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Description
BACKGROUND
1. Field

[0001] Disclosed herein is a noise reducing sound reproduction system and, in particular, a noise reduction system
which includes an earphone for allowing a user to enjoy, for example, reproduced music or the like, with reduced ambient
noise.

2. Related Art

[0002] In active noise reduction systems, also known as active noise cancellation/control (ANC) systems, the same
loudspeakers, in particular loudspeakers arranged in the two earphones of headphones, are often used for both noise
reduction and reproduction of desirable sound such as music or speech. However, there is a significant difference
between the sound impression created by employing active noise reduction and the impression created by not employing
active noise reduction, due to the fact that common noise reduction systems reduce the desirable sound to a certain
degree, as well. Accordingly, either advanced electrical signal processing is required to compensate for this effect or
the listener has to accept sound impressions that differ, depending on whether noise reduction is on or off. GAN W S
ET AL: "AN INTEGRATED AUDIO AND ACTIVE NOISE CONTROL HEADSETS", IEEE TRANSACTIONS ON CON-
SUMER ELECTRONICS; IEEE SERVICE CENTER, NEW YORK, NY,US, vol. 48, no. 2, 1 May 2002 (2002-05-01),
pages 242-247,describes an integrated audio and active noise headset. US2010/329473A1 discloses detecting achange
in power of an output signal of a filter and controlling the filter dependent thereon. EP1947642A1 discloses active noise
control that employs areference sound to adapt noise control. KUO SM ETAL: "ACTIVE NOISE CONTROL; ATUTORIAL
REVIEW", PROCEEDINGS OF THE IEEE, IEEE; NEW YORK, US, vol. 87, no. 6, 1 June 1999, pages 943-973 describes
a simple active noise control system. There is a need for an improved noise reduction system to overcome the drawbacks
of known systems. Further noise reduction audio systems are known from WO 94/23419 A1 and WO 01/67434 A1.

SUMMARY OF THE INVENTION

[0003] In a first aspect of the invention, a noise reducing sound reproduction system is disclosed that comprises: a
loudspeaker thatis connected to a loudspeaker input path; a microphone that is acoustically coupled to the loudspeaker
via a secondary path and connected to a microphone output path; a first subtractor that is connected downstream of the
microphone output path and a first useful-signal path; an active noise reduction filter that is connected downstream of
the first subtractor; and a second subtractor that is connected downstream of the active noise reduction filter, downstream
of second useful-signal path, and upstream of the loudspeaker input path. The secondary path has a secondary path
transfer characteristic. Both useful-signal paths are supplied with a useful signal to be reproduced and at least one of
the useful-signal paths comprise one or more spectrum shaping filters. At least one of the spectrum shaping filters has
a transfer characteristic that models the secondary path transfer characteristic. The first useful-signal path comprises
the at least one spectrum shaping filter and the at least one spectrum shaping filter that models the secondary path
transfer characteristic linearizes a microphone signal on the microphone output path with regard to the useful signal.
The at least one spectrum shaping filter that models the secondary path transfer characteristic comprises at least two
sub-filters. One of the sub-filters of the at least one spectrum shaping filter that models the secondary path transfer
characteristic is a treble cut shelving filter.

[0004] In a second aspect of the invention, a noise reducing sound reproduction method is disclosed, in which: an
input signal is supplied to a loudspeaker by which it is acoustically radiated; the signal radiated by the loudspeaker is
received by a microphone that is acoustically coupled to the loudspeaker via a secondary path that has a secondary
path transfer characteristic and that provides a microphone output signal; from the microphone output signal a useful-
signal is subtracted to generate a filter input signal; the filter input signal is filtered in an active noise reduction filter to
generate an error signal; and the useful-signal is subtracted from the error signal to generate the loudspeaker input
signal; and the useful-signal is filtered by one or more spectrum shaping filters prior to subtraction from the microphone
output signal. At least one of the spectrum shaping filters has a transfer characteristic that models the secondary path
transfer characteristic. The useful signal, prior to subtraction from the microphone output signal, is filtered with the transfer
characteristic of the at least one spectrum shaping filter that models the secondary path transfer characteristic, wherein
the at least one spectrum shaping filter that models the secondary path transfer characteristic linearizes a microphone
signal on the microphone output path with regard to the useful signal. The filtering of the useful signal includes treble
cut shelving filtering. The invention thus provides a system according to claim 1 and a method according to claim 6.
Further embodiments are defined by the dependent claims.
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BRIEF DESCRIPTION OF THE DRAWINGS

[0005] Various specific embodiments are described in more detail below based on the exemplary embodiments shown
in the figures of the drawing. Unless stated otherwise, similar or identical components are labeled in all of the figures
with the same reference numbers.

FIG. 1 is a block diagram of a general feedback type active noise reduction system in which the useful signal is
supplied to the loudspeaker signal path;

FIG. 2 is a block diagram of a general feedback type active noise reduction system in which the useful signal is
supplied to the microphone signal path;

FIG. 3 is a block diagram of a general feedback type active noise reduction system in which the useful signal is
supplied to the loudspeaker and microphone signal paths;

FIG. 4 is a block diagram of the active noise reduction system of FIG. 3, in which the useful signal is supplied via a
spectrum shaping filter to the loudspeaker path.

