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/\noise reduction system and device, and a mobile radio station. 
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The present-Invention re1ates-nr1l:.notse··reduetlif'""·· m for reducing 

noise in a combined speech signal, comprising sampling means for sampling a plurality of 

speech signals disturbed by additive noise, in particular recorded by respective microphones 

being spaced apart from each other, the system further comprising an adaptive filter of which 

5 an input is coupled to adding means for adding the speech signals, and of which an output 

provides a noise corrected combined speech signal, and the system further comprising signal 

processing means being arranged for determining combined auto and cross power spectra 

from auto and cross power spectra determined from transformed samples of the speech 

signals, and being manged for providing coefficients, which are derived from the combined 

10 auto and cross power spectra on a speech signal segment basis, to coefficient inputs of the 

filter. 

lS 

The present invention further relates to a noise reduction device and to a 

mobile radio station comprising such a device. 

A noise reduction system of this kind is known from an article "A 

microphone array with adaptive post-filtering for noise reduction in reverberant rooms•, R. 

Zelinski, ICASS 88, International Conference on Acoustics, Speech, and Signal Processing, 

April 11-14, 1988, NY, pp. 2578-2581, IEEE. The known article discloses a speech 

20 communication system. in which noise in a combined speech signal is reduced. First, speech 
• signals recorded with four microphones are phase aligned in the time domain for eliminating 

differences in path lengths, and then supplied to an adaptive Wiener filter as a combined 

signal. With speech seaments of 16 msec, tilter coefficients of the Wiener filter are updated, 

a Wiener fdter beina optimum in sipal estimation for stationary processes and speech_ at 

2S most beina stationary for 20 msec. The tilter coefficients of the Wiener filter are determined 

by subjecting samples of the noisy speech signals to a discrete Fourier transform, by 

calculating combined auto and cross power spectra from the Fourier transformed samples, by 

inverse Fourier transforming the combined spectra, and by combining auto and cross 

COrreJations. Wrth the known signal-to-noise improvement method substantially only 
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uncorrelated noise is suppressed. It is assumed that noise in the respective recorded speech 

signals is uncomlated. Such a condition is not true, for instance, in systems where the 

rnicrophones are spaced at relatively close distances, such as with handsfree telephony in 

cars. For a spacing of 15 cm it has been found that the Zelinski-method does not give 

5 satisfactory results for noise frequencies below 800 Hz, the noise sources then being 

correlated. In cars there are various noise sources, e.g. the four tyres give rise to four broad 

spectrum uncomlated noise sources, the exhaust pipe gives rise to an noise source with a 

bandwidth of a few kHz, and motor noise gives rise to dominant noise peaks at 200.300 Hz. 

A further noise reduction system is lcnown from an anicle •enhancement 

10 of speech signals using microphone arrays", K. Kroschel, Proceedings of the International 

Digital Signal Processing Conference Florence, Italy, 4-6 September 1991, pp. 223-228, 

Elsevier Science Publishers B. V., 1991. This known article discloses a noise reduction 

system in which the So-called Zelinski method is combined with a so.called spectral 

subtraction method for obtaining noise reduction in a combined speech signal obtained from 

is an array of microphones in a noisy environment. Before combining the speech signals, the 

recorded speech signals are sampled, Fourier transformed, and phase aligned in the Fourier 

domain. For all combinations of delay compensated signals, sums and differences are formed 

in the frequency domain. The reasoning is then, that with a correct phase alignment, the 

sums contain the enhanced speech signal and the differences the equivalent noise signal. 

20 Starting from this assumption, in a two stage spectral subtraction method, using the sums and 

differences, speech is enhanced in eliminating the noise. In cars, or more genenlly in 

relatively small rooms, where sipals can be easily reflected, the assumption that the 

differences only comprise noise does not hold, thus givin1 rise to far less improvement than 

theoretically predictable. Also, because of the fact that for all signal pairs sums and 

2S differences are formed, the method is not very efficient from a computational point of view, 

i.e requires a lot of aritl\,metic operations. Furthermore, the application of a two stage 

method, implying extra estimation stepS, introduces extra esti_!Dtion errors, thereby 

deteriorating the overall speech enhancement process. Also, the Kroschel system introduces 

an overall delay of the speech signal, correspondin& to the segment size of the Fourier 

. J 

30 transform. Such an overall delay is very disadvantageous, for instance, in car telephony 

systems. 

