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(54) Optimized delay detection of simulcast broadcast signals

(57) The present invention relates to a particular ef-
ficient scheme for determining an initial delay of a second
received audio signal with respect to a first received audio
signal, specifically suitable for a simulcast environment.
In order to receive a seamless and inaudible switchover
in a simulcast environment, the initial delay time must be
exactly determined and compensated by delaying the

first signal at the receiving apparatus by a respective
amount. Calculation power requirements are particularly
high, if the sound signals reproduced from first and sec-
ond received audio signals have different sampling fre-
quencies. The present invention adapts the sampling fre-
quencies by downsampling both signals for delay time
determination and thus considerably reduces calculation
effort.
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Description

[0001] The present invention relates to an apparatus
for receiving broadcast signals. More particularly, the
present invention relates to a broadcast signal receiving
apparatus which is operative to receive broadcast signals
that are transmitted via two different broadcast systems.
[0002] Analogue audio broadcasting systems have
been used for a long time in the field of audio broadcast-
ing. Audio broadcasting systems that have been practi-
cally employed include AM audio broadcasting systems
in which audio information signals are transmitted in the
form of an AM (amplitude modulated) audio information
signal and FM audio broadcasting systems in which au-
dio information signals are transmitted in the form of FM
(frequency modulated) audio information signal.
[0003] More recently, digital audio broadcasting sys-
tems have been introduced, in which audio information
signals are transmitted in the form of a digital audio in-
formation signal. Thereby, it is generally possible to im-
prove the quality of the audio information as received by
a receiver. For instance, in European countries, a digital
audio broadcasting system called DAB (Digital Audio
Broadcasting) is put into service. Another example for a
digital audio broadcasting system is DRM (Digital Radio
Mondiale).
[0004] Although it may be expected that digital audio
broadcasting systems will become widespread in the fu-
ture, and mainly replace analogue audio broadcasting
systems that have been basically used so far, there will
be a certain time period, in which both kinds of systems
are used in parallel. In particular, the existing analogue
broadcasting systems will remain in service as long as
the whole service area thereof is covered by digital broad-
casting services. During said time period, it is thus nec-
essary to have analogue and digital audio broadcasting
systems operating in parallel, at the same time. In par-
ticular, one and the same audio service (broadcast pro-
gram comprising audio signals to be reproduced) will be
transmitted via different (analogue and digital) broadcast
systems. While analogue broadcast systems have been
widespread for a long time and therefore at the present
time cover a large service area, the service area of the
newly emerging digital broadcasting systems has initially
been small and will increase only step-wisely. Therefore,
areas exist which are covered by the service areas of
both digital and analogue systems, but in other areas
digital audio broadcast signals cannot be received, or
can be received only in very poor quality, while signals
from analogue broadcasting systems can be properly re-
ceived, thus at the moment enabling a much higher per-
ception quality.
[0005] In the situation as outlined, it is therefore desired
that a user can always perceive the audio program with
the highest available quality. In case of supply bottle-
necks, it is therefore necessary to switch over between
the available systems, in order to always select the sys-
tem for reception, which delivers the best audio quality,