FIG. 5is a block diagram of the active noise reduction system of FIG. 3, in which the useful signal is supplied via a
spectrum shaping filter to the microphone path;

FIG. 6 is a schematic diagram of an earphone applicable in connection with the active noise reduction systems of
FIGS. 3-6;

FIG. 7 is a block diagram of the active noise reduction system of FIG. 5 in which the useful signal is supplied via
two spectrum shaping filters to the microphone path;

FIG. 8 is a magnitude frequency response diagram representing the transfer characteristics of shelving filters ap-
plicable in the system of FIG. 7;

FIG. 9 is a magnitude frequency response diagram representing the transfer characteristics of equalizing filters
applicable in the system of FIG. 7; and

FIG. 10 is a block diagram of the active noise reduction system of FIG. 5, in which the useful signal is supplied via
spectrum shaping filters to the microphone and loudspeaker paths.

DETAILED DESCRIPTION

[0006] Feedback ANC systems are intended to reduce or even cancel a disturbing signal, such as noise, by providing
at a listening site a noise reducing signal that ideally has the same amplitude over time but the opposite phase compared
to the noise signal. By superimposing the noise signal and the noise reducing signal, the resulting signal, also known
as error signal, ideally tends toward zero. The quality of the noise reduction depends on the quality of a so-called
secondary path, i.e., the acoustic path between a loudspeaker and a microphone representing the listener’'s ear. The
quality of the noise reduction further depends on the quality of a so-called ANC filter that is connected between the
microphone and the loudspeaker and that filters the error signal provided by the microphone such that, when the filtered
error signal is reproduced by the loudspeaker, it further reduces the error signal. However, problems occur when addi-
tionally to the filtered error signal a useful signal such as music or speech is provided at the listening site, in particular
by the loudspeaker that also reproduces the filtered error signal. Then, the useful signal may be deteriorated by the
system as previously mentioned.

[0007] For the sake of simplicity, no distinction is made herein between electrical and acoustic signals. However, all
signals provided by the loudspeaker or received by the microphone are actually of an acoustic nature. All other signals
are electrical in nature. The loudspeaker and the microphone may be part of an acoustic sub-system (e.g., a loudspeaker-
room-microphone system) having an input stage formed by the loudspeaker 3 and an output stage formed by the
microphone; the sub-system being supplied with an electrical input signal and providing an electrical output signal. "Path"
means in this regard an electrical or acoustical connection that may include further elements such as signal conducting
means, amplifiers, filters, etc. A spectrum shaping filter is a filter in which the spectra of the input and output signal are
different over frequency.

[0008] Reference is now made to FIG. 1, which is a block diagram illustrating a general feedback type active noise
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reduction (ANC) system in which a disturbing signal d[n], also referred to as noise signal, is transferred (radiated) to a
listening site, e.g., alistener’s ear, viaa primary path 1. The primary path 1 has a transfer characteristic of P(z). Additionally,
an input signal v[n] is transferred (radiated) from a loudspeaker 3 to the listening site via a secondary path 2. The
secondary path 2 has a transfer characteristic of S(z).

[0009] A microphone 4 positioned at the listening site receives together with the disturbing signal d[n] the signals that
arise from the loudspeaker 3. The microphone 4 provides a microphone output signal y[n] that represents the sum of
these received signals. The microphone output signal y[n] is supplied as filter input signal u[n] to an ANC filter 5 that
outputs to an adder 6 an error signal e[n]. The ANC filter 5, which may be an adaptive filter, has a transfer characteristic
of W(z). The adder 6 also receives an optionally pre-filtered, e.g., with a spectrum shaping filter (not shown in the
drawings) useful signal x[n] such as music or speech and provides an input signal v[n] to the loudspeaker 3.

[0010] The signals x[n], y[n], e[n], u[n] and v[n] are in the discrete time domain. For the following considerations their
spectral representations X(z), Y(z), E(z), U(z) and V(z) are used. The differential equations describing the system
illustrated in FIG. 1 are as follows:

[0011] In the system of FIG. 1, the useful signal transfer characteristic M(z) = Y(z)/X(z) is thus

M(z) = S(z)/(1-W(z)-S(z)) (3)

[0012] Assuming W(z) = 1 then

lim[S(z)=>1] M(z) = M(z)-w (4)
1lim[S(z) >t0] M(z) = M(z)=1 (5)
1lim[S(z)-0] M(z) = S(z (6)

[0013] Assuming W(z) = « then

lim[S(z)=>1] M(z) = M(z)-0. (7)

[0014] As can be seen from equations (4)-(7), the useful signal transfer characteristic M(z) approaches 0 when the
transfer characteristic W(z) of the ANC filter 5 increases, while the secondary path transfer function S(z) remains neutral,
i.e. atlevels around 1, i.e., O[dB]. For this reason, the useful signal x[n] has to be adapted accordingly to ensure that the
useful signal x[n] is apprehended identically by a listener when ANC is on or off. Furthermore, the useful signal transfer
characteristic M(z) also depends on the transfer characteristic S(z) of the secondary path 2 to the effect that the adaption
of the useful signal x[n] also depends on the transfer characteristic S(z) and its fluctuations due to aging, temperature,
change of listener etc. so that a certain difference between "on" and "off" will be apparent.