It is an object of the present invention to provide a noise reduction system 

combining the so-called Zelinski system with spectral subtraction, not having said 

disadvantages of the Zelinski method, and not having the drawbacks of the known combined _ 
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zelinstd. spectral subtraction system. 

To this end a noise reduction system according to the present invention is 

characterised in that the signal processing means is further arranged for determining the 

combin~ cross spectrum during speech segments and speech pause segments, that the system 

5 
is arranged for determining an estimate of the combined cross power spectrum for speech 

pause segments, and that the signal processing means is further arranged for determining a 

coJteCted combined cross power spectrum by subtracting the estimate from the combined 

cross power spectrum determined during the speech segment. Because of the fact that the 

spectral subuaction methOd is applied to only a single variable in the frequency domain, 

\ 10 namely the combined cross power spectrumt and thus fewer estimation errors are made, the 

! system according to the present invention gives a better overall estimation of the speech 

signal. Also, the signal processing means will have to carry out fewer operations. Thus, a 

1eSS expensive digital signal processor can be applied, when the signal processing means is 

implemented by means of such a digital signal processor. Furthermore, in the Zelinski part 

r
; s of the system uncorrelated noise signals are already cancelled out. Thus, the estimate of the 

combined cross power spectrum is more accurate, resulting in a better overall estimation of 
I 

'l·, =:·the combined ciou power spec:uum for speech pame segments is estimall!d 

as a weighted average from a previously determined combined cross power spectrum for 

speech pauses and a current combined cross power spectrum. Herewith, the combined cross 

power spectrum during speech pause segments is estimated implicitely, rendering explicit 

In a preferred embodiment of the noise reduction system accordina to the 

speech pause detection means superfluous. Thus a very simple system is achieved. 

Another embodiment of the noise reduction system accordina to the 

pre5ent invention comprises speech pause deteetion means which provides a speech pause 
• detection signal to the silnal processing means, which determines the combined cress power 

spectrum accordingly. Heiewitb, the estimations- for the combined cross power spectra during 

speech segments and speech pause segments can be carried out separatel.Y •. Thus. a b.e• 

ovezan estimation of the speech signal is obtained. 

The present invention will now be described, by way of example, with 

ltference to the accompanying drawings, wherein 

Piguie 1 shows a noise reduction system according to the present 
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invention, 
Figure 2 shows an influence of correlated noise in a combined speech 

signal on a combined cross power spectrum, 

Figure 3 shows a combined cross power function for a single frequency 

S with estimation of a noise component therein, 

10 

Figure 4 shows a flowchart for estimating a corrected combined cross 

p0wer value according to the present invention, 

and 

features. 

Figure S shows a noise reduction device in a mobile telephony system, 

Figure 6 shows a mobile radio station for use in a mobile radio system. 

Throughout the figures the same reference numerals are used for the same 

' 15 Figure 1 shows a noise reduction system 1 for reducing noise in a 

combined speech signal a(t). The system comprises samplina means in the form of A/D­

converters 2, 3, and 4 for respective sampling of speech signals recorded with microphones 

S, 6, and 7. Such speech signals may speech signals to be supplied to a handsfree telephone 

in a car. Handsfree telephony in a car is a desirable feature, since traffic safety is involved. 

