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Description

[0001] The invention is directed to a method and an apparatus for providing an acoustic signal, in particular, a speech
signal, with extended bandwidth.

[0002] Acoustic signals transmitted via an analog or digital signal path usually suffer from the drawback that the signal
path has only a restricted bandwidth such that the transmitted acoustic signal differs considerably from the original
signal. For example, in the case of conventional telephone connections, a sampling rate of 8 kHz is used resulting in a
maximal signal bandwidth of 4 kHz. Compared to the case of audio CDs, the speech and audio quality is significantly
reduced.

[0003] Furthermore, many kinds of transmissions show additional bandwidth restrictions. In the case of an analog
telephone connection, only frequencies between 300 Hz and 3.4 kHz are transmitted. As a result, only 3.1 kHz bandwidths
are available.

[0004] In the case of speech signals, for example, the lack of high frequencies has the consequence that the com-
prehensibility is reduced. Furthermore, due to missing low frequency components, the speech quality is reduced.
[0005] In principle, the bandwidth of telephone connections could be increased by using broadband or wideband
digital coding and de-coding methods (so called broadband codecs). In such a case, however, both the transmitter and
the receiver have to support corresponding coding and de-coding methods which would require the implementation of
a new standard.

[0006] As analternative, systems for bandwidth extension can be used as described, for example, in P. Jax, Enhance-
ment of Bandwidth Limited Speech Signals: Algorithms and Theoretical Bounds, Dissertation, Aachen, Germany, 2002
or E. Larsen, R.M. Aarts, Audio Bandwidth Extension, Wiley, Hoboken, NJ, USA, 2004. These systems are to be
implemented on the receiver’s side only such that existing telephone connections do not have to be changed. In these
systems, the missing frequency components of the input signal with small bandwidths are estimated and added to the
input signal.

An example of the structure and the corresponding signal flow in such a state of the art bandwidth extension system is
illustrated in Figure 8. In general, the missing frequency components are re-synthesized blockwise.

[0007] At block 801, an incoming or received signal x(n) in digitized form is processed by an analysis filter bank so

19]

as to obtain spectral vectors X(ej * 3 n) + Here, the variable n denotes the time. In this Figure, it is assumed that the
incoming signal x(n) has already been converted to the desired bandwidth by increasing the sampling rate. In this
conversion step, no additional frequency components are to be generated which can be achieved, for example, by using
appropriate anti-aliasing or anti-imaging filtering elements. In order not to amend the transmitted signal, the bandwidth
extension is performed only within the missing frequency ranges. Depending on the transmission method, the extension
concerns low frequency (for example from 0 to 300 Hz) and/or high frequency (for example 3400 Hz to half of the desired
sampling rate) ranges.

[0008] In block 802, a narrowband spectral envelope is extracted from the narrowband signal, the narrowband signal
being restricted by the bandwidth restrictions of a telephone channel, for example. Via a non-linear mapping, a corre-
sponding broadband envelope is estimated from the narrowband envelope. The mappings are based, for example, on
codebook pairs (see J. Epps, W.H. Holmes, A New Technique for Wideband Enhancement of Coded Narrowband
Speech, IEEE Workshop on Speech Coding, Conference Proceedings, Pages 174 to 176, June 1999) or on neural
networks (see J.-M. Valin, R. Lefebvre, Bandwidth Extension of Narrowband Speech for Low Bit-Rate Wideband Coding,
IEEE Workshop on Speech Coding, Conference Proceedings, Pages 130 to 132, September 2000). In these methods,
the entries of the codebooks or the weights of the new networks are generated using training methods requiring large
processor and memory resources.

JioM

[0009] Furthermore, in block 803, a broadband or wideband excitation signal = ¢ (e ’ n) having a spectrally flat
envelope is generated from the narrowband signal. This excitation signal corresponds to the signal which would be
recorded directly behind the vocal chords, i.e. the excitation signal contains information about voicing and pitch, but not
about form and structures or the spectral shaping in general (see, for example, B. Iser, G. Schmidt, Bandwidth Extension
of Telephony Speech, EURASIP Newsletter, Volume 16, Number 2, Pages 2 to 24, June 2005).