[0015] While in the system of FIG. 1 the useful signal x[n] is supplied to the acoustic sub-system (loudspeaker, room,
microphone) at the adder 6 connected upstream of the loudspeaker 3, in the system of FIG. 2 the useful signal x[n] is
supplied at the microphone 4. Therefore, in the system of FIG. 2, the adder 6 is omitted and an adder 7 is arranged
downstream of microphone 4 to sum up the, e.g., pre-filtered, useful signal x[n] and the microphone output signal y[n].
Accordingly, the loudspeaker input signal v[n] is the error signal [e], i.e., v[n] = [e], and the filter input signal u[n] is the
sum of the useful signal x[n] and the microphone output signal y[n], i.e., u[n] = x[n]+y[n].

[0016] The differential equations describing the system illustrated in FIG. 2 are as follows:
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E(z) = W(z)-U(z) = W(z)- - (X(z)+Y(z)) (9)

[0017] The useful signal transfer characteristic M(z) in the system of FIG. 2 without considering the disturbing signal
d[n] is thus

M(z) = (W(z)-S(z))/(1-W(z)-S(z)) (10)
lim[ (W(z)-S(z))-1] M(z) = M(z)-w (11)
lim[ (W(z)-S(z))=0] M(z) = M(z)-=0 (12)
lim[ (W(z)-S(z))-t0] M(z) = M(z)-1. (13)

[0018] As can be seen from equations (11)-(13), the useful signal transfer characteristic M(z) approaches 1 when the
open loop transfer characteristic (W(z)-S(z)) increases or decreases and approaches 0 when the open loop transfer
characteristic (W(z)-S(z)) approaches 0. For this reason, the useful signal x[n] has to be adapted additionally in higher
spectral ranges to ensure that the useful signal x[n] is apprehended identically by a listener when ANC is on or off.
Compensation in higher spectral ranges is, however, quite difficult so that a certain difference between "on" and "off"
will be apparent. On the other hand, the useful signal transfer characteristic M(z) does not depend on the transfer
characteristic S(z) of the secondary path 2 and its fluctuations due to aging, temperature, change of listener etc.
[0019] FIG. 3is a block diagram illustrating a general feedback type active noise reduction system in which the useful
signal is supplied to both, the loudspeaker path and the microphone path. For the sake of simplicity, the primary path 1
is omitted below notwithstanding that noise (disturbing signal d[n]) is still present. In particular, the system of FIG. 3 is
based on the system of FIG. 1, however, with an additional subtractor 8 that subtracts the useful signal x[n] from the
microphone output signal y[n] to form the ANC filter input signal u[n] and with a subtractor 9 that substitutes adder 6 and
subtracts the useful signal x[n] from error signal e[n].

[0020] The differential equations describing the system illustrated in FIG. 3 are as follows:

[0021] The useful signal transfer characteristic M(z) in the system of FIG. 3 is thus

M(z) = (S(z)-W(z)-S(z))/(1-W(z)-5(z)) (16)
lim[ (W(z)-S(z))-1] M(z) = M(z)-® (17)
lim[ (W(z)-S(z))=0] M(z) = M(z)-S(z) (18)
lim[ (W(z)+S(z))->to] M(z) = M(z)-1 (19)
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[0022] It can be seen from equations (17)-(19) that the behavior of the system of FIG. 3 is similar to that of the system
of FIG. 2. The only difference is that the useful signal transfer characteristic M(z) approaches S(z) when the open loop
transfer characteristic (W(z)-S(z)) approaches 0. Like the system of FIG. 1, the system of FIG. 3 depends on the transfer
characteristic S(z) of the secondary path 2 and its fluctuations due to aging, temperature, change of listener etc.
[0023] In FIG. 4, a system is shown that is based on the system of FIG. 3 and that additionally includes an equalizing
filter 10 connected upstream of the subtractor 9 in order to filter the useful signal x[n] with the inverse secondary path
transfer function 1/S(z). The differential equations describing the system illustrated in FIG. 4 are as follows:

Y(z) = S(z)'V(z) = 8(z)-(E(z)-X(z)/S(z)) (20)

[0024] The useful signal transfer characteristic M(z) in the system of FIG. 4 is thus

M(z) = (1-W(z)-S(z))/(1-W(z)-S(z)) =1 (22)

