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(57)  Asignal processing unit and a method for com-
pressing audio signals are described. In order to avoid
overmodulation, a compressed multiplex signal gener-
ated by a multiplexer with compression, and an uncom-
pressed multiplex signal generated by a multiplexer
without compression are blended to form a blended out-
put signal. The respective contribution of the com-

Compression of audio signals in a FM transmitter

pressed multiplex signal and the uncompressed multi-
plex signal to the blended output signal is controlled by
means of a blend control signal. Whenever an overmod-
ulation of the compressed multiplex signal is detected,
the contribution of said uncompressed multiplex signal
is temporarily increased. Thus, it is possible to provide
a peak reduction method which does not reduce the au-
dio quality of the transmitted signal.
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Description

[0001] The present invention is related to a signal compression unit for compressing audio signals, and to a FM
transmitter comprising a signal compression unit. Furthermore, the invention is related to a method for compressing
audio signals.

[0002] Companders are generally known. A compander compresses the difference signal before the channel or
storage medium and expands after the channel or storage medium. Therewith, audible noise distortions which are
added to the transmitted or stored signal are reduced by such a compander. One of the best known companders for
tape recording purposes is the Dolby-B-type noise reduction system. Such a syllable compander calculates the slowly
varying envelope amplitude of the audio signal and compresses/ expands the audio signal according thereto. A detailed
description of companders and in particular of the Dolby NR (Noise Reduction) system can be found under http://www.
dolby.com/ken.

[0003] Further, the usage of a compander for FM broadcast is also generally known. In this field a noise reduction
of the difference signal noise is achieved by compressing the difference signal in the transmitter and transmitting the
compressed difference signal additionally within the normally transmitted FM signal. According to Emil L. Torick and
Thomas B. Keller "Improving the signal-to-noise ratio and coverage of FM stereophonic broadcasts", J. Audio Enc.
Soc. Vol. 33, No. 12, New York, 1985 December, pages 938-943, presented under the title "FMX Studio Broadcast
System" at the 79th convention of the Audio Engineering Society, 1985, October 12-16, the compressed difference
signal is added to the in-quadrature component of the modulated 38 kHz carrier, i.e. the compressed difference signal
is transmitted in quadrature to the uncompressed difference signal. Alternatively, DE 41 28 045 A1 describes to add
the compressed difference signal to the lower sideband of the modulated 38 kHz carrier and to subtract the compressed
difference signal from the upper sideband of the modulated 38 kHz carrier before transmission of the so modified
multiplex signal. A mathematical analysis of both described modulation systems leads to the finding that the better and
therefore preferred solution is the method described in DE 41 28 045 A1.

[0004] In the European Patent Application EP-A-01120334.6, "Linear Phase Compander for FM Broadcast", which
has been filed by the applicant of the present application, a method for noise reduction of an FM signal is described,
together with a corresponding FM transmitter. The difference signal is companded and transmitted within the FM mul-
tiplex signal, whereby a difference signal is split into n subbands, and whereby for each subband, a respective com-
pressor gain is defined. By means of a multiband filter, a linear phase response is achieved. The complete disclosure
of said application is herewith incorporated into this specification by reference.

[0005] Inthe European Patent Application EP-A-01120333.8, "Noise Reduction in a Stereo Receiver Comprising an
Expander", which has been filed by the applicant of the present application, a method for noise reduction of a FM signal
is described, whereby the difference signal is companded, and whereby the compressed difference signal is transmitted
additionally within the FM signal. On part of the FM receiver, an additional denoising is performed in which a noise
indicator is determined by a subtraction of the difference signal from the additionally transmitted difference signal. The
complete disclosure of said application is herewith incorporated into this specification by reference.

[0006] In the European Patent Application EP-A-01120335.3, "Method for Noise Reduction of a FM signal”, which
has been filed by the applicant of the present application, a method for noise reduction of a FM multiplex signal and a
FM transmitter is described. The FM multiplex signal includes a sum signal, a difference signal, and additionally, a
compressed difference signal. On part of the FM transmitter, the compressor for compressing the difference signal
comprises a first delay element arranged in the signal path of the difference signal to introduce a group delay linked
to the generation of the compressor gain, and a second delay element arranged in the signal path of the sum signal
to introduce a group delay linked to the generation of the compressor gain. Furthermore, it is disclosed to use both the
sum signal and the difference signal for determining the compressor gain. The complete disclosure of said application
is herewith incorporated into this specification by reference.