at a certain instance of time. Such an issue is of particular
importance in the case of mobile audio receivers, for in-
stance those employed in cars and other vehicles.
[0006] In order to always achieve the best possible re-
ception quality, audio receivers have been developed,
which include both analogue and digital receiving sec-
tions. When the same program is available on both of
the different broadcasting systems, a control signal is
used for switching the different receivers in order to select
the receiver which provides the best reception.
[0007] It has to be understood that the signals trans-
mitted by different systems such as digital and analogue
broadcasting systems, generally have different proper-
ties with respect to each other. For instance, signals dis-
tributed via digital broadcasting systems have different
spectral properties such as bandwidth and volume as
compared with the analogue systems. A further particu-
larly important difference between digitally and analo-
gously transmitted signals is a certain time delay of the
digital signals with respect to the analogue signals dis-
tributing the same broadcast contents (i.e. the same pro-
gram of an audio service).
[0008] The reason for said time delay resides in the
particulars of the digital broadcast transmission chain.
The digital coding results in a noticeable delay of a digital
broadcast audio signal compared to the corresponding
analogue audio signal. One important source of coding
delays in the digital broadcast system is, for instance,
time interleaving of audio information data for the pur-
pose of minimizing deterioration. A typical delay of a dig-
ital audio broadcast signal with respect to an analogue
broadcast signal of the same service is in the order of
several hundreds of milliseconds (ms), for example, 400
ms, up to the order of one second (s), for instance 1.4s.
[0009] In the case, when a switchover from a first
broadcasting system to a second broadcasting system
becomes necessary, for instance, when the digital broad-
cast signal becomes weak due to a movement of a ve-
hicle out of a service area of the digital broadcasting sta-
tion, it is therefore desired to perform the switchover from
the digital broadcasting system to the analogue broad-
casting system for reproduction in such a manner that
the user takes as little notice of the switchover as possi-
ble. In order to switchover between two broadcasting sys-
tems having the same audio contents, it is therefore nec-
essary to analyse the main differences between the audio
signals, and to perform a respective adaptation for the
switchover. In particular, a compensation of the time de-
lay is necessary.
[0010] Generally, the delay between the analogue and
the digital transmission varies from broadcasting station
to broadcasting station. It is therefore not possible to per-
form the delay time compensation based on the assump-
tion of a predetermined delay value. On the contrary, the
delay has to be dynamically determined during operation,
in the audio receiver.
[0011] A known apparatus for receiving audio broad-
cast signals is capable of receiving both digital audio
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broadcast signals and analogue audio broadcast signals
by means of respective reception portions, to obtain a
first reproduced sound signal, from the digital broadcast
signal and a second reproduced sound signal from the
analogue broadcast signal, respectively. Further, the ap-
paratus comprises a variable delay portion for delaying
the first reproduced sound signal obtained from the an-
alogue audio broadcast signal by a variable delay time.
The variable time delay applied by the variable delay por-
tion is controlled so as to reduce a difference in delay
time between the first reproduced time signal after being
delayed by the variable delay portion and the second
reproduced sound signal. Such a conventional apparatus
for receiving both analogue and digital broadcasting sys-
tems is known from European patent EP 0 863 632 B1.
[0012] A similar conventional apparatus is known from
document EP 1 227 608 A2, wherein two signal matching
control portions are employed for controlling the variable
delay between the two audio signals and the results of
the control portions are combined. The apparatus addi-
tionally also takes into account an adaptation of further
differences between the sound signals reproduced from
digital and analogue sources, such as volume.
[0013] For further processing, also the reproduced
sound signals from the analogously received broadcast
signals are generally digitalized so that both reproduced
sound signals are available in digitalized form, however,
generally having different sampling frequencies.
[0014] It is a drawback of prior art receivers for signals
from different broadcasting systems that the control
processing for delay compensation is complicated, in
particular, for considering different sampling frequencies
of the digitalized analogue broadcast signal and digital
broadcast signal. Respective control portions are there-
fore complicated and rather costly. Although it is gener-
ally possible to implement the control portions in the form
of a digital signal processor, however, a significant cal-
culation time would be required.
[0015] A problem in efficiently calculating a delay be-
tween broadcast signals received via different broadcast
systems does not only occur in case of parallel reception
of certain audio contents via analogue and digital trans-
missions such as FM and DAB or AM and DRM. Similar
problems occur in any broadcast environment, wherein
one audio service is transmitted via different broadcast
systems (a so-called "simulcast transmission"), and
wherein an inaudible switching between the two signals
shall be performed. Further examples for such a situation
include, but are not limited to: DRM and DAB simulcast
transmissions, analogue AM or FM and IBOC (In-Band-
On-Channel) simulcast transmissions, and satellite and
terrestrial audio broadcast systems in general.
[0016] The present invention aims to provide an im-
proved audio receiver and a respective receiving method
enabling a more efficient control of the delay between
two audio signals of different sampling rates originating
from different broadcast sources.
[0017] This is achieved by the features of the inde-

