 15, dana lequel, dans le cas d'un compresseur, ledit premier 6tage
comprend, de plus, un reseau d'anti-saturation A basse frequence et un
premier reseau 30      d'anti-saturation A haute fr6quence dans son acces
principal et ledit second etage comprend, de plus, un second r6seau
d'antl-saturatbon A haute fr6quence dana son acces principal et, dans le
cas d'un expan- sour, ledit premier etage comprend, de plus, un r6seau
d'anti-saturation A basse fr6quence possedant une caracteristique qui est
globalementcomplementaire A cello du r6seau correspondantd'antl-saturation
dana le premier etage du compresseur et un premier r6seau d'anti-saturation
A haute frequence dana son 35      acces principal poss6dant une
caract6rlatique qul est globalement complementaire A cello du r6seau
correspondant d'anti-saturation du premier 6tage du compresseur et ledit
second etage comprend, de plus, un second r6seau d'anti-saturation A haute
fr6quence dans son accbs principal possedant une ca- racteristique qui est
compl6mentaire de cello du r6seau d'anti-saturation du second etage du
compres- sour. 40  17. Circuitselon la revendicatlon 16, dans lequel, dans
le cas d'un compresseur, leditr6seau d'anti-saturation A basse fr6quence
posshde une r6ponse A pante passe-haut et ledit second reseau
d'anti-saturation A haute frequence possbde une reponse a pants passe-bas
et, dana Is cas d'un expanseur, ledit reseau d'anti-saturation A basso
frequence possbde une reponse complementaire a une r6ponse A pente passe-
haut et ledit second reseau d'anti-saturation A haute frequence possbde une
reponse compl6mentaire a 



une r6ponse A pente passe-bas. 18. Circuit selon la revendication 17, dans
lequel, dans Is cas d'un compresseur, ledit reseau d'anti-saturation A
basso frequence poss~de une fonction de transfert de tension dana Is
domaine de Laplace globalement de la forme: 50
VO(s) = 2,d1 1 + s/241 V1.(s) 2,d2 I + sW2nf2 oO f1 =60 Hz et f2 = 150 Hz
et ledit second r6seau d'anti-saturation A haute fr6quence possbde une
fonction de transfert de tension dana le domains de Laplace globalement de
la forme: Vo(s)   I 1 + 512nlf Vin(s)   1 + /2nf7 oO ft = 6.000 Hz et f7 =
17.600 Hz et, dana le cas d'un expanseur, ledit r6seau d'anti-saturation A
41                              -- C I         M 11111111111111    EP 0 409
033 BI basse fr6quence et ledit second r6seau d'anti-saturation a haute
frquence possbdent chacun une fono- tion de transfert de tension respective
globalement compl6mentalre A cells du r6seau d'anti-saturation
correspondant dans le compresseur. 5   19. Circuit solon l'une quelconque
des revendlcations 3 A 18, dans lequel chaque etage secondaire de subs-
titution comprend un filtre de r6duction de la sensibilite pour reduire la
sensiblitN du circuit A bands fixe situ6 dans 'accbs d'entr6e du circuit A
bands fixe. 20. Circuit selon l'une quelconque des revendications 3 A 18,
dans lequel, dans chaque 6tage de substitution, 10      le circuit A bands
fixe et le circuit A bands mobile possbdent chacun un circuit de commando
pour la commande de son action dynamique, I'entree du circuit de commands A
bands mobile etant d6riv6e de la sortie du circuit A bands mobile et
l'entr6e du circuit de commands A bands fixe etant deriv6e de la sortie du
circuit A bande fixe via un filtre de reductlon de la sensibilit pour
r~duire la sensibilite du circuit de commando A bands fixe. 15  21. Circuit
solon la revendication 19 ou 20, dans lequel lefiltre de reduction de la
sensibilite est unfiltre passe- bas avec une reponse en pente. 22. Circuit
solon la revendication 21, dans loquel le flitre de reduction de la
sensibilite possbde une fonction de transfert de la tension dans le domaine
de Laplace globalement de la forme: 20
Vo(s) = 1+ s/20f2 V1,(s)   I + e/203 ob f2 eat la fr6quence z6ro du filtre
et f3 eat la fr6quence de pole du filtre. 23. Circuit solon la
revendication 22, dans lequel la frequence de pole du f itre de r6ductlon
de la sensibilite 25      est d'environ 3,2 kHz et la frequence z6ro du
filtre de reduction de la sensibilitb est d'environ 12,8 kHz. 24. Circuit
solon l'une quelconque des revendications 3 A 23, dans loquel, dans chaque
6tage secondaire de substitution, le circuit A bands fixe et le circuit A
bands mobile possbdent chacun un 616ment variable pour la ditermination de
l'action dynamique du circuit, I'didment variable etant commando par un
circuit de 30      commando, la combinaison de I'elbment variable et du
circuit de commando dans le circuit A bande fixe possbdant globalement une
caracteristique exponentielle at lo combinalson de l'6idment variable et du
circuit de commands dans le circuit A bands mobile possbdant globalement
une caract6ristique fixe de lo! de puissance. 35  25. Circuit salon la
revendication 24, dans lequel, dans chaque btage secondaire de
substitution, le circuit de commando du circuit A bands fixe et le circuit
de commando du circuit a bands mobile gbnerent chacun un signal de commands
et comprennent un moyen pour la limitation du niveau maximum d'amplitude du
signal de commando. 40  26. Circuit solon la revendication 24 en
combinalson avec la revendication 19, dans lequel, dans chaque etage
secondaire de substitution, I'e6lment variable et le circuit de commands de
chaque circuit A bands fixe comprennent, de plus, une tension de
compensation; chaque circuit a bando fixe possede une fonction de transfert
de la tension dans le domaino de Laplace globalement de la forms: 45
1            1Vogl    + _s 50 ou f2 esat la frequence zAro du filtre A
pentb A bande fixe, f3 est la frequence de pole du flitre A pentb a bands
fixe, 