[0007] When compressing a signal, the increase of the peak amplitude of the multiplex signal might lead to transient
overshoots and overmodulation. Besides the above-mentioned applications, there exist several state of the art methods
for reducing the peak amplitude.

[0008] According to a first approach, the audio signal amplitude is reduced. This method has the disadvantage that
the reduction of the audio amplitude is related to a reduction of the audio SNR (signal to noise ratio) since the audio
signal power is reduced. Moreover, many broadcasters try to transmit their audio signal as loud as possible in order
to achieve a "competitive" audio signal.

[0009] According to a second approach, the peak amplitude is limited by means of a limiter. This method has the
disadvantage that the increased peak amplitude of the advanced multiplex signal leads to an increased amount of
limitations of the multiplex signal in the transmitter. Thus, the audio signal in an advanced FM receiver and a conven-
tional FM receiver is disturbed.

[0010] According to a third approach, a reduction of the peak amplitude is achieved by using preemphase filters with
variable time constant, or by using audio filters with time-variant transfer functions. These methods have the disad-
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vantage that the conventional and the advanced FM receiver are disturbed by a peak amplitude reduction.

[0011] Therefore, itis an object underlying the present invention to provide a signal compression unit for compressing
audio signals in a FM transmitter, a FM transmitter and a method for compressing audio signals, whereby the over-
modulation due to transient overshoots is further reduced, without distorting the audio signal.

[0012] The object of the invention is solved by a signal compression unit for compressing audio signals according
to claim 1, by a FM transmitter according to claim 10, and by a method for compressing audio signals according to
claim 12. Preferred embodiments thereof are respectively defined in the following dependent sub-claims. A computer
program product according to the present invention is defined in claim 19 and a computer readable storage medium
according to the present invention is defined in claim 20.

[0013] According to the invention, the signal compression unit for compressing audio signals in a FM transmitter
comprises first multiplex signal generation means for generating an uncompressed multiplex signal from said audio
signals, and second multiplex signal generation means for generating a compressed multiplex signal from said audio
signals. Furthermore, the signal compression unit comprises an overmodulation detection unit for detecting overmod-
ulation of said compressed multiplex signal, and a blending unit for blending said compressed multiplex signal and
said uncompressed multiplex signal in order to generate a blended output signal. Whenever overmodulation of said
compressed multiplex signal is detected, the contribution of said uncompressed multiplex signal to said blended output
signal is increased.

[0014] An increasing of the contribution of said uncompressed multiplex signal can be described by a uniformly
reduction of the compression gains of all the subbands of the compressed multiplex signal. As a result, a peak reduction
of the blended output signal is obtained, and overmodulation due to transient overshoots is avoided. The blending ratio
can be continuously varied, and therefore, any required degree of peak reduction can be obtained.

[0015] Strong spectral components are not influenced by the inventive peak amplitude reduction method, since sub-
bands with a high signal power are not compressed anyway. The compression gain of these subbands is equal to one.
Only signal components with a very low signal power are compressed in the transmitter in order to achieve a noise
reduction on part of the FM receiver. These rather weak signal components are the only components that are affected
by the compression, and for this reason, these low power signal components are responsible that the amplitude of the
compressed multiplex signal gets larger than the amplitude of the uncompressed multiplex signal.

[0016] According to the invention, a peak reduction is achieved by reducing the compression. The contribution of
the uncompressed multiplex signal decreases the compression gain for the low power components. By reducing the
compression, the contribution of these low power components to the audio signal is reduced. Since the power of these
signal components is low compared to the audio signal power, a reduction of the compression of these signal compo-
nents is not audible. Thus, the reception of a state of the art FM receiver is not disturbed at all by the peak reduction
method according to the invention.