pendent claims.
[0018] According to the first aspect of the present in-
vention, an audio receiver is provided. The audio receiver
comprises a first signal receiving portion for receiving a
first audio broadcast signal to obtain a first reproduced
sound signal, and a second signal receiving portion for
receiving a second audio broadcast signal to obtain a
second reproduced sound signal. The audio receiver fur-
ther comprises a variable delay portion for delaying the
first reproduced sound signal by a variable delay time.
Moreover, the receiver comprises a delay control portion
for controlling the variable delay portion. The audio re-
ceiver further comprises a first downsampling portion for
downsampling the first reproduced sound signal and a
second downsampling portion for downsampling the sec-
ond reproduced sound signal. The delay control portion
controls the variable delay portion based on the first and
second reproduced sound signals downsampled by the
first and second downsampling portions.
[0019] According to a second aspect of the present
invention, a method of receiving audio broadcast signals
is provided. The method comprises the steps of receiving
a first audio broadcast signal, obtaining a first reproduced
sound signal from said received first audio broadcast sig-
nal, receiving a second audio broadcast signal and ob-
taining a second reproduced sound signal from the re-
ceived second audio broadcast signal. Further, the meth-
od comprises the step of delaying the first reproduced
sound signal by a variable delay time. The method further
includes the steps of downsampling the first reproduced
sound signal and downsampling the second reproduced
sound signal, and controlling the variable delay time
based on the downsampled first and second reproduced
sound signals.
[0020] It is the particular approach of the present in-
vention to control a variable delay portion for delaying
one out of two sound signals reproduced from two audio
broadcast signals received in an audio receiver, based
on downsampled versions of the respective sound sig-
nals. The invention thereby enables to precisely deter-
mine an initial delay between the two signals with low
calculation effort. Thereby, the initial delay can be effi-
ciently compensated for, in particular, for sound signals
originating from simulcast transmissions and having dif-
ferent sampling frequencies.
[0021] Preferably, the first audio broadcast signal is an
analogue signal and the second audio broadcast signal
is a digital signal. In compliance with this preferred em-
bodiment, the invention enables a seamless switchover
from a digital to an analogue broadcast signal, for in-
stance, for a mobile receiver in case when moving into
a service area wherein the digital signal becomes weak
or unavailable. Due to coding delays in the digital broad-
cast transmission chain, the digital broadcast audio sig-
nal has a noticeable delay compared to an analogue au-
dio signal of the same service, which shall be compen-
sated for to achieve seamless switchover.
[0022] The invention is, however, not limited to the
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case mentioned above. For instance, in a simulcast
transmission, the analogue signal can be given an initial
delay when sent out from the broadcast station. In that
case, the first audio broadcast signal, according to the
invention, can be a digital signal, and the second signal
can be an analogue signal. Further examples of signals
to which the present invention is applicable include, but
are not limited to cases, wherein either one of the first
and second audio broadcast signals are DRM and DAB
or analogue AM and DRM, or analogue AM/FM and
IBOC.
[0023] Also preferably, one of the audio broadcast sig-
nals is transmitted via satellite and the other is transmitted
via terrestrial transmission. In particular, the signal trans-
mitted via satellite can generally be assumed to be re-
ceived with an initial delay with respect to a correspond-
ing terrestrially transmitted signal, due to the considera-
bly larger travelling distance of the signal. In that case,
the signal transmitted terrestrially corresponds to the first
signal and shall be delayed at the receiver, for compen-
sation. Although the compensation is, in principle, pos-
sible at the broadcasting station, such a compensation
will generally not be complete, due to the dependency of
the differences in transmission paths on the particular
location of the moving station. Therefore, at least part of
the compensation is always necessary to be performed
at the receiving site. In view of the possibility of an initial
compensation at the broadcasting station, the invention
may also be applied to a case, wherein the first signal is
terrestrially transmitted, and the second signal is trans-
mitted via satellite.
[0024] Also preferably, the first and second audio
broadcast signals respectively transmit one and the
same audio service via different broadcast systems. Any
broadcast environment, wherein one audio service is
transmitted via different broadcast systems such as dig-
ital (for instance DAB or DRM) and analogue (for instance
FM or AM) are called "simulcast transmissions" in the art.
[0025] Preferably, the downsampled versions of the
sound signals that are employed for determining a delay
therebetween and controlling the variable delay for com-
pensation, are obtained by reducing a sampling frequen-
cy (also called sampling rate) thereof. Further preferably,
a lowpass filter, such as a FIR (Finite Impulse Response)
filter is applied to each of the sound signals before down-
sampling. Thereby, artefacts that may occur due to high
frequency components in downsampling may be elimi-
nated. Further preferably, the downsampling of each of
the sound signals is performed in two stages, respective-
ly. The first downsampling portion therefore comprises a
first and a second decimation stage. In the first decima-
tion stage, the first reproduced sound signal is downsam-
pled with a first downsampling ratio, and the result thereof
is further downsampled by the second decimation stage
with a second downsampling ratio. In the same manner,
the second downsampling portion comprises a third and
a fourth decimation stage wherein the second repro-
duced sound signal is subsequently downsampled with