120 With handsfree telephony the loudspeaker and the microphones are placed at fixed locations 
i 

in the car. As compared with conventional telephony the distance between the microphones 

and the speakers' mouth is enlarged. As a result the signal-to-noise ratio decreases, and the 

need for noise reduction becomes obvious. In the car various noise sources are present, noise 

ilS sources at dominant frequencies, and noise sources with a more spreaded spectrum. Due to 

the fact that in a car the ~hones are spaced close together, the overall noise spectrum 

exhibits correlated nmse at lower frequencies, e.g. below 800 Hz, and uncorrelated noise at 

higher frequencies. The present invention is applicable to such a car telephony system, and 

system with similar noise characteristics. The sampled speech signals are supplied to signal 

alignment control means 8 for phase aligning the speech signals. Such alignment, known per 

se, can be carrier out either in the time domain or in the frequency domain. Said Kroschel 

article discloses alignment in the frequency domain. For an optimal operation of the present 

invention an alignment to half a sample is required. Respective sampled signals s(t) + n1(t), . 

s(t) + n2(t), and s(t) + n3(t) are supplied to adding means 9, after having been phase aligned 

With respective phase alignment means SA, 88, and SC, so as to form the combined speech 

( 
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signal a(t). The phase alignment means SA, SB, and SC can be tapped delay lines (not 

shown), of which taps are fed to a multiplexer (not shown), the multiplexer being controlled 

bY the phase alignment control means 8. The combined speech signal a(t) is supplied to an 

adJptive Wiener filter 10, such a filter being known per se. At an output of the Wiener filter 

S 1o, a noise corrected version a(t)' of the combined speech signal a(t) is available. The 

sa111pled signals are also supplied to signal processing means 11 ~ which can be a digital 

signal processor with non-volatile memory for storing a program implementing the present 

invention, and with volatile memory for storing program variables during execution of the 

program. Digital signal processors with non-volatile and volatile memory are known per se. 

10 The signal processing means 11 comprise discrete Fourier transform means for Fourier 

uansforming the sampled and phase corrected speech signals, such discrete Fourier transform 

means being known per se, e.g. from the handbook •The Fourier Transform and Its 

Applications", R.N. Bracewell, McGraw-Hill, 1986, pp. 356-362, pp. 370-377. The signal 

processing means 11 are further arranged for determining auto and cross power spectra from 

15 the Fourier transformed sampled and phase corrected signals, in the given example with 

three speech signals, respective auto power spectra • 11 , ~.and • 33, and respective cross 

power spectra +12, •23, and +31• Pages 381-384 of said handbook of Bracewell discloses 

such forming of spectra from Fourier transforms, it being well-known that a power spectrum 

is obtained by multiplying a Fourier transform with a conjugate Fourier transform. A power 

20 spectrum is applied when it is unimportant to know the phase or when the phase is 

unknowable. The power spectra are determined for se1ments of speech, e.a. with 10 kHz 

sampling and 128 samples within a segment, segments of 12,8 msec, for segments it being a 

reasonable assumption that speech is stationary. In this respect, the Wiener filter 10 is 

optimal for signal estimation of stationary processes. The Fourier, phase alignment, and auto 

and cross correlation oPlfllions are carried out in~ processing block 12, whereby each 

power spectrum is sr.orJ in DSP (Digital Signal Processor) storage· means (not shown in 

detail), in the form of a one dimensional frequency array of point, each point representing a 

frequency. The phase alignment control means 8 form part of the processing block 12. In the 

example given, with 128 samples per signal se1ment padded with 128 zero samples. the 

anays comprise 128 frequency points, spanning a frequency range of 4 kHz. The auto power 

5PeCtta t 11, +22, and +33 are supplied to first adding means 13 so as to form a combined 

auto power specuum •ac• and the cross power spectra • 12, t 23, and • 31 are supplied to 

leCond summing means 14 so as to form a combined cross power spectrum•"· According 

to the present invention, the combined cross power spectrum •cc is supplied to spectral 

I 
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subuaction means 16 so as to form a corrected combined cross power spectrum •cc'• to be 

described in detail in the sequel. As in the Zelinski method, the processing means 11 

comprise tilter coefficient determining means 17 for determining coeffients, to be supplied 

with each speech segment or speech pause segment to coefficient inputs 18 of the Wiener 

5 
filter 10. Such filter coefficient determining means 17 can be Inverse Discrete Fourier 

rransform means for determining time domain combined auto correlation and cross 

correlation functions followed by a so-called Levinson recursion method for providing the 

coefficients, the Levinson recursion being known per set e.g. from the handbook "Fast 