[0010] Thus, to retrieve a complete signal, such as a speech signal, the excitation signal has to be weighted with the
spectral envelope. For the generation of excitation signals, nonlinear characteristics (see U. Kornagel, Spectral Widening
of the Excitation Signal for Telephone-Band Speech Enhancement, IWAENC '01, Conference Proceedings, Pages 215
to 218, September 2001) such as two-way rectifying or squaring, for example, may be used. For bandwidth extension,

7Q
the excitation signal = ¢ (e ’n) is spectrally colored using the envelope in block 804.
[0011] Afterthat, the spectral ranges used for the extension are extracted using a band stop filter in block 806 resulting
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jQp
in signal spectrum Yex! (e ’n) " The band stop filter can be effective, for example, in the range from 200 to 3700 Hz.

jQ
[0012] The spectra X(e g ,n) of the received signal are passed through a complementary bandpass filter in block

jQ iQ jQ
805. Then, the signal components Yex! (e g ’n) and Ytel (eJ ’ ’n) are added to obtain a spectrum Y(e ’ ’n)
with extended bandwidth. In block 807, the different spectra are assembled again in a synthesis filter bank to yield the
output signal y(n) having an extended bandwidth.
[0013] Additional elements might be present in the system, for example, to perform a preemphasis and/or a de-

iy Q,
emphasis step or to adapt the power of the spectra Ye"’ (e ’n) an Y’el (e ’n) ’
processing is performed in the sub band or frequency domain.

[0014] In the prior art systems, the signal parameters such as fundamental speech frequency, mean power, spectral
envelope, etc., are determined for whole blocks of sampling values. At least for a block, these parameters remain
unchanged. From these parameters, the extension signal and the broadband spectral envelope are generated. In the
last step, subsequent blocks with an overlap of 50 to 75 percent are combined and the spectrally extended output signal
is created. This results in a typical block offset of about 5 to 10 ms in case of an overall block length of about 20 ms.
[0015] This has the consequence that significant artifacts occur in case of strongly varying speech signal passages.
Furthermore, due to the block processing, a delay is inserted into the signal path. Particularly, in the case of handsfree
systems, also the transmitter path shows a delayed signal processing. In such a case, the sum of these delays would
yield overall delay values that are larger than the maximum values proposed by ETSI (ETS 300 903 (GSM 03.50),
Transmission Planning Aspects of the Speech Service in the GSM Public Land Mobile Network (PLMS) System, ETSI,
France, 1999) or ITU (ITU-T Recommendation G. 167, General Characteristics of International Telephone Connections
and International Telephone Circuits - Acoustic Echo Controllers, Helsinki, Finland, 1993). In particular for fixedly mounted
telephones or for handsfree systems, the maximum delay due to additional signal processing should be 2 ms. However,
this cannot be achieved with the prior art systems described above.

[0016] Therefore, itis an object underlying the present invention to provide a method and an apparatus for providing
an acoustic signal with extended bandwidth, wherein the above disadvantages are overcome and, in particular, the
signal delay is reduced.

[0017] This object is achieved by the method according to claim 1 and the apparatus according to claim 25.

[0018] Accordingly, the invention provides a method for providing an acoustic signal with extended bandwidth, com-
prising providing an upper extension signal for extending a received acoustic signal at upper frequencies, wherein
providing the upper extension signal comprises shifting the received acoustic signal at least above a predetermined
lower frequency value and/or below a predetermined upper frequency value by a predetermined shifting frequency value
to obtain the shifted signal.

[0019] As the extension signal is provided based on shifting the received acoustic signal, i.e. by providing a shifted
copy of the received signal, no block based signal processing is needed. Therefore, the delay occurring during signal
processing is reduced compared to the case of the above block based processing.

[0020] For obtaining the upper extension signal, the received acoustic signal over its full range may be shifted. Alter-
natively, only part of the received acoustic signal in the sense that the received acoustic signal above a predetermined
lower frequency value and/or below a predetermined upper frequency value may be shifted.

[0021] In the above formulation, the term "at upper frequencies" does not necessarily denote a predefined frequency
range but rather indicates that the received acoustic signal is extended or complemented at frequencies lying in the
upper frequency range of and/or above the frequency range of the received acoustic signal.

[0022] Inprinciple, the obtained shifted signal may be taken as upper extension signal. However, additional processing
of the shifted signal is possible as well. The predetermined shifting frequency value may be chosen so that the shifted
signal covers a frequency range suitable for complementing the received acoustic signal.

[0023] The received acoustic signal may be a digital signal or may be digitized.