G, eat le gain du circuit de commando A bands fixe A haute frbquence, V,.
eat la tension RMS du niveau de rdference et 55            Vos eat la
tension de compensation de i'6l6ment variable et du circuit de commando;
chaque circuit A bands mobile possbde une fonction de transfert de la
tension dans le domains de Laplace globalement de la forms: 42 C
11111111111111111    EP 0 469 033 B1 V.($)      ks + 2:fl) 5Sc vi     s
Gf gOV.(1J+ 1 5                                W~~~~~~~~~~~~~~~~~~~~~~I oO
f1 est la fr6quence infrieure de rupture du filtre variable A pente
passe-haut de bande mobile, G2 est le gain du circuit de commando de bande
mobile, 10            V, eat la tension RMS du niveau de r6fMrence, N eat
la puissance fix6e de 1'61ement variable et du circuit de commando A bande
mobile et Asc est Is gain du signal dans l'acces local; I'Ml~ment variable
et le circuit de commando de I'etage secondaire A bande fixe comprennent de
plus une tension de compensation et 15            I'etage secondaire A
band. fixe possede une fonction de transfert de la tension dans le domains
de Laplace globalement de la forme: V *(s   _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _
_ /~~~~~~~~~                                  VW~   -Yw obi G1F eat Is gain
du circuit de commando, 25            Vref est la tension RMS du niveau de
reference et VOSF eot la tension de compensation de l'element de commando.
27. Circuit selon la revendication 26, dans loquel lea valeurs de
parambtres sont approximativoment: fj0- 200 Hz,   f2  = 12.800  Hz,
f3 -  3.200 Hz, G1 - 200 dans ledit premier 6tage et 95                 -
663 dan#  ledit second etage, G2 =  1.610 dans  ledit premier  etage et 40
- 4.900 dans  ledit  second etage, 45 50 55 43                   ____
_      _ 1i 1111111111 11111- 11111 11-1111    EP 0 469 033 B1 VOS - 3,6 V
dans ledit premier 6tage et = 6,0 V dans ledit second 6tage, 5 N = 1,5t ASc
- 3,05 dans ledit premier 6tage et 10 - 3,4 dans ledit second 6tage, Glp =
213 et 16 VOSF - 6,0. 28. Circuit selon l'une quelconque des revendications
24 A 27, dans loquel chaque 6elment variable possede 20      une
caract6ristique llneaire et chaque circuit de commando respectifcomprend un
circuit non lin6aire four- nissant la caracteristique exponentielle ou fixe
de lo! de puissance d6sir6e. 29. Proced6 pour la modification de
l'intbrvalle dynamique d'un signal audio, en fait par compression ou par
expansion comprenant la compression ou l'expansion du signal audio avec une
caracteristique A bande 



25      fixe jusqu'A environ 10 dB dans une bando de basse frequence
diminuant globalement A partir d'environ 200 Hz et la compression ou
l'expansion du signal audio avoc une caract6ristique de substitution A
bande fixe/bande mobile jusqu'A environ 24 dB dans une bande de haute
fr6quence augmentant globalement A partir d'environ 400 Hz. 30  30. Proc6d6
solon la revendication 29, solon lequel lad it bande de haute frequence est
d6finle par une ca- ractiristique de filtre a double pdles poss6dant une
fr6quence de rupture d'environ 400 Hz et ladite bands de basso frequence
sat definie par une caracteristique de filtre A pOle unique possedant une
frequence de rupture d'environ 200 Hz, un large recouvrement en frequence
6tant ainsi constitue dans la compres- sion ou l'expansion du signal audio
dans ladito bande de haute frequence et dans la compression ou l'ex- 35
pansion du signal audio dans ladito bands de basse fr6quence. 40 45 50 55
44    