Algorithms for Digital Signal Processing", R.E. Blahut,. Addison Wesley, 1987, pp. 352-

10 362, or can be a division of the combined auto power spectrum •ac and the corrected 

combined cross spectrum ti cc' in the frequency domain, followed by an Inverse Discrete 

Fourier transform for providing the coefficients. Herewith, stored phase information during f 
Fourier transform is taken into account. Because of the fact that the spectral subtraction as 

according to the present invention is mainly operative in the lower frequency range, say 

is below 800 Hz~ spectral subtraction computations are carried out only for a limited number of 

data points in the cross power spectra arrays (not shown in detail)t i.e. in the given example 

for the first 24 data points in the 128 data point array. Thus, the present invention provides a 

very simple implementation of a combined Zelinski - spectral subtraction system. In a first 

embodiment of the present invention, the spectral subtraction is carried out on the basis of an 

20 implicit estimate for noise from the combined cross power spectrum. In a second 

embodiment of the present invention, speech pause detection means 19 provide a control 

signal ctl to the spectral subtraction means 16 for controlling storing of the correlated noise 

component during speech pause segments and for controllin1 the spectral subtraction on the 

basis of the stored noise component. Such speech pause detection means 19 is known per se, 

2S e.g. from a survey article, •A Statistical Approach to the Desi&n of an Adaptive Self­

Normalizing Silence Detector•, P. de Souza, IEEE Transactions on ASSP, Vol. ASSP-31, 

June 1983, pp. 678-684. The present invention is based upon the insight that uncorrelated 

noise cancels out when determinin& the combined cross power spectrum, whereas correlated 

noise does not. Thus, by determining the correlated noise and by applying spectral 

JO subtraction, the correlated noise is cancelled too. With the present invention. an improvement 

of 6-7 dB over Zelinski is achieved. 

Figure 2 shows an influence of correlated noise in the combined speech 

signal a(t) on the combined cross power spectrum t "' so as to illustrate the speech signal 

estimation improvement obtain~. S~own are the combined auto power specuum tac(c:.1) and 
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the combined cross power spectrum •cc(w), as a function of the frequency"'· The combined 

auto power spectrum +ac is equal to S(CiJ)F + Nc(w)~ + INr(w)P, the indices 'c' and 

'r' indicatin& power spectra of correlated and uncorrelated noise, respectively, it being 

assumed that the speech and the correlated noise is phase aligned. Then, with Zelinski, the 

S combined cross power spectrum +cc will be equal to ~(CiJ)il + INc(C11)!2. The influence of 

INcc"'i is shown by the shaded area. When expressed in dB, the difference between the 

two curves gives the attenuation that can be obtained with the Wiener filter 10, since the 

Wiener filter can be expressed as the quotient of t"(w) and +ac(CiJ). What is thus needed is 

an estimate of ~(CiJ)f.z in the numerator thereof. To achieve this estimate, spectral subtracti-

tO on is applied. For instance, in the implicit embodiment, the bias µ2(CiJ) of Nc(CiJ)P can be 

estimated during non-speech activity and be subtracted from the combined cross power 

spectrum, giving the required estimate for the numerator. Since the correlated noise is only 

present at low frequencies, correction is only carried out in that region. For getting a good 

compromise between attenuation and artefacts introduced by attenuation, smoothing or 

tS weighting is applied for getting an estimate for µ2(C11). 

Figure 3 shows the combined cross power function +cc for a single 

frequency w with smooth estimation of the noise component "2 therein, wherein an integer 

'n' is an index of the speech segment. The smooth estimation is indicated with a dashed line. 