a third and a fourth downsampling ratio. The downsam-
pling ratio is the ratio of a sampling frequency of a signal
before a particular downsampling stage to the sampling
frequency after the respective downsampling stage.
[0026] A two-stage downsampling of the two audio sig-
nals is particularly advantageous, since FIR filters of low
order can be used for average level detecting of signals
to be downsampled, without running in problems with
aliasing effects.
[0027] Preferably, the delay control portion determines
an initial delay time of the second reproduced sound sig-
nal with respect to the first reproduced sound signal, in
order to control the variable delay time of the variable
delay portion so as to compensate for the initial delay
time. Delay time compensation may be partially (delay
reduction) or completely. Preferably, the initial delay is
completely compensated by the variable delay of the first
signal, within the limits of the calculation precision of the
initial delay time. In accordance with the present inven-
tion, a precision of initial delay determination of 1 ms is
possible.
[0028] Preferably, the delay control portion determines
the initial delay time of the second reproduced sound
signal with respect to the first reproduced sound signal
by detecting the maximum of a cross-correlation function
between the downsampled first and downsampled sec-
ond reproduced sound signals. In order to reduce calcu-
lation power, cross-correlation is performed by convolu-
tion in the frequency domain. Cross-correlation in time
domain would need a high calculation power for long vec-
tors.
[0029] Preferably, after performing the cross calcula-
tion between the two signals, transmission gaps, muted
audio at the transmitter side or transmitted sine-frequen-
cies are detected in a subsequent silence detection step.
Thereby, artefacts due to signal portions that are not us-
able for delay time detection by cross-correlation can be
eliminated.
[0030] According to a preferred embodiment, the var-
iable delay portion comprises a ring buffer with variable
length. The variable delay time of the ring buffer can be
controlled in correspondence with the initial delay time
to be compensated, and indicated by a control signal
issued by the control portion based on the cross-corre-
lation function of the downsampled sound signals.
[0031] Preferably, downsampling is employed to ob-
tain reproduced sound signals originating from the differ-
ent transmission paths having only minimal differences
in sampling frequencies. The invention can reduce dif-
ferences in the sampling frequencies of the two signals
much below 1%.
[0032] Further embodiments of the present invention
are the subject matter of the dependent claims.
[0033] Additional features and advantages of the
present invention will become apparent from the follow-
ing and more particular description as illustrated in the
accompanying drawings, wherein:
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Fig. 1 illustrates the overall system architecture of
an exemplary embodiment of an audio receiver ac-
cording to the present invention,

Fig. 2 is a detailed block scheme of essential com-
ponents for an exemplary audio receiver for imple-
menting the present invention according to a partic-
ular embodiment, and

Fig. 3 is a flowchart illustrating steps of a method in
accordance with the present invention.

[0034] Illustrative embodiments of the present inven-
tion will now be described with reference to the drawings.
[0035] The present invention provides a scheme ena-
bling calculation time reduction for calculating a delay
time between two time-shifted audio signals having dif-
ferent sampling frequencies such as a (digitalized) ana-
logue broadcast signal and a digital broadcast signal.
The calculation time reduction is achieved by downsam-
pling the original audio signals to one similar sampling
frequency. The downsampling is preferably done in two
steps to reduce the needed calculation time further. "Sim-
ilar sampling frequency" means that the relative amount
of the difference in sampling frequencies between both
signals with respect to the absolute amount of one of the
sampling frequencies is considerably reduced after
downsampling with respect to the original relative differ-
ence before downsampling. Experiments showed that a
relative difference in the sampling frequency below
0.23% is acceptable.
[0036] Fig. 1 illustrates a general overview of the struc-
ture of an exemplary audio receiver according to the
present invention. The audio receiver comprises a first
antenna 10, a second antenna 20, a first signal reception
portion 12 and a second signal reception portion 22, a
first downsampling portion 16 and a second downsam-
pling portion 26, a variable delay portion 18, a delay con-
trol portion 30, a selection portion 32 and a selection con-
trol portion 34.
[0037] The first and the second signal reception por-
tions 12 and 22 receive and process audio broadcast
signals 11 and 21 that come in via antennae 10 and 20,
respectively. Preferably, the audio signals 11 and 21
transmit one and the same audio service (i.e. one and
the same audic program) via two different broadcast sys-
tems (simulcast). For instance, the first received signal
is an analogue broadcast signal such as FM, and the
second received signal is a digital audio broadcast signal
such as DAB. In case of simulcast transmission of ana-
logue and digital signals, due to coding delays in the dig-
ital broadcast transmission chain, there is a considerable
delay of the digital signal with respect to the analogue
signal. The delay has to be compensated in order to en-
able a seamless and inaudible switching between the
two signals. In the example of DAB and FM, the average
delay is about 1.4 seconds. Generally, however, the de-
lay may vary from station to station, and has, therefore,