[0024] In the above method, the step of shifting may be preceded by high-pass filtering the received acoustic signal.
[0025] This is particularly useful in order to avoid that the signal resulting from shifting the received acoustic signal
overlaps with the received acoustic signal. By performing such a high-pass filtering, the received acoustic signal is
shifted only as far as it is above the predetermined lower frequency which is the cutoff frequency of the high-pass filter;
thus, overlap of the shifted signal and the received acoustic signal can be avoided.

[0026] In the above methods, the step of shifting may be followed by high-pass filtering the shifted signal to obtain a
filtered shifted signal.

[0027] Such asubsequent high-pass filtering further ensures that components of the shifted signal that would overlap
with the original received acoustic signal will be removed. The filtered shifted signal may be taken as upper extension

d In many cases, the signal
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signal. However, additional processing of the filtered shifted signal is possible as well.

[0028] The cutoff frequency of a high-pass filter for high-pass filtering the shifted signal may correspond to the cutoff
frequency of the high-pass filter filtering the received acoustic signal plus the predetermined shifting frequency value.
This is a particularly advantageous choice for avoiding the shifted signal and the received acoustic signal overlap.
[0029] In the above described methods, high-pass filtering the received acoustic signal and/or high-pass filtering the
shifted signal may be performed using a recursive filter, in particular, a Chebyshev and/or a Butterworth filter.

[0030] These IIR filters allow for an efficient implementation of the high-pass filters.

[0031] The step of shifting may comprise performing a cosine modulation of the received signal. Such a modulation
results in an efficient and reliable shifting of the received acoustic signal.

[0032] The cosine modulation is obtained by performing a multiplication of the received acoustic signal with a modu-
lation function, namely a cosine function having the product of the shifting frequency and the time variable as arguments.
[0033] As a cosine modulation results in a signal being shifted both in positive and negative frequency directions,
high-pass filtering the received acoustic signal before and after performing the cosine modulation is particularly advan-
tageous.

[0034] The above methods may further comprise combining the received acoustic signal and the upper extension
signal by providing a weighted sum of the received acoustic signal and the upper extension signal.

[0035] In this way, an acoustic signal with extended bandwidth, particularly with regard to the upper frequencies, is
finally obtained. The upper extension signal may be the shifted signal or the filtered shifted signal, for example, as
mentioned above.

[0036] The weights of the weighted sum may be time dependent. This improves the resulting signal quality and reduces
the occurrence of artifacts.

[0037] The upper extension signal may be weighted with a first factor, wherein the first factor is a function of an
estimated signal-to-noise ratio of the received acoustic signal.

[0038] The signal-to-noise ratio (SNR) is a suitable variable for determining whether the received acoustic signal
comprises a wanted signal, particularly a speech signal. In this way, a damping or an amplification may be achieved via
the weighting depending on whether a wanted signal is present or not in the received acoustic signal. The estimated
signal-to-noise ratio may be based on an estimation of the absolute value or modulus of the noise level via an IIR
smoothing of first order of the absolute value of the received acoustic signal and possibly of the high-pass filtered received
acoustic signal.

[0039] In particular, the first factor may be a monotonically increasing function of the estimated signal-to-noise ratio
of the received acoustic signal. In this way, a damping of the upper extension signal is performed if the received acoustic
signal shows a small signal-to-noise ratio which corresponds to parts of the signal where no speech component is
present. If the received acoustic signal shows a larger signal-to-noise ratio, the damping of the upper extension signal
is reduced, possibly up to zero damping.

[0040] The upper extension signal may be weighted with a second factor, wherein the second factor is a function of
an estimated noise level in the upper extension signal.

[0041] In this way, damping of the upper extension signal can be performed depending on the noise level at high
frequencies. The second factor can be used alternatively or additionally to the first factor. If both factors are used,
preferably, a product of the first and the second factor will be employed.

[0042] The second factor may be a monotonically decreasing function of the estimated noise level in the upper
extension signal. In this way, more damping is performed if the noise level at high frequencies is high.

[0043] In the above methods, the estimated signal-to-noise ratio and/or the estimated noise level may be estimated
based on the respective short time signal power. This is a particularly efficient and reliable way for such an estimation.
[0044] In the above methods, the upper extension signal may be weighted with a third factor, wherein the third factor
is controlled based on the ratio of an estimated signal level of the received acoustic signal to an estimated signal level
of the upper extension signal.