[0017] According to a preferred embodiment of the invention, said overmodulation detection unit comprises a com-
parator for comparing the amplitude of said compressed multiplex signal with a predefined threshold level, whereby
overmodulation is detected whenever said amplitude exceeds said predefined threshold level. Even short transient
overshoots can be detected by means of a comparator. By employing time delay units, a look-ahead detection of
transient overshoots can be implemented.

[0018] Preferably, the respective contributions of said compressed multiplex signal and of said uncompressed mul-
tiplex signal to said blended output signal are varied in a sliding transition. In a FM transmitter, sudden switching might
lead to spectral distortions. Therefore, sliding transitions are preferred.

[0019] Preferably, the respective contributions of said compressed multiplex signal and of said uncompressed mul-
tiplex signal to said blended output signal are controlled by a blend control signal that is generated by said overmod-
ulation detection unit. In case the blend control signal assumes a value of 1, the blended output signal is identical to
the compressed multiplex signal, and the uncompressed multiplex signal does not contribute. Vice versa, in case the
blend control signal assumes the value 0, the blended output signal is identical to the uncompressed multiplex signal,
and the compressed signal does not contribute to the blended output signal. By means of the blend control signal which
assumes values between 0 and 1, any blend of said uncompressed multiplex signal and said compressed multiplex
signal can be chosen, and sliding transitions can be easily realised.

[0020] Preferably, whenever overmodulation is detected, the amplitude of said blend control signal is smoothly varied
according to a Gauss-shaped pulse. In the PhD. thesis of Matthias Pauli, Universitat Hannover, "Zur Anwendung des
Mehrtragerverfahrens OFDM mit reduzierter Aulerbandstrahlung im Mobilfunk”, a sliding transition having a Gauss
shape is recommended for the reduction of the peak amplitude of an OFDM signal.

[0021] According to a preferred embodiment of the invention, said blended output signal is set to said compressed
multiplex signal in case no overmodulation is detected. In this case, a maximum compression can be obtained, and
the noise reduction is at its maximum.

[0022] Preferably, in case of overmodulation, the respective contributions of said compressed multiplex signal and
of said uncompressed multiplex signal to said blended output signal are chosen such that the contribution of said
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uncompressed multiplex signal to said blended output signal is the minimum contribution sufficient for avoiding over-
modulation. By restricting the admixture of the uncompressed multiplex signal to the necessary minimum, there is still
a considerable contribution of the compressed multiplex signal to the blended output signal, and therefore, the noise
reduction is still rather good.

[0023] According to a preferred embodiment of the invention, said second multiplex signal generation means for
generating said compressed multiplex signal comprise a multiband compressor which generates said compressed
multiplex signal on basis of subbands thereof. For each subband, the respective compressor gain is individually set
with regard to the amplitude of the spectral components within said subband. Thus, it is possible to adapt the respective
amount of compression to the signal's spectral characteristics.

[0024] Preferably, within said uncompressed multiplex signal, a sum signal and a difference signal are transmitted.
The right channel audio signal and the left channel audio signal are converted into a sum signal and a difference signal,
and these two signals are transmitted. Further preferably, the difference signal is modulated to the lower sideband of
the suppressed 38 kHz carrier of the uncompressed multiplex signal.

[0025] Preferably, within said compressed multiplex signal, a sum signal, an uncompressed difference signal and a
compressed difference signal are transmitted. Both the compressed and the uncompressed difference signal are trans-
mitted within the compressed multiplex signal. Because of its rather large signal to noise ratio, the sum signal is not
compressed at all.

[0026] The FM transmitter according to the invention comprises a signal compression unit as described above.
[0027] The inventive method for compressing audio signals is characterized by the following steps: First, an uncom-
pressed multiplex signal and a compressed multiplex signal are generated from said audio signals. Said compressed
multiplex signal and said uncompressed multiplex signal are blended in order to generate a blended output signal.
Overmodulation of said compressed multiplex signal is detected, and in case of overmodulation, the contribution of
said uncompressed multiplex signal to said blended output signal is increased.

[0028] The invention does not have to be implemented in hardware. The invention can also be realised as a computer
program product which carries out the method steps as described above when said computer program product is
executed on a computer, digital signal processor or the like.