to be dynamically determined at the receiving apparatus
during operation.
[0038] The processing performed by the first and sec-
ond signal reception portions 12 and 22, respectively re-
sults in a reproduced sound signal that is obtained on
the basis of the received audio broadcast signals. In case
of receiving an analogue and a digital signal, the first and
the second signal reception portions 12 and 22 are an
analogue audio broadcast signal receiving portion and a
digital audio broadcast signal receiving portion, respec-
tively.
[0039] Typical processing in an analogue audio broad-
cast signal receiving portion includes the steps to tune
in to an analogue audio broadcast signal, such as a FM
audio broadcast signal 11, and further includes a demod-
ulation processing and a de-emphasis processing. The
reproduced analogue sound signal 14 is digitized and
sampled with a first predetermined sampling frequency.
[0040] Typical processing in a digital audio broadcast
signal receiving portion includes tuning in to a digital au-
dio broadcast signal 20, audio and channel decoding,
and time de-interleaving to produce a reproduced digital
sound signal 24 constituted with time de-interleaved au-
dio information data. For further processing, the repro-
duced digital sound signal 24 is sampled with a second
predetermined sampling frequency.
[0041] The variable delay portion 18 is operable to de-
lay the first reproduced sound signal 14 (in a preferred
embodiment: obtained from an analogue broadcast sig-
nal 12) with a variable delay time. The output of variable
delay portion 18 is a time delayed first reproduced sound
signal 14’. Control of the variable delay portion 18, and,
in particular, the variable delay time is achieved by delay
control portion 30. Control of the variable delay time by
the delay control portion 30 is performed based on a cal-
culation of an initial delay time of the second reproduced
sound signal 24 with respect to the first reproduced sound
signal 14. In case of a simulcast transmission, the delay
time is defined as the delay between a particular portion
of the broadcast program in the sound signal 24 repro-
duced by the second signal reception portion 22 with re-
spect to the same portion of the program in the first sound
signal 14 as reproduced by the first signal reception por-
tion 12. Alternatively, the delay can for instance be de-
termined on the basis of predetermined pilot signals or
time stamps included in both received broadcast signals.
Such a determination is also suitable, if there is no simul-
cast situation.
[0042] Calculation of the initial delay time between two
signals having different sampling rates is generally com-
plicated and processing time consuming, in case of sig-
nals with two different sampling frequencies. According
to the present invention, the calculation processing by
the delay control portion 30 is simplified by downsampling
both first reproduced sound signal 14 and second repro-
duced sound signal 24 by different downsampling ratios.
Thereby, a high degree of coincidence between the sam-
pling rates of the first and the second reproduced sound
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signal can be achieved, i.e. the relative difference be-
tween the sampling frequencies of the first and second
downsampled sound signals may be reduced to a value
of an order of 0.2% or lower. Downsampling is performed
by first downsampling portion 16 and second downsam-
pling portion 26, for the first and the second reproduced
sound signal 14 and 24, respectively.
[0043] Selection unit 32 receives both the delayed first
reproduced sound signal 14’ and the second reproduced
sound signal 24. Selection portion 32 operates to select
one of the two input audio signals 14’ and 24 and output
a selected one of the signals for being perceived by the
user. Selection portion 32 is controlled by selection con-
trol portion 34. Generally, selection control by the selec-
tion control unit 34 is performed in such a manner that
the user is capable of always perceiving the signal cur-
rently having the best audio quality, even in case of a
moving receiver such as in a vehicle. In the case when
the quality of the currently selected audio signal decreas-
es (for instance if the currently perceived audio signal is
from digital broadcast, and the vehicle drives out of the
service area of the digital broadcasting station), automat-
ic switchover is performed. Since the timing of the de-
layed first reproduced sound signal 14’ and the second
reproduced sound signal 24 coincide to a high degree,
switchover by the selection unit 32 can be performed
seamlessly.
[0044] Fig. 2 is a more detailed view of a portion of the
audio receiver in a particular embodiment. In the partic-
ular embodiment, it is assumed that the first reproduced
sound signal (FM_ln 214) is a digitized analogue FM sig-
nal with a sampling frequency of 44,100 Hz and the sec-
ond reproduced sound signal (DAB_In 224) is a digital
audio signal (DAB signal) with a sampling frequency of
48,000 Hz. In the embodiment, the variable delay portion
is implemented by means of ring buffer 218 with variable
length. Ring buffer 218 outputs a delayed sound signal
with 44,100 Hz sampling rate. The variable time delay of
the ring buffer 218 is controlled by a control signal 238
for setting of the ring buffer dimension issued by delay
control portion 230. Delay control portion 230 operates
by correlating the first and the second reproduced sound
signal after having been downsampled in first downsam-
pling portion 216 and second downsampling portion 226.
[0045] First downsampling portion 216 includes first
decimation stage 216a and second decimation stage
216b. Decimation stage 216a includes a FIR lowpass
filter 216b1 of 32nd order and downsampling section
216a2 for downsampling the received signal by a ratio
of 1:11. Second decimation stage 216b includes 64th or-
der FIR lowpass filter 216b1 and downsampling section
216b2 with a downsampling ratio of 1:4.
[0046] Second downsampling section 226 includes
third decimation stage 226a and fourth decimation stage
226b. Third decimation stage 226a comprises 32nd order
FIR lowpass filter 226a1 and downsampling section
226a2 having a downsampling ratio of 1:8. Fourth deci-
mation stage 226b includes 64th order FIR lowpass filter