[0025] As can be seen from equation (22), the microphone output signal y[n] is identical to the useful signal x[n], which
means that signal x[n] is not altered by the system if the equalizer filter is exact the inverse of the secondary path transfer
characteristic S(z). The equalizer filter 10 may be a minimum-phase filter for optimum results, i.e., optimum approximation
of its actual transfer characteristic to the inverse of, the ideally minimum phase, secondary path transfer characteristic
S(z) and, thus y[n] = x[n]. This configuration acts as an ideal linearizer, i.e. it compensates for any deteriorations of the
useful signal due to its transfer from the loudspeaker 3 to the microphone 4 representing the listener’s ear. It hence
compensates for, or linearizes the disturbing influence of the secondary path S(z) to the useful signal x[n], such that the
useful signal arrives at the listener as provided by the source, without any negative effect due to acoustical properties
of the headphone, i.e., y[z] = x[z]. As such, with the help of such a linearizing filter it is possible to make a poorly designed
headphone sound like an acoustically perfectly adjusted, i.e. linear one.

[0026] In FIG. 5, a system is shown that is based on the system of FIG. 3 and that additionally includes an equalizing
filter 10 connected upstream of the subtractor 8 in order to filter the useful signal x[n] with the secondary path transfer
function S(z).

[0027] The differential equations describing the system illustrated in FIG. 5 are as follows:

[0028] The useful signal transfer characteristic M(z) in the system of FIG. 5 is thus

M(z) = S(z)-(1+W(z)-S(z))/(1+W(z)-S(z)) = S(z) (25)

[0029] From equation (25)itcan be seen thatthe useful signal transfer characteristic M(z) is identical with the secondary
path transfer characteristic S(Z) when the ANC system is active. When the ANC system is not active, the useful signal
transfer characteristic M(z) is also identical with the secondary path transfer characteristic S(Z). Thus, the auralimpression
of the useful signal for a listener at a location close to the microphone 4 is the same regardless of whether noise reduction
is active or not.

[0030] The ANC filter 5 and the equalizing filters 10 and 11 may be fixed filters with constant transfer characteristics
or adaptive filters with controllable transfer characteristics. In the drawings, the adaptive structure of a filter per se is
indicated by an arrow underlying the respective block and the optionality of the adaptive structure is indicated by a broken
line.

[0031] The system shown in FIG. 5 is, for example, applicable in headphones in which useful signals, such as music
or speech, are reproduced under different conditions in terms of noise and the listener may appreciate being able to
switch off the ANC system, in particular when no noise is present, without experiencing any audible difference between
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the active and non-active state of the ANC system. However, the systems presented herein are not applicable in head-
phones only, but also in all other fields in which occasional noise reduction is desired.

[0032] FIG. 6 illustrates an exemplary earphone with which the present active noise reduction systems may be used.
The earphone may be, together with another identical earphone, part of a headphone (not shown) and may be acoustically
coupled to a listener’s ear 12. In the present example, the ear 12 is exposed via primary path 1 to the disturbing signal
d[n], e.g., ambient noise. The earphone comprises a cup-like housing 14 with an aperture 15 that may be covered by a
sound permeable cover, e.g., a grill, a grid or any other sound permeable structure or material. The loudspeaker 3
radiates sound to the ear 12 and is arranged at the aperture 15 of the housing 14, both forming an earphone cavity 13.
The cavity 13 may be airtight or vented by any means, e.g., by means of a port, vent, opening, etc. The microphone 4
is positioned in front of the loudspeaker 3. An acoustic path 17 extends from the speaker 3 to the ear 12 and has a
transfer characteristic which is approximated for noise control purposes by the transfer characteristic of the secondary
path 2 which extends from the loudspeaker 3 to the microphone 4.

[0033] In mobile devices such as headphones, the space and energy available for the ANC system is quite limited.
Digital circuitry may be too space and energy consuming and in mobile devices analog circuitry is often the preferred in
the design of ANC systems. However, analog circuitry allows only for a very limited complexity of the ANC system and
thus it is hard to correctly model the secondary path solely by analog means. In particular, analog filters used in an ANC
system are often fixed filters or very simple adaptive filters because they are easy to build, have low energy consumption
and require little space. The systems illustrated above with reference to FIGS. 4, 5 and 7 also provide good results when
employing analog circuitry as there is a minor (FIG. 4) or even no

[0034] (FIGS. 5 and 7) dependency on the secondary path behavior. Furthermore, the systems of FIGS. 5 and 7 allow
for a good estimation of the necessary transfer characteristic of the equalization filter based on the ANC filter transfer
characteristic W(z), as well as on the secondary path filter characteristic S(z), both forming the open loop transfer
characteristic W(z)-S(z), which, in principal, has only minor fluctuations, and based on the assessment of the acoustic
properties of the headphone when attached to a listener’'s head.