[0045] Thisallows to more suitably deal with the case that most of the signal power is actually present at low frequencies;
in such a case, a damping of the upper extension signal may be appropriate to yield a more natural extended signal.
[0046] The third factor may be a monotonically increasing function of the ratio of the estimated signal level of the
received acoustic signal to the estimated signal level of the upper extension signal. This has the consequence that a
damping of the upper extension signal is performed if most of the signal power is present at low frequencies.

[0047] With regard to the third factor, it is to be noted that it may be used alternatively or additionally to the first or
second factors. In particular, the weight of the upper extension signal may be a product of the first factor, the second
factor and/or the third factor.

[0048] In the methods described above, the received acoustic signal may be weighted by providing a weighted sum
of the received acoustic signal at a current time and at the current time minus one time step. By taking into account the
received acoustic signal both at the current time and one time step before, it turned out that the resulting signal sounded
more harmonic. The time steps depend on the sampling rate of the signal.
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[0049] In particular, the weights of the weighted sum of the received acoustic signal at the current time and at the
current time minus one time step may be functions of an estimated signal-to-noise ratio of the received acoustic signal
and/or of an estimated noise level in the upper extension signal.

[0050] By modifying the received acoustic signal in this way, after combining the received acoustic signal and the
upper extension signal, a more natural extended signal is obtained. In particular, the weights may be functions of or
depend on the first and second factors mentioned above.

[0051] The previously described methods may further comprise providing a lower extension signal for extending the
received signal at lower frequencies. By adding low frequency components, particularly an improved speech quality will
be obtained.

[0052] Providing a lower extension signal may comprise applying a non-linear, in particular, a quadratic, characteristic
on the received acoustic signal. In other words, applying a quadratic characteristic, for example, would be represented
by a weighted sum of the received acoustic signal and the square of the received acoustic signal. By using a non-linear
characteristic, harmonics are created so that missing frequencies may be obtained.

[0053] The non-linear characteristic may be time dependent. Thus, the parameters of the non-linear characteristic
are time dependent. In particular, in the case of a quadratic characteristic, the weights or factors would be time dependent.
[0054] Applying a non-linear characteristic may be followed by band-pass filtering the resulting signal. Band-pass
filtering the signal after applying the characteristic allows to provide a lower extension signal in which components below
a predetermined frequency value, such as the fundamental speech frequency, and/or above the minimal frequency of
the received acoustic signal have been removed in order to avoid disturbances in the resulting extended signal.
[0055] The above methods may further comprise combining the received acoustic signal and the lower extension
signal by providing a weighted sum of the received acoustic signal and the lower extension signal.

[0056] The lower extension signal may be weighted with a fourth factor, wherein the fourth factor is a function of an
estimated signal-to-noise ratio of the received acoustic signal. In particular, the fourth factor may be a function of the
first factor mentioned above.

[0057] The invention further provides a computer program product comprising one or more computer readable media
having computer executable instructions for performing the steps of the method of one of the proceeding claims when
run on a computer.

[0058] Furthermore, the invention provides an apparatus for providing an acoustic signal with extended bandwidth,
comprising means for providing an upper extension signal for extending a received acoustic signal at upper frequencies,
wherein the means for providing the upper extension signal is configured to shift the received acoustic signal at least
above a predetermined lower frequency value and/or below a predetermined upper frequency value by a predetermined
shifting frequency value to obtain a shifted signal.

[0059] The means for providing an upper extension signal may be further configured to perform the steps of one of
the methods mentioned above.

[0060] Additional aspects will be described in the following with reference to the figures and illustrative examples.

Figure 1 illustrates schematically an example of the signal flow for a method for providing an acoustic signal with
extended bandwidth;

Figure 2  shows the modulus of frequency responses of examples of high-pass filters;

Figure 3  shows the modulus of the frequency response of an example of a band-pass filter;

Figure 4  illustrates an example of a speech signal and corresponding short time power estimations;

Figure 5 shows an example of a received acoustic signal and a corresponding damping factor;

Figure 6  shows the modulus of frequency responses for an example of an adaptive high-pass filter;

Figure 7 illustrates an example of a received acoustic signal and a corresponding signal with extended bandwidth;
Figure 8 illustrates an example of a prior art method.

[0061] Figure 1 illustrates an example of the signal flow for a method for providing an acoustic signal with extended
bandwidth. In the illustrated example, an extension both for upper and lower frequencies is performed. However, providing
an upper extension signal and providing a lower extension signal are, in principle, independent of each other. Thus, it

is also possible to provide only one of the extension signals.
[0062] The method is performed on a received acoustic signal x(n), wherein the signal is a digital or a digitized signal
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and n denotes the time variable.