226b1 and downsampling section 226b2 having a down-
sampling ratio of 1:6.
[0047] Delay control portion 230 comprises two Fast
Fourier Transform (FFT) sections 231 and 232. Further,
delay control portion 230 comprises convolution section
233 and Inverse Fast Fourier Transform (IFFT) section
234. In the particular embodiment, control portion 230
further includes, besides peak detection section 236, a
silence detection section 235.
[0048] The difference in sampling weights between the
DAB audio signal and the digitized FM audio signal is
due to the specification of digital FM demodulators avail-
able in the art. While DAB audio signals are digitally trans-
mitted with a sampling frequency of 48,000 Hz (48 kHz),
the available digital FM demodulators use a sampling
frequency of 44,100 Hz (44.1 kHz), which is the sampling
frequency used by the CD.
[0049] To perform the cross-correlation between the
two signals, the sampling frequencies of the two signals
have to be matched. This is achieved by a two-step down-
sampling procedure wherein two different downsampling
ratios are applied by the first and second downsampling
portions, respectively. The first decimation stage 216a
receives the reproduced FM sound signal 214 with a sam-
pling rate of 44.1 kHz. After downsampling the signal with
a downsampling ratio of 1:11, the signal has an interme-
diate sampling frequency of approximately 4 kHz (exact-
ly: 4009.9 Hz). Said signal is further downsampled in sec-
ond decimation stage 216b with the downsampling ratio
of 1:4. The result is a signal with a sampling frequency
of approximately 1 kHz (exactly: 1,002.3 Hz).
[0050] Third decimation stage 226a receives repro-
duced DAB sound signal sampling frequency 48 kHz.
After downsampling with a ratio of 1:8, the sampling fre-
quency is 6 kHz (6,000 Hz). The downsampled signal is
further downsampled in the fourth decimation stage 226b
with a downsampling ratio of 1:6. The resulting signal of
the fourth decimation stage 226b has a sampling rate of
1 kHz (1,000 kHz). Accordingly, the sampling rates after
both signals have been downsampled in two stages with
different downsampling ratios respectively, coincide to a
high degree. The relative difference in sampling frequen-
cies is as low as 0.23%. Experiments showed that such
a small difference in the sampling frequencies is accept-
able.
[0051] It is a major advantage of the present invention
that both signals are converted to almost the same low
sampling frequency of 1 kHz in software. Thereby, nec-
essary calculation power to perform the cross-correlation
is reduced considerably and at the same time a possible
resolution of the determined delay time of 1 ms is possi-
ble. Such a high accuracy of delay time determination
and compensation is sufficient to perform an inaudible
switch between the two signals if so desired.
[0052] For determining the delay in the digitized FM
and DAB audio streams, cross-correlation is used. Be-
cause the cross-correlation in the time domain needs a
high calculation power for long vectors, the downsampled
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signals input to delay control portion 230 are first trans-
formed into the frequency domain by FFT sections 231
and 232, respectively. Cross-correlation is performed by
convolution in the frequency domain in convolution sec-
tion 233. After correlation, correlation results undergo in-
verse FFT in IFFT section 234.
[0053] In the particular embodiment described with ref-
erence to Fig. 2, after performing the cross-correlation
between the two signals, and re-transformation into the
time domain, the resulting signal (cross-correlation func-
tion) is processed by silence detection section 235 to
perform a "silence test" to ensure useful interpretation of
the cross-correlation function. The silence detection sec-
tion 235 detects transmission gaps, muted audio at the
transmitter side or transmitted sine-frequencies. If such
audio signals occur during the determination of the delay,
the cross-correlation function has no clear maximum
peak. Signals the cross-correlation function of which has
no clear maximum peak are not usable for delay deter-
mination by peak detection. Therefore, silence detection
section 235 determines if the maximum value of the
cross-correlation function is much higher than the aver-
age value (i.e. a clear peak is present). If this is not the
case, it is considered that the currently received signals
are not usable for delay determination, and the whole
process is started again with new samples of the audio
signals. By processing of the silence detection section
235, delay control section 230 takes into account that the
audio may be muted or otherwise deteriorated so that no
clear peak in the cross-correlation function can be de-
tected. In the case that the audio signal is muted, the
delay detection must be repeated until the audio signal
is not muted.
[0054] The subsequent last processing stage is per-
formed by peak detection section 236. Peak detection
section 236 calculates the delay time by detecting the
peak (maximum) of the cross-correlation function. The
position of the maximum of the cross-correlation function
between the FM and the DAB audio signals determines
the delay between the two signals, measured in the
number of samples (after downsampling). The thus de-
termined initial delay of the second signal with respect
to the first signal determines the delay time of ring buffer
218. Ring buffer 218 shall delay the FM audio signal 214
to produce a delayed FM audio signal 214’ that is delayed
with respect to initial signal 214 by the delay time of signal
224 with respect to signal 214, as determined by control
section 230 (delay time compensation). Thus, the calcu-
lated value of the initial delay time is taken to define the
dimension of ring buffer 218 to appropriately delay FM
audio signal 214 to compensate for the initial delay of
digital signal 224. After the delay of FM signal 214, de-
layed FM audio signal 214’ and DAB audio 224 are
aligned, and a switch between the two signals can be
performed seamlessly and inaudible to the user.
[0055] It has to be noted that the particular exemplary
data, especially the indicated values concerning sam-
pling frequencies, downsampling ratios, FIR low pass fil-