[0035] The ANC filter 5 will usually have a transfer characteristic that tends to have lower gain at lower frequencies
with an increasing gain over frequency to a maximum gain followed by a decrease of gain over frequency down to loop
gain. With high gain of the ANC filter 5, the loop inherent in the ANC system keeps the system linear in a frequency
range of, e.g., below 1 kHz and thus renders any equalization redundant in this frequency range. In the frequency range
above 3 kHz, the ANC filter 5 has almost no boosting or cutting effects and, accordingly, no linearization effects. As the
ANC filter gainin this frequency range is approximately loop gain, the useful signal transfer characteristic M(z) experiences
a boost at higher frequencies that has to be compensated for by means of a respective filter, e.g. a shelving filter,
additional to an equalizing filter. In the frequency range between 1 kHz and 3 kHz both, boosts and cuts, may occur. In
terms of aural impression, boosts are more disturbing than cuts and thus it may be sufficient to compensate for boosts
in the transfer characteristic by correspondingly designed cut filters. If the ANC filter gain is 0 dB above 3 kHz, there is
no linearization effect and, therefore, in addition to a first equalization filter and instead a shelving filter, a second
equalizing filter may be used.

[0036] As can be seen from the above considerations, at least two filters may be used for compensation. FIG. 7 shows
an exemplary ANC system that employs (at least) two filters 18 and 19 (sub-filters) instead of a single filter 11 as in the
system of FIG. 5. For instance, a treble cut shelving filter (e.g., filter 18) having a transfer characteristic S;(z) and a
treble cut equalizing filter (e.qg., filter 19) having a transfer characteristic Sy(z), in which S(z) = S4(z)-S,(z). Alternatively,
a treble boost equalizing filter may be implemented as, e.g., filter 18 and a treble cut equalizing filter as, e.qg., filter 19.
If the useful signal transfer characteristic M(z) exhibits an even more complex structure, three filters may be employed,
e.g., one treble cut shelving filter and two treble boost/cut equalizing filters. The number of filters used may depend on
many other aspects such as costs, noise behavior of the filters, acoustic properties of the headphone, delay time of the
system, space available for implementing the system, etc.

[0037] FIG. 8 is a schematic diagram of the transfer characteristics a, b of shelving filters applicable in the system of
FIG. 7. In particular, a first order treble boost (+9 dB) shelving filter (a) and a bass cut (-3 dB) shelving filter (b) are
shown. FIG. 9 is a schematic diagram of the transfer characteristics ¢, d of equalizing filters applicable in the system of
FIG. 7. One (c) of the equalizing filters provides a 9 dB boost at 1 kHz and the other (d) a 6 dB cut at 100 Hz having a
higher Q and, thus, a sharper bandwidth.

[0038] Although the range of spectrum shaping functions is governed by the theory of linear filters, the adjustment of
those functions and the flexibility with which they can be adjusted varies according to the topology of the circuitry and
the requirements that have to be fulfilled. Shelving filters are usually simple first-order filters which alter the relative gains
between frequencies much higher and much lower than the corner frequencies. A low or bass shelf is adjusted to affect
the gain of lower frequencies while having no effect well above its corner frequency. A high or treble shelf adjusts the
gain of higher frequencies only. A single equalizer filter, on the other hand, implements a second-order filter function.
This involves three adjustments: selection of the center frequency, adjustment of the quality (Q) factor, which determines
the sharpness of the bandwidth, and the level or gain which determines how much the selected center frequency is
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boosted or cut relative to frequencies (much) above or below the center frequency.

[0039] FIG. 10 is a combination of the systems shown in FIGS. 4 and 5 in which the useful signal x[n] is supplied to
both, the microphone and the loudspeaker path, each via a filter 20 having a transfer characteristic Sg(z) or a filter 21
having a transfer characteristic Sg(z), in which, for instance, S(z) = S5(z)-Sg(2).

[0040] Although various examples of realizing the invention have been disclosed, it will be apparent to those skilled
in the art that various changes and modifications can be made which will achieve some of the advantages of the invention
without departing from the scope of the invention as defined by the appended claims.

Claims
1. A noise reducing sound reproduction system comprising:

a loudspeaker (3)that is connected to a loudspeaker input path;

a microphone (4) that is acoustically coupled to the loudspeaker (3) via a secondary path (2) and connected to
a microphone output path;

a first subtractor (8) that is connected downstream of the microphone output path and a first useful-signal path;
an active noise reduction filter (5) that is connected downstream of the first subtractor (8); and

a second subtractor (9) that is connected downstream of the active noise reduction filter (5), downstream of a
second useful-signal path, and upstream of the loudspeaker input path, wherein:

the secondary path (2) has a secondary path transfer characteristic (S(z));

both useful-signal paths are supplied with a useful signal (x[n]) to be reproduced; and

at least one of the useful-signal paths comprises one or more spectrum shaping filters (10, 11, 18, 19, 20),
wherein

at least one of the spectrum shaping filters (11) has a transfer characteristic that models the secondary
path transfer characteristic (S(z));

the first useful-signal path comprises the at least one spectrum shaping filter (11) and the at least one
spectrum shaping filter (11) that models the secondary path transfer characteristic linearizes a microphone
signal (y[n]) on the microphone output path with regard to the useful signal (x[n]) ;

the atleast one spectrum shaping filter (11) that models the secondary path transfer characteristic comprises
at least two sub-filters (18, 19); and

one of the sub-filters (18, 19) of the at least one spectrum shaping filter (11) that models the secondary
path transfer characteristic is a treble cut shelving filter.