[0029] Further features and advantages of the present invention will become apparent from the following description
of a preferred embodiment thereof taken in conjunction with the accompanying figures, wherein

Fig.1 shows a block diagram of a state of the art FM transmitter,
Fig.2 shows a FM transmitter according to the invention,
Fig. 3 shows a block diagram of a multiplexer with broadband compression,

Fig. 4 shows the peak multiplex signal amplitude of a conventional multiplex signal without compression (in espe-
cially, the difference signal is double sideband modulated),

Fig. 5 shows the peak multiplex signal amplitude of a multiplex signal without compression (in especially, the dif-
ference signal is single sideband modulated to the lower sideband),

Fig. 6 shows the peak multiplex signal amplitude of a multiplex signal with compression, whereby transient over-
shoots can be recognised,

Fig. 7 shows the peak multiplex signal amplitude of a blended multiplex signal according to the invention, and

Fig. 8 depicts the blend control signal that determines the contribution of the uncompressed multiplex signal and
of the compressed multiplex signal to the blended output signal.

[0030] In Fig. 1, a block diagram of a state of the art FM transmitter is depicted. The stereo audio signal 1 is input
to an audio/modulation processor 2. The audio/modulation processor 2 performs an equalizing of the audio signal, a
preemphase filtering of the audio signal, and a compression of the audio signal in order to increase the audio signal
power. This compression is not related to noise reduction, though. Furthermore, a multiplex signal 3 is generated, and
a peak reduction of said multiplex signal 3 is performed. The multiplex signal 3 is forwarded to a FM modulator 4, which
outputs the transmission signal 5.

[0031] Fig. 2 shows a block diagram of a FM transmitter according to the invention. A stereo audio signal 6 is input
to an audio/modulation processor 7. Again, the audio/modulation processor performs an equalizing, a preemphase
filtering, an audio compression for the purpose of increasing the audio signal power, and an audio manipulation for
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avoiding the FM overmodulation. The audio/modulation processor 7 outputs a pre-processed stereo audio signal 8,
which is forwarded to a multiplex signal generation and peak reduction unit. The pre-processed stereo audio signal 8
is input to a multiplexer with compression 9. At the output of the multiplexer with compression 9, a compressed multiplex
signal 10 is obtained. The multiplexer with compression is described in detail in the above referenced European Patent
Applications EP-A-01120333.8, EP-A-01120334.6, EP-A-01120335.3, which have been filed by the applicant of the
present application. The complete disclosure of said applications is herewith incorporated into this specification by
reference. A detailed description of the multiplexer with compression 9 will be given below with regard to Fig. 3.
[0032] The pre-processed stereo audio signal 8 is also input to a multiplexer without compression 11. Within the
multiplexer without compression 11, the compressor gain is fixed to 1, and therefore, the "compressed" difference
signal is identical to the difference signal itself. At the output of the multiplexer without compression 11, the uncom-
pressed multiplex signal 12 is obtained.

[0033] In case of an audio signal with high signal amplitude which comprises spectral components with low power,
these components are compressed in the multiplexer with compression 9. With respect to these spectral components,
the compressor gain is set to a value greater than 1. This leads to an increase of the peak amplitude of the compressed
multiplex signal 10. The overmodulation detection unit 13 detects signal components in the compressed multiplex
signal 10 with a signal amplitude that leads to an overmodulation of the FM modulator 14. In case an overmodulation
is detected, the overmodulation detection unit 13 outputs a blend control signal 15 that is forwarded to the blending
unit 16. Both the uncompressed multiplex signal 12 and the compressed multiplex signal 10 are forwarded as input
signals to the blending unit 16. The value of the blend control signal 15 determines the respective contributions of the
uncompressed multiplex signal 12 and of the compressed multiplex signal 10 to the blended output signal 17. In case
the amplitude of the blend control signal 15 is 1, the blended output signal 17 is equal to the compressed multiplex
signal 10. In case the amplitude of the blend control signal 15 is 0, the blended output signal 17 is equal to the uncom-
pressed multiplex signal 12.