[0063] As will be outlined in more detail in the following, an upper extension signal yh,-gh(n) is obtained by passing the
received acoustic signal x(n) through a high-pass filter 101, performing a spectral shifting in block 102, and passing the
shifted signal through a high-pass filter 103.

[0064] Spectrally shifting is performed in block 102 by performing a cosine modulation. In the present example, a
modulation frequency Qg of approximately 1380 Hz is used. If the sampling frequency for the acoustic signal is f; =
11,025 Hz , only N4 = 8 cosine values have to be stored. As a cosine modulation performs a frequency shift in both
a positive and a negative frequency direction

FT{x(r)cos(@yn)} = 2 X (@) 4 X (/@)

a high-pass filtering is performed in block 101 in order to avoid that the shifted spectra overlap.
[0065] As high-pass filter 101, a recursive filter with the difference equation

th.l th.l

Xy (1) = thp,l,kx(n_k)+Zahp,l,kxhigh(n_k)
k=0 k=1

is used. The order of the filter both in the FIR and the IIR part may range from 4 to 7. In particular, one can use
th,] = th,l =6

[0066] The resulting modulus of the frequency response of such a high-pass filter is shown in Figure 2 (solid line).
[0067] If, for example, the received acoustic signal (input signal) contains only signal components up to 4 kHz, the
resulting signal xh,-gh(n) will essentially contain relevant signal components only between approximately 2 kHz to 4 kHz.
[0068] In block 102, this signal is now multiplied with a cosine function

Xpoa (M) = X high (n)cos (Qo mod(n, N4 ))

wherein mod(n, N,,,q) designates a modular addressing. If the modulation frequency Qg is chosen to be 1380 Hz (see
above) and the sampling frequency is 11025 Hz, only N,,,,q =8 cosine values are necessary. As the cosine modulation
also results in a frequency shift to lower frequencies, a second high-pass filter 103 is applied on the modulated signal

Xmod (n);

th.2 th,l

yhigh (n) = Z bhp,2,kxmod (n - k)_*-z ahp,Z,k yhigh (n - k) '
k=0 k=1

[0069] The order of the second high-pass filter may but need not be identical to the case of the first high-pass filter.
However, also in this case it is desirable to choose
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[0070] The high-pass filter has been designed such that the transition range starts at approximately 3400 Hz. Figure
2 (dashed line) shows the modulus of the frequency response of the second high-pass filter. Other transition ranges are
possible as well, particularly depending on the bandwidth of the received acoustic signal.

[0071] A lower extension signal is obtained by applying a non-linear quadratic characteristic to the received acoustic
signal x(n) in block 104. The coefficients for this non-linear characteristic are determined in block 105. For this, first of
all, the short time maximum x,,,, (n) of the modulus of the received acoustic signal is estimated. This may be done
recursively:

max {K_, ()], Ko X e (11— Ny i ()] > x,0 (- 1),
K 10X (11— 1) ' else.

X e (1) =

[0072] For the constants x4, and x;,. used in this estimation, the following condition may be taken:
O<k, <l<k,,.
[0073] The constant K, may be chosen from the interval

025<K_, <4.

[0074] As an example, the following particular values can be chosen:

K_ =08,
x, =105,
K4 = 0.995.

[0075] According to a particular example, the non-linear characteristic may be a quadratic characteristic with time
dependent coefficients.

x,, (m)=c,(n)x*(n)+c,(n)x(n).

[0076] A respective of what kind of non-linear characteristic is used, the non-linearity allows to generate signal com-
ponent at frequencies which have not been present. Using power characteristics allows for signal components consisting
of multiples of a fundamental frequency to generate only harmonics or missing fundamental waves.

[0077] In principle, the coefficients need not be time dependent. However, when using time dependent coefficients,
changes of the signal dynamic due to the characteristics can be compensated for. In particular, the coefficients may be
adapted to the current input signal such that only a small change in power from input signal to output signal is allowed.
As an example, the coefficients can be chosen as follows:
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KnI,Z

8o X (M) + &

¢, (n) =

oM=K, —c,(n)x,, (n).