2. The system of claim 1, in which at least one of the sub-filters (18, 19) of the at least one spectrum shaping filter (11)
that models the secondary path transfer characteristic is an equalizing filter.

3. The system of one of claims 1 or 2, in which the at least one of the sub-filters (18, 19) of the at least one equalizing
filter is a treble cut equalizing filter.

4. The system of one of the claims 1 to 3, in which the second useful-signal path comprises another spectrum shaping
filter (10) that has a transfer characteristic that is identical with the inverse secondary path transfer characteristic
(1/8(z2)).

5. The system of one of claims 1-4, in which at least one of the active noise reduction filter (5), the at least one spectrum
shaping filter (11) that models the secondary path transfer characteristic, and another spectrum shaping filter (10)
is an adaptive filter.

6. A noise reducing sound reproduction method, in which:

an input signal (v[n]) is supplied to a loudspeaker (3) by which it is acoustically radiated;

the signal radiated by the loudspeaker (3) is received by a microphone (4) that is acoustically coupled to the
loudspeaker (3) via a secondary path (2) that has a secondary path transfer characteristic (S(z)) and that
provides a microphone output signal (y[n]);

the microphone output signal (y[n]) is subtracted from a useful-signal (x[n]) to generate a filter input signal (u[n]);
the filter input signal (u[n]) is filtered in an active noise reduction filter (5) to generate an error signal (e[n]); and
the useful signal (x[n]) is subtracted from the error signal (e[n]) to generate the loudspeaker input signal (v[n]); and
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the useful signal (x[n]) is filtered by one or more spectrum shaping filters (10, 11, 18, 19, 20, 21) prior to
subtraction from the microphone output signal (y[n]), wherein

at least one of the spectrum shaping filters (11) has a transfer characteristic that models the secondary path
transfer characteristic (S(z));

the useful signal (x[n]), prior to subtraction from the microphone output signal (y[n]), is filtered with the transfer
characteristic of the at least one spectrum shaping filter (11) that models the secondary path transfer charac-
teristic, wherein the at least one spectrum shaping filter (11) that models the secondary path transfer charac-
teristic linearizes a microphone signal (y[n]) on the microphone output path with regard to the useful signal (x[n]);
the filtering of the useful signal (x[n]) includes treble cut shelving filtering.

7. The method of claim 6, in which all spectrum shaping filters (10, 11, 18, 19, 20, 21) model in total the secondary
path transfer characteristic (S(z)).

8. The method of claim 6 or 7, in which the filtering of the useful signal (x[n]) includes equalizing.

9. The method of one of claims 6 to 8, in which the useful signal (x[n]), prior to subtraction from the loudspeaker input
signal (v[n]), is filtered with a transfer characteristic that is identical with the inverse secondary path transfer char-
acteristic(1/S(z)).

Patentanspriiche
1. Gerauschminderndes Tonwiedergabesystem, umfassend:

einen Lautsprecher (3), der mit einem Lautsprechereingangspfad verbunden ist;

ein Mikrofon (4), das akustisch mit dem Lautsprecher (3) Uber einen sekundaren Pfad (2) gekoppelt ist und mit
einem Mikrofonausgangspfad verbunden ist;

einen ersten Subtrahierer (8), der stromabwarts des Mikrofonausgangspfads und eines ersten Nutzsignalpfads
verbunden ist;

einen aktiven Gerduschminderungsfilter (5), der stromabwarts des ersten Subtrahierers (8) verbunden ist; und
einen zweiten Subtrahierer (9), der stromabwarts des aktiven Gerduschminderungsfilters (5), stromabwarts
eines zweiten Nutzsignalpfads und stromaufwéarts des Lautsprechereingangspfads verbunden ist, wobei:

der sekundare Pfad (2) eine Sekundarpfadiibertragungscharakteristik (S(z)) aufweist;

beide Nutzsignalpfade mit einem Nutzsignal (x[n]), das wiederzugeben ist, versorgt werden; und
mindestens einer der Nutzsignalpfade einen oder mehrere spektrumsformende(n) Filter (10, 11, 18, 19,
20) umfasst, wobei mindestens einer der spektrumsformenden Filter (11) eine Ubertragungscharakteristik
aufweist, die die Sekundarpfadibertragungscharakteristik (S(z)) nachbildet;

der erste Nutzsignalpfad den mindestens einen spektrumsformenden Filter (11) umfasst und der mindestens
eine spektrumsformende Filter (11), der die Sekundarpfadiibertragungscharakteristik nachbildet, ein Mi-
krofonsignal (y[n]) am Mikrofonausgangspfad in Bezug auf das Nutzsignal (x[n]) linearisiert;

der mindestens eine spektrumsformende Filter (11), der die Sekundarpfadlbertragungscharakteristik nach-
bildet, mindestens zwei Unterfilter (18, 19) umfasst; und

eineraus den Unterfiltern (18, 19) des mindestens einen spektrumsformenden Filters (11), der die Sekundar-
pfadibertragungscharakteristik nachbildet, ein Tiefpass-KuhschwanZfilter ist.