ter orders etc. are given by way of exemplary description
only in the foregoing description. The invention is not
limited to these particular values and respective modifi-
cations to other values, or employing, for instance, only
a single decimation stage for downsampling each signal,
are possible within the present invention. Fig. 3 shows
an exemplary flowchart of a method for determining the
control signal setting a variable delay time in accordance
with the present invention.
[0056] The initial processing of steps S100 to S130 on
the left-hand side of the flowchart of Fig. 3, and of steps
S200 to S230 on the right-hand side of the flowchart are
performed in parallel, for the analogue and digital re-
ceived audio signals, respectively. In step S100 and re-
spectively S200, an analogue and a digital audio signal
are received. As indicated above, the specifics of the
received signals is not limited to an analogue and a digital
signal, but other kinds of signals such as two different
kinds of digital signals, or audio broadcast signals dis-
tributed by satellite and terrestrially, respectively, are
generally also possible.
[0057] In step S110, the received signal (in the exam-
ple: analogue signal) is processed to obtain the digitized
analogue sound signal with a first sampling frequency at
step S120. A respective signal processing of the second
received signal (in the example: digital signal) is per-
formed in step S210 to obtain a reproduced digital sound
signal with a second sampling frequency in step S220.
Downsampling of the respective signals is performed by
corresponding processing steps S130 for the analogue
signal and S230 for the digital signal.
[0058] In subsequent step S300, cross-correlation is
performed between the two downsampling signals. As
described above, preferably, the cross-correlation is per-
formed by convolution in the frequency domain.
[0059] Subsequent step S310 detects the position of
the peak of the resulting cross-correlation function. In the
preferred embodiment as described above, in an inter-
mediate step (not shown in Fig. 3) between steps S300
and S310, silence detection is performed, in order to dis-
regard any correlation result having no clear peak, and
therefore not usable for delay determination. On the basis
of the peak detected in step S31 0, the initial delay of the
second (digital) audio signal with respect to the first (an-
alogue) audio signal is determined. The determined initial
delay forms the basis for generating a control signal in
step S330 that determines the necessary amount of var-
iable time delay to be applied by variable delay portion
18, in order to compensate for the detected initial delay.
Step S340 instructs variable delay portion 18 by setting
the respective variable delay time.
[0060] After the analogue signals have passed the var-
iable delay portion, there is no noticeable delay between
the analogue and the digital signal any more and switch-
ing between the two signals can be performed at any
time.
[0061] The present invention as defined by the ap-
pended claims is not limited to those particular embodi-
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ments that have been described in detail above. A person
skilled in the art is aware of plural further modifications
of the described embodiments.
[0062] In summary, the present invention relates to a
particular efficient scheme for determining an initial delay
of a second received audio signal with respect to a first
received audio signal, specifically suitable for a simulcast
environment. In order to receive a seamless and inaudi-
ble switchover in a simulcast environment, the initial de-
lay time must be exactly determined and compensated
by delaying the first signal at the receiving apparatus by
a respective amount. Calculation power requirements
are particularly high if the sound signals reproduced from
first and second received audio signals have different
sampling frequencies. The present invention adapts the
sampling frequencies by downsampling both signals for
delay time determination and thus considerably reduces
calculation effort.

Claims

1. An audio receiver, comprising:

a first signal receiving portion (12) for receiving
a first audio broadcast signal (10) to obtain a
first reproduced sound signal (14, 214),
a second signal receiving portion (22) for receiv-
ing a second audio broadcast signal (20) to ob-
tain a second reproduced sound signal (24,224),
a variable delay portion (18, 218) for delaying
the first reproduced sound signal (14, 214) by a
variable delay time, and
a delay control portion (30, 230) for controlling
said variable delay portion (18, 218),
characterized by
a first downsampling portion (16, 216) for down-
sampling the first reproduced sound signal (14,
214),
a second downsampling portion (26, 226) for
downsampling the second reproduced sound
signal (24, 224), and in that
said delay control portion (30, 230) controlling
said variable delay portion (18, 218) based on
the first and second reproduced sound signals
downsampled by said first and second down-
sampling portions.