[0034] In case an overmodulation is detected by the overmodulation detection unit 13, the contribution of the un-
compressed multiplex signal 10 to the blended output signal 17 is increased, and the contribution of the compressed
(and powerful) multiplex signal 12 to the blended output signal 17 is decreased, at least for a short period of time. By
doing this, the peak amplitude of the blended output signal 17 is reduced, and overmodulation is avoided. In most
cases, a slight change of the respective contributions is sufficient in order to avoid overmodulation. The blended output
signal 17 is forwarded to the FM modulator 14, which generates the FM transmission signal 18.

[0035] This blending to the advanced multiplex signal without compression is identical to a reduction of the com-
pression gains of all subbands of the difference signal. Depending on the blending, i.e. the ratio of the compressed
multiplex signal 10 to the uncompressed multiplex signal 12, the compression gains of all subbands are uniformly
reduced. Thus, the spectral components that dominate the audio signal are not influenced by this peak amplitude
reduction method, since subbands with a high signal power are not compressed at all (their compression gain is equal
to one), and so a blending does not change the signal content of such an uncompressed subband. Signal components
with a very low signal power are compressed in the FM transmitter in order to achieve a noise reduction on part of the
receiver. These signal components lead to the increase of the amplitude of the compressed multiplex signal 10 com-
pared to the uncompressed multiplex signal 12. These signal components have a very low signal power compared to
the audio signal power. Their contribution to the audio signal of an FM receiver is reduced by a reduction of the com-
pression caused by a blending according to this invention. The reception of a state of the art FM receiver (conventional
FM receiver) is not disturbed at all by the blending operation. Since these signal components are low compared to the
audio signal power, a reduction of the compression of these signal components is not audible in receivers comprising
an expander to perform a noise reduction.

[0036] In Fig. 3, a principle block diagram of the multiplexer with a broadband compression 9 is given. The audio
signal for the left channel a4(t) and the audio signal for the right channel a,(t) are input to a matrix circuit 19 which
outputs the sum signal s(t) and the difference signal d(t). The sum signal s(t) and the difference signal d(t) are input
to a control circuit 20 which determines a compressor gain c.(t) with which the difference signal gets compressed by
means of a multiplier 21. The control circuit 20 and the multiplier 21 together build the compressor. The control circuit
20 has a certain group delay T for the calculation of the compressor gain c(t). Further, to avoid audible distortions
resulting from a fast switching of the gain, an attack time should be considered in which the gain is slowly varied from
a current level to a wanted level. Therefore, to avoid transient overshoots the delayed difference signal d(t-T) gets
compressed. To ensure that the correct difference signal is input to the multiplier 21 of the compressor a first delay
element 22 with delay T is arranged in the signal path of the difference signal d(t) preceding said multiplier 21 of the
compressor. Of course, the control circuit 20 receives the undelayed difference signal d(t). The delayed difference
signal d(t-T) and the corresponding compressed difference signal d(t) are input to a modulation circuit 23 which mod-
ulates both signal as it is described in DE 41 28 045 A1, for example. The output signal of the modulator 23 is input to
an adder 24 which adds thereto the correspondingly delayed sum signal s(t-T) which is output by a second delay
element 25 receiving the sum signal s(t) from the matrix circuit 19. The adder 24 outputs the multiplex signal m(t).
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Preferably, a multi-band compressor is used instead of the above described broadband compressor.

[0037] In Fig. 4, 5, and 6 the peak amplitudes of the multiplex signals of different multiplexers for the same audio
signal are depicted. In Fig. 4, the peak multiplex signal amplitude of a conventional multiplex signal (without compres-
sion and with double sideband modulated difference signal) is shown, whereby a peak multiplex amplitude of 1 corre-
sponds to a frequency deviation of 75 kHz in the modulated FM signal. Here, the amplitude of the peak multiplex signal
does not exceed the value 1.

[0038] In Fig. 5, the peak multiplex amplitude of an advanced multiplex signal without compression is depicted,
whereby a peak multiplex amplitude of 1 corresponds to a frequency deviation of 75 kHz in the modulated FM signal.
Also here, the peak multiplex amplitude does not exceed the value 1.