2. Systemnach Anspruch 1, wobei mindestens einer der Unterfilter (18, 19) des mindestens einen spektrumsformenden
Filters (11), der die Sekundarpfadiibertragungscharakteristik nachbildet, ein Entzerrerfilter ist.

3. System nach einem der Anspriiche 1 oder 2, wobei der mindestens eine der Unterfilter (18, 19) des mindestens
einen Entzerrerfilters ein Tiefpass-Entzerrerfilter ist.

4. System nach einem der Anspriiche 1 bis 3, wobei der zweite Nutzsignalpfad einen weiteren spektrumsformenden
Filter (10) umfasst, der eine Ubertragungscharakteristik aufweist, die mit der umgekehrten Sekundérpfadiibertra-
gungscharakteristik (1/S(z)) identisch ist.

5. System nach einem der Anspriiche 1-4, wobei mindestens einer aus dem aktiven Gerduschminderungsfilter (5),
dem mindestens einen spektrumsformenden Filter (11), der die Sekundarpfadibertragungscharakteristik nachbildet,



10

15

20

25

30

35

40

45

50

55

EP 2 551 845 B1
und dem anderen spektrumsformenden Filter (10) ein adaptiver Filter ist.
6. Verfahren zur gerauschmindernden Tonwiedergabe, wobei:

ein Eingangssignal (v[n]) an einen Lautsprecher (3) geliefert wird, durch den es akustisch abgestrahlt wird;
das Signal, das von dem Lautsprecher (3) abgestrahlt wird, von einem Mikrofon (4) empfangen wird, das
akustisch mit dem Lautsprecher (3) Gber einen Sekundarpfad (2) gekoppelt ist, der eine Sekundéarpfadibertra-
gungscharakteristik (S(z)) aufweist und der ein Mikrofonausgangssignal (y[n]) bereitstellt;

das Mikrofonausgangssignal (y[n]) von einem Nutzsignal (x[n]) subtrahiert wird, um ein Filtereingangssignal
(u[n]) zu erzeugen;

das Filtereingangssignal (u[n]) in einem aktiven Gerauschminderungsfilter (5) gefiltert wird, um ein Fehlersignal
(e[n]) zu erzeugen; und

das Nutzsignal (x[n]) von dem Fehlersignal (e[n]) subtrahiert wird, um das Lautsprechereingangssignal (v[n])
zu erzeugen; und

das Nutzsignal (x[n]) von einem oder mehreren spektrumsformenden Filtern (10, 11, 18, 19, 20, 21) vor der
Subtraktion vom Mikrofonausgangssignal (y[n]) gefiltert wird, wobei mindestens einer der spektrumsformenden
Filter (11) eine Ubertragungscharakteristik aufweist, die die Sekundarpfadiibertragungscharakteristik (S(z))
nachbildet;

das Nutzsignal (x[n]) vor der Subtraktion von dem Mikrofonausgangssignal (y[n]) mit der Ubertragungscharak-
teristik des mindestens einen spektrumsformenden Filters (11), der die Sekundarpfadiibertragungscharakte-
ristik nachbildet, gefiltert wird, wobei der mindestens eine spektrumsformende Filter (11), der die Sekundar-
pfadibertragungscharakteristik nachbildet, ein Mikrofonsignal (y[n]) an dem Mikrofonausgangspfad in Bezug
auf das Nutzsignal (x[n]) linearisiert;

das Filtern des Nutzsignals (x[n]) ein Tiefpass-Kuhschwanzfiltern beinhaltet.

7. Verfahren nach Anspruch 6, wobei alle spektrumsformenden Filter (10, 11, 18, 19, 20, 21) insgesamt die Sekundar-
pfadibertragungscharakteristik (S(z)) nachbilden.

8. Verfahren nach Anspruch 6 oder 7, wobei das Filtern des Nutzsignals (x[n]) ein Entzerren beinhaltet.

9. Verfahren nach einem der Anspriiche 6 bis 8, wobei das Nutzsignal (x[n]) vor der Subtraktion vom Lautsprecher-
eingangssignal (v[n]) mit einer Ubertragungscharakteristik gefiltert wird, die mit der umgekehrten Sekundarpfadii-
bertragungscharakteristik (1/S(z)) identisch ist.