2. An audio receiver according to claim 1, wherein said
first audio broadcast signal (10) being an analogue
signal, and said second audio broadcast signal (20)
being a digital signal.

3. An audio receiver according to claim 1 or 2, wherein
one of said audio broadcast signals (10, 20) being
transmitted via satellite and the other of said audio
broadcast signals (10, 20) being transmitted via ter-
restrial transmission.

4. An audio receiver according to any of claims 1 to 3,
wherein said first and said second audio broadcast
signals (10, 20) respectively transmit one audio serv-
ice via different broadcast systems.

5. An audio receiver according to any of claims 1 to 4,
wherein
said first downsampling portion (16, 216) comprising
a first decimation stage (216a) for downsampling
said first reproduced sound signal (14, 214) with a
first downsampling ratio and a second decimation
stage (216b) for downsampling the signal downsam-
pled by the first decimation stage (216a) with a sec-
ond downsampling ratio; and
said second downsampling portion (26, 226) com-
prising a third decimation stage (226a) for downsam-
pling said second reproduced sound signal (24, 224)
with a third downsampling ratio and a fourth decima-
tion stage (226b) for downsampling the signal down-
sampled by the third decimation stage (226a) with a
fourth downsampling ratio.

6. An audio receiver according to any of claims 1 to 5,
wherein said delay control portion (30, 230) deter-
mining an initial delay time of the second reproduced
sound signal (24, 224) with respect to the first repro-
duced sound signal (14, 214), in order to control the
variable delay time of the variable delay portion (18,
218) so as to compensate for the initial delay time.

7. An audio receiver according to claim 6, wherein said
delay control portion (30, 230) comprising a correla-
tion section (231, 232, 233, 234) for determining said
initial delay time of the second reproduced sound
signal (24, 224) with respect to the first reproduced
sound signal (14, 214) by detecting the maximum of
a cross-correlation function between the downsam-
pled first and downsampled second reproduced
sound signals.

8. An audio receiver according to any of claims 1 to 7,
wherein said variable delay portion (18) comprising
a ring buffer (218) with variable length.

9. A method of receiving audio broadcast signals (10,
20), comprising the steps of
receiving (S100) a first audio broadcast signal (10),
obtaining (S110, S120) a first reproduced sound sig-
nal (14, 214) from said received first audio broadcast
signal (10),
receiving (S200) a second audio broadcast signal
(20),
obtaining (S210, S220) a second reproduced sound
signal (24, 224) from said received second audio
broadcast signal (20), and
delaying the first reproduced sound signal (14, 214)
by a variable delay time, characterized by the steps
of
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downsampling (S130) the first reproduced sound
signal (14),
downsampling (S230) the second reproduced sound
signal (24), and
controlling (S300, S310, S320, S330, S340) said var-
iable delay time based on the downsampled first and
second reproduced sound signals.

10. A method according to claim 9, wherein said first
audio broadcast signal (10) being an analogue sig-
nal, and said second audio broadcast signal (20) be-
ing a digital signal.

11. A method according to claim 9 or 10, wherein one
of said audio broadcast signals (10, 20) being trans-
mitted via satellite and the other of said audio broad-
cast signals being transmitted via terrestrial trans-
mission.

12. A method according to any of claims 9 to 11, wherein
said first and said second audio broadcast signals
(10, 20) respectively transmit one audio service via
different broadcast systems.

13. A method according to any of claims 9 to 12, wherein
each of said downsampling steps (S130, S230) is
performed in two stages, such that said first repro-
duced sound signal (14, 214) is subsequently down-
sampled with a first downsampling ratio and a sec-
ond downsampling ratio, and said second repro-
duced sound signal (24, 224) is subsequently down-
sampled with a third downsampling ratio and a fourth
downsampling ratio.

14. A method according to any of claims 9 to 13, wherein
said controlling step comprising the step (S310,
S320) of determining an initial delay time of the sec-
ond reproduced sound signal (24, 224) with respect
to the first reproduced sound signal (14, 214), in or-
der to control the variable delay time so as to com-
pensate for the initial delay time.

15. An audio receiver according to claim 14, wherein
said determining step comprising the step of detect-
ing (S310) the maximum of a cross-correlation func-
tion between the downsampled first and downsam-
pled second reproduced sound signals.
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