[0078] The constante is used to avoid division by zero. The other constants may take the following exemplary values:

K, =12
K., =1
Box = 2
g =107

[0079] The output signal x,(n) of the adaptive quadratic characteristic comprises the desired low frequency signal
components. In addition, however, additional components in the telephone band (such as between 300 Hz and 3400
Hz) and below the fundamental speech frequency (such as below 100 Hz) may be present. In order to remove these
components, a band pass filtering is performed in block 106.

[0080] In particular, low frequency disturbances may be removed using an IR filter, such as a Butterworth filter of first
order. The output signal of such a high-pass filter are

%, (n) =by, (x,, (n =)= x,, (M) +a, %, (n-1)

wherein the filter coefficients may take the following values

a,, = 0.95,
b,, = 0.99.

[0081] Signal components at high frequencies, such as in the telephone band, may be removed using an IIR filter of
higher order:
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Ny Ny

ylow(n) = thp,ifnl (n _1) + Zahp,iylow(n - l)
i=0 i=l

[0082] As an example, Chebyshev low-pass filters of the order N,p = Kl,p = 4,...,7 may be employed.

[0083] A combination of such a high-pass and low-pass filter results in a band-pass filter having a frequency response
as illustrated, for example, in Figure 3.

[0084] When combining the received acoustic signal and the upper extension signal and/or the lower extension signal,
one may take into account whether the received acoustic signal comprises wanted signal components, such as a speech
signal, or not. Furthermore, disturbances in the received acoustic signal may be taken into account as well. In view of
this, the resulting output signal with extended bandwidth is provided as a weighted sum of the received acoustic signal,
the upper extension signal and/or the lower extension signal. Preferably, the weights are chosen to be time dependent.
[0085] In the following, examples for suitable weights will be discussed. For these exemplary weights, an estimation
of the short time power of the received acoustic signal and of the upper extension signal will be used.

[0086] For this purpose, an IR smoothing of first order of the modulus of the signals x(n) and xp,,n(n) is performed:

x(n) = B,|x(m)+ - p,)x(n-1),

X high (n) = B,

Xign (D] + (1= B, )%, (7 =1)..
[0087] The time constant B, is chosen to be
0<p, <l

[0088] In particular, this constant may take the value of 0.01. From these short time smoothed values, estimations for
the noise level can be determined as

%_) = max{bmin,min{%,b(n—l)(l+6)}}

Bgn (1) = max ., min{ %,y (1), By (1 - (1 + £}

[0089] In this case, the constant £ should fulfill
O0<e<<l.

[0090] In particular, this constant may take the value of 0.00005.
[0091] The constant b, in the above equations is to avoid that the estimation will reach the value 0 and stop at that
point. If the signals are quantized with 16 bit, they lie in the amplitude range
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2" <x(n) < 2"

[0092] For this modulation range, one may choose b, = 0.01. Figure 4 illustrates an example of an input signal

(received acoustic signal) in the upper part. In the lower part, the estimated short time power x(n) and of the received
signal and the resulting noise power estimation b(n) (dashed line) are shown.

[0093] The short time power estimated in this way can now be used to determine different factors for weighting the
signal components. A first factor g, (n) is a function of an estimated signal-to-noise ratio. This factor is used to damp
the upper extension signal in case of speech passages, i.e. if the signal-to-noise ratio is low. In case of speech signals

having a high signal-to-noise ratio, no or almost no damping is to be performed. This can be achieved, for example, by

Bonr8ommax + (1= B )8 (=1, if x(n)>K,,b(n),

n =
gsnr( ) ﬂsnrg.mr,min + (1 - ﬂsnr )gsnr (n - 1)’ else'

[0094] The parameters ggprmax @nd Ggnrmin COrespond to the maximal and minimal damping. As an example, these
parameters may take the values

=1

gsnr,max

= 03.

g snr,min

[0095] As a threshold for switching the damping value,

K, =3

snr

has been chosen. In other words, the estimated signal power has to exceed the estimated noise power by approximately
10 dB in order to reduce the damping. The time constant of the IIR smoothing is chosen from the interval

0<p, =1

so as to obtain a stable smoothing filter. In particular, this constant may be chosen to be 0.005.

[0096] Figure 5 illustrates an example of an input signal x(n) (upper part) and the resulting damping factor g, (n) in
dB. As one can see, during speech pauses, the damping is increasing.

[0097] In order to obtain a more natural output signal, a second factor is used to account for high input background
noise levels. This second factor g,,sc() is increased if the noise level in the upper extension signal exceeds a predefined
threshold. Furthermore, one may implement an hysteresis to avoid that the factor varies to largely.