It holds that 1'2(n,w) • a.µ2(n-l,w) + (l·a).tcc(n,"') if µ2(n,C11)<+ccCn,'1>) then the corrected 

20 combined cross spectrum point +cc'(n.CiJ) • •ccCn,w) • µ2(n,w), else +cc'(n,C11) • k.+cc(R,CiJ), 

k being a real value in the interval (0,1]. I.e., the original combined cross power spectrum is 

restored when •cc(w) - p.2(w) is negative. The parameter a is a weighting factor, e.g. 

a•0.9S. A large value of a means that previous estimates are weighted more heavily. Only 

the real part of t cc is taken in consideration. When speech and noise are properly aligned, 

the imaginary part of t cc contains estimation errors. Then, the speech estimation can further 

be improved by zerom1 the imaainary part. If the combined speech signal a(t) comprises 

alignment errors, zeroin1 the imaginary part would give rise to unwanted speech attenuation, 

especially for hi&her frequencies, audible as dull sounding higher frequencies. Then, the 

imaginary part should not be zeroed. Because tJ:te Wiener filter 10 then only gives a phase 

shift, the spectral subtraction is carried out on both the real and imaginuy part of t cc· In the 

latter case, in the test, absolute values are taken. In an implementation, 3 microphones where 

applied, spaced at lS cm apart from each other. A sample frequency of 8 kHz was chosen, 

with speech segments of 128 consecutive microphone samples, padded with 128 zeroes. The 

spectral subtraction was carried out on both ~ ~ Ille! imgi~ ~ of +cc' in a 
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frequency band of 0-600 Hz. The weighting factor a was chosen 0.9, and a Wiener filter 10 

consisting of 33 coefficients was applied. 

Figure 4 shows a flowchart for estimating the corrected combined cross 

pawer value +cc •cn,<-1) according to the present invention. Block 40 is an entry block, block 

S 41 is ari update block for µ 2(n,1:11), block 42 is a test block, block 43 is a processing block if 

the test is true, block 44 is a processing block if the test is false, and block 4S is a quit 

block. The process is repeated for the relevant frequency points, for the real part and the 

imaginary part of •cc· 
Figure S shows a noise reduction device 50 according to the present 

10 invention, comprising all the features as described, in a mobile telephony system S 1, 

comprising at least one mobile radio station 52, known per se, and at least one radio base 

station 53. Such a system can be a well-known GSM system (Global System for Mobile 

Communications). In the example given, the noise reduction device SO is a separate device of 

which an output provides enhanced speech to a microphone input of the mobile radio station 

1S S2. 
Figure 6 shows a mobile radio station 60 for use in the mobile radio 

system S 1. In the example given, the noise reduction device SO is integrated within the 

mobile radio station 60, which can be a car telephone. An output of the noise reduction 

device SO is coupled to a microphone input of a transmitter part 61 of the mobile radio 

20 station 60, which further comprises a receiver part 62. Radio frequency transmit and receive 

signals Tx and Rx exchanged with the base station 53 via an antenna 63, in duplex 

transmission mode. The mobile radio system can be a OSM car telephone, in which the 

present invention is implemented. In handsfree mode, received signals are supplied to a 

loudspeaker 64. 

1 

( 
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1. A noise reduction system ( 1) for reducing noise in a combined speech 

signal (a(t)), comprising sampling means (2, 3, 4) for sampling a plurality of speech signals 

disturbed by additive noise (n1(t), n2(t), n3(t)), in particular recorded by respective 

microphones (5, 6, 7) being spaced apart from each other, the system (1) further comprising 

s an adaptive filter (10) of which an input is coupled to adding means (9) for adding the speech 

signals, and of which an output provides a noise corrected combined speech signal (a(t)'), 

and the system (1) further comprising signal processing means (11) being arranged for 

determining combined auto and cross power spectra (tae, •cc> from auto and cross power 

spectra (tu, •22, 133; f12' +23, +31) determined from transformed samples of the speech 

10 signals (s(t) + n1(t), s(t) + n2(t), s(t) + n3(t)), and being arranged for providing coeffi· 

cients, which are derived from the combined auto and cross power spectra on a speech signal 

seament basis, to coefficient inputs ( 18) of the filter ( 10), characterised in that the signal 

processing means (11) is further arranged for determining the combined cross power 

spectrum <+cc> during speech segments and speech pause segments, that the system as 

lS arranged for determining an estimate of the combined cross power spectrum (tcJ for speech 

pause segments, and that the signal processing means (11) is further arranged for determining 

a corrected combined cross power spectrum (tcc') by subtracting the estimate from the 

combined cross power spectrum (tee> determined during the speech segment. 