Revendications
1. Systéme de reproduction de son réduisant le bruit comprenant :

un haut-parleur (3) qui est connecté a une voie d’entrée de haut-parleur ;

un microphone (4) qui est couplé acoustiquement au haut-parleur (3) via une voie secondaire (2) et connecté
a une voie de sortie de microphone ;

un premier soustracteur (8) qui est connecté en aval de la voie de sortie de microphone et d’'une premiere voie
de signal utile ;

un filtre de réduction de bruit actif (5) qui est connecté en aval du premier soustracteur (8) ; et

un second soustracteur (9) qui est connecté en aval du filtre de réduction de bruit actif (5), en aval d’'une seconde
voie de signal utile, et en amont de la voie d’entrée de haut-parleur,

dans lequel :

la voie secondaire (2) a une caractéristique de transfert de voie secondaire (S(z)) ;

les deux voies de signal utile sont alimentées avec un signal utile (x[n]) a reproduire ; et

au moins l'une des voies de signal utile comprend un ou plusieurs filtres de conformation de spectre (10,
11, 18, 19, 20), dans lequel au moins I'un des filtres de conformation de spectre (11) a une caractéristique
de transfert qui modélise la caractéristique de transfert de voie secondaire (S(z)) ;

la premiére voie de signal utile comprend I'au moins un filtre de conformation de spectre (11) et 'au moins
un filtre de conformation de spectre (11) qui modélise la caractéristique de transfert de voie secondaire
linéarise un signal de microphone (y[n]) sur la voie de sortie de microphone concernant le signal utile (x[n]) ;
I'au moins un filtre de conformation de spectre (11) qui modélise la caractéristique de transfert de voie

10
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secondaire comprend au moins deux sous-filtres (18, 19) ; et
I'un des sous-filires (18, 19) de I'au moins un filtre de conformation de spectre (11) qui modélise la carac-
téristique de transfert de voie secondaire est un filtre de dégradé de réduction des aigus.

Systeme selon la revendication 1, dans lequel au moins I'un des sous-filtres (18, 19) de I'au moins un filtre de
conformation de spectre (11) qui modélise la caractéristique de transfert de voie secondaire est un filtre d’égalisation.

Systeme selon I'une des revendications 1 ou 2, dans lequel 'au moins un des sous-filtres (18, 19) de I'au moins un
filtre d’égalisation est un filire d’égalisation de réduction des aigus.

Systéme selon 'une des revendications 1 a 3, dans lequel la seconde voie de signal utile comprend un autre filtre
de conformation de spectre (10) qui a une caractéristique de transfert qui est identique a la caractéristique de
transfert de voie secondaire inverse (1/S(z)).

Systeme selon I'une des revendications 1 a 4, dans lequel au moins I'un du filtre de réduction de bruit actif (5), de
I'au moins un filtre de conformation de spectre (11) qui modélise la caractéristique de transfert de voie secondaire,
et d’un autre filtre de conformation de spectre (10) est un filire adaptatif.

Procédé de reproduction de son réduisant le bruit, dans lequel :

un signal d’entrée (v[n]) est délivré a un haut-parleur (3) grace auquel il est émis acoustiquement ;

le signal émis par le haut-parleur (3) est recu par un microphone (4) qui est couplé acoustiquement au haut-
parleur (3) via une voie secondaire (2) qui a une caractéristique de transfert de voie secondaire (S(z)) et qui
fournit un signal de sortie de microphone (y[n]) ;

le signal de sortie de microphone (y[n]) est soustrait d’'un signal utile (x[n]) pour générer un signal d’entrée de
filtre (u[n]) ;

le signal d’entrée de filtre (u[n]) est filtré dans un filtre de réduction de bruit actif (5) pour générer un signal
d’erreur (e[n]) ; et

le signal utile (x[n]) est soustrait du signal d’erreur (e[n]) pour générer le signal d’entrée de haut-parleur (v[n]) ; et
le signal utile (x[n]) est filtré par un ou plusieurs filtres de conformation de spectre (10, 11, 18, 19, 20, 21) avant
soustraction du signal de sortie de microphone (y[n]), dans lequel au moins I'un des filtres de conformation de
spectre (11) a une caractéristique de transfert qui modélise la caractéristique de transfert de voie secondaire
(S(2)

le signal utile (x[n]), avant soustraction du signal de sortie de microphone (y[n]), est filtré avec la caractéristique
de transfert de I'au moins un filtre de conformation de spectre (11) qui modélise la caractéristique de transfert
de voie secondaire, dans lequelI’'au moins unfiltre de conformation de spectre (11) qui modélise la caractéristique
de transfert de voie secondaire linéarise un signal de microphone (y[n]) sur la voie de sortie de microphone
concernant le signal utile (x[n]) ;

le filtrage du signal utile (x[n]) comporte un filtrage de dégradé de réduction des aigus.

Procédé selon la revendication 6, dans lequel tous les filires de conformation de spectre (10, 11, 18, 19, 20, 21)
modélisent en totalité la caractéristique de transfert de voie secondaire (S(z)).

Procédé selon la revendication 6 ou 7, dans lequel le filtrage du signal utile (x[n]) comporte une égalisation.
Procédé selon I'une des revendications 6 a 8, dans lequel le signal utile (x[n]), avant soustraction du signal d’entrée

de haut-parleur (v[n]), est filtré avec une caractéristique de transfert qui est identique a la caractéristique de transfert
de voie secondaire inverse (1/S(z)).
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