[0098] As an example, the factor g,,s.(n) can be determined as follows
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[0099]

[0100]

[0101]

[0102]

[0103]
[0104]

EP 1 947 644 A1

min{l’ gnoise (n - I)Ainc}’ Zf bhigh(n) < E Kb’
gnox’se (n) = max{gnoise,min ’ gnoise (n - 1) Adec }’ lf bhigh (n) Kb > bO >
& noise (1—1), else.

The constant g,,jse min COrresponding to maximal damping, is taken to be 40 dB, in other words

= 0.01.

g noise,min

For a hysteresis of approximately 6 dB, one has to take

K, =14

The additional factors fulfill

0<4, <l<A4,.

dec

According to a preferred example, one may take

A, = 09999,

dec

A, = 1.0001.

In this way, a maximal correction of about 10 dB/s is obtained.

A third factor gy, (n) may be used for the upper extension signal to damp the upper extension signal in cases

when most of the signal power is present at low frequencies. This can be achieved by

[0105]

[0106]

Boir & wir e + A= Bru )& (1= 1), if ;(n_) < Khlrxhigh(n)’

gu(n) =
& ,thrg hlr,min + (1 - :thr )g hlr (” - 1)a else.

The damping values in this IR smoothing are chosen to be

ghlr,max = l

ghlr,min = Ol

For the ratio of the estimated signal power x(n) of the received acoustic signal and the high frequency power
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xhig,;(n), a threshold of

K, =15

has been used. As in the case of the IR smoothing filters of first order mentioned above, the smoothing constant B,
has been chosen from the interval

0< g, <1

[0107] In particular, the constant may take the value

B,, = 0.0005.

[0108] Inaddition to weighting the upper extension signal, also the signal in the frequency band of the received acoustic
signal may be weighted or modified. This will yield a more harmonic resulting signal with extended bandwidth. Such a
modification or weighting of the received acoustic signal x(n) may be achieved via an FIR filter with two time dependent
coefficients according to

Vi (1) = By (m)x(n) + b (n)x(n~1)
[0109] The filter coefficients depend on each other according to

1

P e

h(n)=1-"hy(n).

[0110] In this way, a weighted sum of the received acoustic signal at time nand at time n-1 is performed in block 108.
The weights for this processing, as in the case of the factors for the other signal parts, are determined in block 107.
[0111] The filter 108 may show a small high-pass characteristic which can be activated and deactivated via the
parameter o and the time dependent factor g,(n). The parameter o may be chosen from the interval

02 <a <08

[0112] Small values for a result in only a small increase in the upper frequencies whereas large values result in a
large increase. The factor g,(n) may be chosen to be

g,(n)=g,, (Mg, (1.
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[0113] In this way, the filter 108 is activated only during speech activity and only for received acoustic signals with low
noise level. Examples for such a filter characteristic with a parameter of a = 0.3 at different factors g,(n) are shown in
Figure 6.

[0114] The lower extensions signal y,,,(n) may be weighted as well using a time dependent factor g,,,(1) as:

glow (n) = glow,ﬁxgsnr (n) :

wherein the constant factor g,,,, 5, s chosen between

0< Zup <10

[0115] As an example, the factor g, 5, may take a value of 2.

[0116] The outputsignal showing an extended bandwidth resulting from the above processing of the received acoustic
signal is a weighted sum of the modified input signal (modified received acoustic signal) y;,(n), of the lower extension
signal y;,,,(n) and the upper extension signal yp;q4(n);

y(n) =y, (n)+g,, ")y, (1) + ghigh(n)yhigh (n).

[0117] The overall factor for the upper extension signal may be chosen to be

ghigh (n) = ghigh,ﬁxgzmr (n)gnaise (n)ghfr (n) :

[0118] The constant factor gj,q, s, May also be chosen from the interval
0 < Zhgnpx < 10.

[0119] As an example, gpigp six = 4-

[0120] Figure 7 illustrates an example for the method described above. In the upper part of this figure, a time versus
frequency analysis of a signal x(n) received via a GSM telephone is shown. As one can see, below approximately 200
Hz and above approximately 3700 Hz, no frequency components are present.

[0121] Upon performing the above described method providing an upper and a lower extension signal, the missing
frequency components are re-constructed. A time versus frequency analysis of the output signal y(n) is shown in the
lower part of Figure 7.