2. A noise reduction system as claimed in claim 1, wherein the adaptive 

20 filter (10) is a Wiener filter • 
• 

3. A ndise reduction system (1) as claimed in claims 1 or 2, wherein the 

combined cross power spectrum Cp.2(n,w)) for speech pause segments is estimated as a 

weighted (a) average from a previously determined combined cross power spectrum (p.2(n­

l,w)) for speech pauses and a current combined cross Power spectrum (tc~(n,w)). 

25 4. A noise reduction system (1) as claimed in claim 1, comprising speech 

P&Use detection means (19) which provides a speech pause detection signal (ctl) to the signal 

P?ocessing means (11), which determines the combined cross power spectrum accordingly. 

S. A noise reduction device comprising noise reduction means for reducing 

noise in a combined speech signal (a(t)), comprising sampling means (2, 3, 4) for sampling a 

l 
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plurality of speech signals disturbed by additive noise (n1(t), n2(t), n3(t)), in particular 

recorded by respective microphones (5, 6, 7) being spaced apart from each other t the noise 

reduction means further comprising an adaptive filter (10) of which an input is coupled to 

adding means (9) for adding the speech signals, and of which an output provides a noise 

S corrected combined speech signal (a(t)'), and the noise reduction means further comprising 

signal processing means (11) being arranged for determining combined auto and cross power 

spectra (tac, •cJ from auto and cross power spectra (+11, t 22, +33; t 12, +23, +31) 

determined from Fourier transformed samples of the speech signals (s(t) + n1(t), s{t) + 
ni(t), s(t) + n3(t)), and being arranged for providing coefficients, which are derived from the 

iO combined auto and cross power spectra on a speech signal segment basis, to coefficient 

inputs (18) of the tilter (10), characterised in that the signal processing means (11) is further 

arranged for determining the combined c·ross power spectrum <•cc> during speech segments 

and speech pause segments, that the noise reduction means determines an estimate of the 

combined cross power spectrum <•cJ for speech pause seaments, and that the signal 

lS processing means ( 11) is further arranged for determinin& a corrected combined cross power 

spectrum (tee') by subtracting the estimate from the combined cross power spectrum <•cc> 
determined during the speech segment. 

6. Mobile radio station comprisin1 noise reduction means for reducing noise 

in a combined speech signal (a(t)), comprising sampling means (2, 3, 4) for sampling a 

20 plurality of speech signals disturbed by additive noise (n1(t), n2(t), n3(t)), in particular 

recorded by respective microphones (5, 6, 7) being spaced apart from each other, the noise 

reduction means further comprising an adaptive filter (10) of which an input is coupled to 

adding means (9) for adding the speech signals, and of which an output provides a noise 

corrected combined speech signal (a(t)'), and the noise reduction means further comprising 

2S signal processing means (11) being arranged for determining combined auto and cross power 

spectra <+ac, tee> frol'ft>Uto and cross power si>ectra (+11, +22, +33; •12• +23, +31) 

determined from transformed samples of the speech signals (s(t) + n1(t), s(t) + rti(t), s(t) + 
nl{t)), and being arranged for providing coefficients, which are derived from the combined 

auto and cross power spectra on a speech signal segment basis, to coefficient inputs (18) of 

30 the filter (10), characterised in that the sianal processing means (11) is further arranged for 

determining the combined cross ~er spectrum (t") durin& speech segments and speech 

pause segments, that the noise reduction means determines an estimate of the combined cross 

PGwer spectnsm (+cc> for speech pause segments, and that the signal processing means (11) 

is further arranged for determining a co~ combined_cro~ power spectrum C•cc') by 

1Uii1Ur 
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subtraeting the estimate from the combined cross power spectrum (~cc> determined during 

the speech segment. 

•• 
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