[0039] Fig. 6 depicts the peak multiplex signal amplitude of an advanced multiplex signal with compression. Again,
a peak multiplex amplitude of 1 corresponds to a frequency deviation of 75 kHz. Due to the signal compression, the
peak multiplex amplitude surmounts the value 1 from time to time, for example at t=0.8 sec and at t=3 sec. At these
points of time, an overmodulation of the modulated FM signal will occur.

[0040] In Fig. 7, the peak multiplex signal amplitude of an advanced multiplex signal with compression is shown
again for the same audio signal as in Fig. 6, but now a reduction of the peak amplitude according to the invention is
performed. For this reason, the peak multiplex amplitude does no longer surmount the value 1. Especially at t=0.8 sec
and at t=3 sec, where transient overshoots have occurred in Fig. 6, the peak multiplex signal amplitude stays below 1.
[0041] In Fig. 8, the amplitude of the blend control signal is shown as a function of time for the example given in Fig.
7. The blend control signal controls the blending unit and determines the contribution of the uncompressed multiplex
signal and the contribution of the compressed multiplex signal to the blended output signal. When the amplitude of the
blend control signal is 1, the blended output signal is equal to the compressed multiplex signal, and the contribution
of the uncompressed multiplex signal is zero. Accordingly, when the amplitude of the blend control signal is set to 0,
the blended output signal would be equal to the uncompressed multiplex signal.

[0042] From Fig. 8, it can be seen that the amplitude of the blend control signal is equal to 1 as long as there are no
transient overshoots of the compressed multiplex signal. As long as there is no overmodulation, the blended output
signal is equal to the compressed multiplex signal. As can be seen from Fig. 6 and Fig. 7, there are transient overshoots
at t=0.5 sec, t=0.8 sec and at t=3 sec. According to the invention, a peak reduction of the blended output signal is
performed by temporarily increasing the contribution of the uncompressed multiplex signal to the blended output signal.
For this reason, the blend control signal is temporarily reduced in a Gauss shaped transition at the points of time t=0.5
sec, t=0.8 sec and t=3 sec, as depicted in Fig. 8.

[0043] In order to reduce the peak of the peak multiplex signal amplitude to a value below 1, it is not necessary to
reduce the contribution of the compressed multiplex signal to the blended output signal to zero. The minimum contri-
bution of the uncompressed multiplex signal that is necessary for avoiding overmodulation can be calculated from the
following formula:

transm_mux = blend_control - adv_with_compr + (1 - blend_control)

adv_without_compr

[0044] In this formula, the parameter blend_control denotes the blend control value shown in Fig. 8. The parameter
adv_with_compr denotes the respective amplitude of the compressed multiplex signal, which might exceed one in case
of a peak, and the parameter adv_without_compr denotes the respective amplitude of the uncompressed multiplex
signal. The parameter transm_mux denotes the desired value of the blended output signal. When determining the
required blend control value for a certain peak, the parameter transm_mux can be set to 1, and the corresponding
value of blend_control can be determined from the above equation.

[0045] In order to avoid distortion in the audio signal of an advanced FM receiver, the blend control signal advanta-
geously changes its value in a sliding transition. For example, the sliding transition can have a Gauss shape, as shown
in Fig. 8. Inthe Ph.D. thesis of Matthias Pauli, Universitat Hannover, "Zur Anwendung des Mehrtragerverfahrens OFDM
mit reduzierter AuRerbandstrahlung im Mobilfunk" a Gauss shape is recommended for the reduction of the peak am-
plitude of an OFDM signal.

Claims
1. Signal compression unit for compressing audio signals in a FM transmitter, characterized by

- first multiplex signal generation means (11) for generating an uncompressed multiplex signal (12) from said
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audio signals (6);

- second multiplex signal generation means (9) for generating a compressed multiplex signal (10) from said
audio signals (6);

- an overmodulation detection unit (13) for detecting overmodulation of said compressed multiplex signal (10);

- ablending unit (16) for blending said compressed multiplex signal (10) and said uncompressed multiplex signal
(12) in order to generate a blended output signal (17), whereby, whenever overmodulation of said compressed
multiplex signal (10) is detected, the contribution of said uncompressed multiplex signal (12) to said blended
output signal (17) is increased.