[0122] Itis to be understood that the different parts and components of the method and apparatus described above
can also be implemented independent of each other and be combined in different form. Furthermore, the above described
embodiments are to be construed as exemplary embodiments only.

Claims

1. Method for providing an acoustic signal with extended bandwidth, comprising providing an upper extension signal
forextending a received acoustic signal at upper frequencies, wherein providing the upper extension signal comprises
shifting the received acoustic signal at least above a predetermined lower frequency value and/or below a prede-

termined upper frequency value by a predetermined shifting frequency value to obtain a shifted signal.

2. Method according to claim 1, wherein the step of shifting is preceded by high-pass filtering the received acoustic
signal.
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Method according to claim 1 or 2, wherein the step of shifting is followed by high-pass filtering the shifted signal to
obtain a filtered shifted signal.

Method according to claim 3, wherein the cutoff frequency of a high-pass filter for high-pass filtering the shifted
signal corresponds to the cutoff frequency of a high-pass filter filtering the received acoustic signal plus the prede-
termined shifting frequency value.

Method according to one of the claims 2 - 4, wherein high-pass filtering the received acoustic signal and/or high-
pass filtering the shifted signal is performed using a recursive filter, in particular, a Chebyshev and/or a Butterworth

filter.

Method according to one of the preceding claims, wherein the step of shifting comprises performing a cosine
modulation of the received acoustic signal.

Method according to one of the preceding claims, further comprising combining the received acoustic signal and
the upper extension signal by providing a weighted sum of the received acoustic signal and the upper extension signal.

Method according to claim 7, wherein the weights of the weighted sum are time dependent.

Method according to claim 7 or 8, wherein the upper extension signal is weighted with a first factor, wherein the first
factor is a function of an estimated signal-to-noise ratio of the received acoustic signal.

Method according to claim 9, wherein the first factor is a monotonically increasing function of the estimated signal-
to-noise ratio of the received acoustic signal.

Method according to one of the claims 7 - 10, wherein the upper extension signal is weighted with a second factor,
wherein the second factor is a function of an estimated noise level in the upper extension signal.

Method according to claim 11, wherein the second factor is a monotonically decreasing function of the estimated
noise level in the upper extension signal.

Method according to one of the claims 7 - 12, wherein the estimated signal-to-noise ratio and/or the estimated noise
level are estimated based on the respective short time signal power.

Method according to one of the claims 7 - 13, wherein the upper extension signal is weighted with a third factor,
wherein the third factor is controlled based on the ratio of an estimated signal level of the received acoustic signal

to an estimated signal level of the upper extension signal.

Method according to claim 14, wherein the third factor is a monotonically increasing function of the ratio of the
estimated signal level of the received acoustic signal to the estimated signal level of the upper extension signal.

Method according to one of the claims 7 - 15, wherein the received acoustic signal is weighted by providing a
weighted sum of the received acoustic signal at a current time and at the current time minus one time step.

Method according to claim 16, wherein the weights of the weighted sum of the received acoustic signal at the current
time and at the current time minus one time step are functions of an estimated signal-to-noise ratio of the received

acoustic signal and/or of an estimated noise level in the upper extension signal.

Method according to one of the preceding claims, further comprising providing a lower extension signal for extending
the received signal at lower frequencies.

Method according to claim 18, wherein providing a lower extension signal comprises applying a nonlinear, in par-
ticular, a quadratic, characteristic on the received acoustic signal.

Method according to claim 19, wherein the nonlinear characteristic is time dependent.

Method according to claim 19 or 20, wherein applying a nonlinear characteristic is followed by band-pass filtering
the resulting signal.
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Method according to one of the claims 18 - 21, further comprising combining the received acoustic signal and the
lower extension signal by providing a weighted sum of the received acoustic signal and the lower extension signal.

Method according to claim 22, wherein the lower extension signal is weighted with a fourth factor, wherein the fourth
factor is a function of an estimated signal-to-noise ratio of the received acoustic signal.

Computer program product comprising one or more computer readable media having computer-executable instruc-
tions for performing the steps of the method of one of the preceding claims when run on a computer.

Apparatus for providing an acoustic signal with extended bandwidth, comprising means for providing an upper
extension signal for extending a received acoustic signal at upper frequencies, wherein the means for providing the
upper extension signal is configured to shift the received acoustic signal at least above a predetermined lower
frequency value and/or below a predetermined upper frequency value by a predetermined shifting frequency value
to obtain a shifted signal.
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