Signal compression unit according to claim 1, characterized in that said overmodulation detection unit comprises
a comparator for comparing the amplitude of said compressed multiplex signal with a predefined threshold level,
whereby overmodulation is detected whenever said amplitude exceeds said predefined threshold level.

Signal compression unit according to claim 1 or claim 2, characterized in that the respective contributions of said
compressed multiplex signal and of said uncompressed multiplex signal to said blended output signal are varied
in a sliding transition.

Signal compression unit according to anyone of claims 1 to 3. characterized in that the respective contributions
of said compressed multiplex signal and of said uncompressed multiplex signal to said blended output signal are
controlled by a blend control signal that is generated by said overmodulation detection unit.

Signal compression unit according to claim 4, characterized in that whenever overmodulation is detected, the
amplitude of said blend control signal is smoothly varied according to a Gauss-shaped pulse.

Signal compression unit according to anyone of claims 1 to 5, characterized in that in case no overmodulation
is detected, said blended output signal is set to said compressed multiplex signal.

Signal compression unit according to anyone of claims 1 to 6, characterized in that in case of overmodulation,
the respective contributions of said compressed multiplex signal and of said uncompressed multiplex signal to said
blended output signal are chosen such that the contribution of said uncompressed multiplex signal to said blended
output signal is the minimum contribution sufficient for avoiding overmodulation.

Signal compression unit according to anyone of claims 1 to 7, characterized in that said second multiplex signal
generation means for generating said compressed multiplex signal comprise a multiband compressor which gen-
erates said compressed multiplex signal on basis of subbands thereof.

Signal compression unit according to anyone of claims 1 to 8, characterized in that within said uncompressed
multiplex signal, a sum signal and a difference signal are transmitted.

Signal compression unit according to anyone of claims 1 to 9, characterized in that within said compressed
multiplex signal, a sum signal, an uncompressed difference signal and a compressed difference signal are trans-
mitted.

FM transmitter comprising a signal compression unit according to anyone of claims 1 to 10.
Method for compressing audio signals, characterized by the following steps:

- generating an uncompressed multiplex signal (12) and a compressed multiplex signal (10) from said audio
signals (6);

- blending said compressed multiplex signal (10) and said uncompressed multiplex signal (12) in order to gen-
erate a blended output signal (17);

- detecting overmodulation of said compressed multiplex signal (10);

- incase of overmodulation, increasing the contribution of said uncompressed multiplex signal (12) to said blend-
ed output signal (17).

Method according to claim 12, characterized by comparing the amplitude of said compressed multiplex signal
with a predefined threshold level, whereby overmodulation is detected whenever said amplitude exceeds said
predefined threshold level.
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Method according to claim 12 or 13, characterized by varying the respective contributions of said compressed
multiplex signal and of said uncompressed multiplex signal to said blended output signal in a sliding transition.

Method according to anyone of claims 12 to 14, characterized by controlling the respective contributions of said
compressed multiplex signal and of said uncompressed multiplex signal to said blended output signal by a blend
control signal that is generated by said overmodulation detection unit.

Method according to claim 15, characterized by smoothly varying the amplitude of said blend control signal ac-
cording to a Gauss-shaped pulse.

Method according to anyone of claims 12 to 16, characterized by setting said blended output signal to said com-
pressed multiplex signal in case no overmodulation is detected.

Method according to anyone of claims 12 to 17, characterized by choosing, in case of overmodulation, the re-
spective contributions of said compressed multiplex signal and of said uncompressed multiplex signal to said
blended output signal such that the contribution of said uncompressed multiplex signal to said blended output
signal is the minimum contribution sufficient for avoiding overmodulation.

Computer program product, comprising computer program means adapted to perform the method steps for com-
pressing audio signals as defined in anyone of claims 12 to 18or to embody the features of the signal compression
unit as defined in anyone of claims 1 to 10 when said computer program product is executed on a computer, digital
signal processor, or the like.

Computer readable storage medium storing thereon a computer program product according to claim 19.
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