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ABSTRACT noise sources, and sources of airflow.

In telecommunications, diversity combining for multipeer !N this paper we consider a diversity technique that com-
ceiving antennas is a commonly used technique to achieyiin€s the processed signals of several separate microphone
robustness for fading channels. This paper proposes a fr&S We focus on in-car applications our aim is noise robust-
quency domain diversity approach for two or more micro-N€SS- A major issue of multi microphone setups with spread
phone signals, e.g. for in-car applications. The microgison Microphones is the coherent addition of the signals [4, 5].
should be positioned separately to insure diverse sigmal co ThiS requires a reliable estimate of the phase differenices.

ditions. This enables a better compromise for the microSituations where one of the microphone sources is heavily

phone position with respect to different speaker sizes anforrupted by noise, this phase estimation is particulaifly d
noise sources. The microphone signals are weighted withcult. Therefore, we propose an incoherent combination of
respect to their signal-to-noise ratio and then summed- simfn€ microphone signals. The input signals are used to esti-
lar to maximum-ratio-combining. The output SNR is signifi- Mate the power spectrum of the speech signal. The phase of
cantly improved compared to single microphone noise redudh® output signal is the noisy phase of one of the input sggnal

tion systems, even if one microphone is heavily corrupted bS With most single channel noise suppression techniques.
noise. In section 2, we revise the basic concept of maximum-

ratio-combining as required for the following discussion.
1. INTRODUCTION Some measurement results for the car environment are dis-
cussed in section 3. These results motivate spectral diyers
For safety and comfort reasons, hands-free telephone sysembining for multi microphone systems. In the subsequent
tems should provide the same quality of speech as convesections 4 to 6, we describe the signal processing compo-
tional fixed telephones. In practice however, the speech quanents required for the proposed diversity combining. That
ity of a hands-free car kit heavily depends on the particulais, we consider the design of appropriate signal weights and
position of the microphone. Speech has to be picked up asise suppression filters based on the noisy observations. F
directly as possible to reduce reverberation and to providaally, we present some simulation results in section 7.
a sufficient signal-to-noise ratio. The important question
where to place the microphone inside the car, is, however, 2. MAXIMUM-RATIO-COMBINING
difficult to answer. The position is apparently a compromise o . . .
for different speaker sizes, because the distance betwieen ni? telecommunications, the method of diversity combining
crophone and speaker depends significantly on the positidRf multiple receiving antennas is well known. The sig-
of the driver and therefore on the size of the driver. Furthernals from each channel are added together, using different
more, noise sources like airflow from electric fans or car-win Weights for each channel. The gain of each channel is pro-
dows have to be considered. Good noise robustness of singl@tional to the signal level and inversely proportionatte
microphone systems requires the use of single channel noi§®ise level in that channel. From communication theory we
suppression techniques, most of them derived from spectrNow that maximal-ratio-combining (MRC) is the optimum
subtraction [1]. Such noise reduction algorithms imprdwe t combiner for independent AWGN channels [8].
signal-to-noise ratio, but they usually introduce undsbir It is worthwhile to consider this communication situation
speech distortion. Microphone arrays can improve the peffor @ moment. We assume a scenario Wittsensors. Lex
formance compared to single microphone systems. NeveRe the transmitted symbol. The received symjdtom the
theless, the signal quality does still depend on the speak&h sensor is
position. Moreover, the microphones are located in close yi = hix+nj,

proximity. Therefore, microphone arrays are often vulner—Where h is the complex channel coefficient modeling the

able to airflow that might disturb all microphone signals. channel from the transmitter to tii@sensorn is the noise
Alternatively, multi microphone setups have been pro- !

posed that combine the processed signals of two or mOf%tntQ;'msf,gfc}rﬁ Lijnstli‘r?]lg' gtfasi:iigwﬁitt?ﬁé :QSeinhe?nnOer: IS
separate microphones. The microphones are positioned seﬁg y varying e y

rately (e.g. 80cm apart) in order to ensure incoherent decor 21 '€CEVing antenna, the noise is a Gaussian random vari-
ing of noise [2, 3, 4, 5]. Similar multi channel signal proges able with zero mean and varianog. With maximal-ratio-

ing systems have been suggested to reduce signal distort_iﬁﬁénvsgi‘;nh%égesﬁﬁ?mated (equalized) symbdl Gbtained by

due to reverberation [6, 7]. For hands-free car kits, this di
versity technique also enables a better compromise for the
microphone position with respect to different speakerssize

© EURASIP, 2009 854



[ SNRIN | 100km/h| 140km/h| defrost | 50

SNR small speakef 3.9/3 2.0/0 | 4.4/1.8
SNR tall speaker | 2.9/9.0 | 0.9/7.6 | 3.4/9.5

SNR [dB]

Table 1: Input SNR values [dB] from mic. 1/mic. 2 for typical
background noise conditions in a car.

I I I
1000 2000 3000 4000 5000

The weightgy; depend on the channel coefficiehts frequency [Fe]
— hi* Fig. 1: Input SNR values for a driving situation at a car speed okb0.
Yt lhj 2
whereh! is the complex conjugate of the channel coefficient
hi. We therefore have 4., SPECTRAL COMBINING
2 - hi n 5 n The results of the previous section motivate a diversithtec
AL |2y1 AL |2y2 o nique that combines the processed signals of the different m
B ht B X crophones in the frequency domain. Ideally we would apply
= —g 5 (Mx+n1) + 2 5 (hax+nz) +... maximum-ratio-combining for each frequency. The problem
Yic1lhil Yice | hi at hand is that different to the situation in radio communica
hy h3 tion we have no means to explicitly estimate the room trans-
X+ sV h |2nlJr sV h |2”2Jr e fer characteristic for our microphone system. In this secti
i=1 | N i=1 | Ni

we show that MRC combining can be achieved without ex-
The estimated symbot is therefore equal to the actually plicit knowledge of the acoustic channels. The weights for

transmitted symbof plus some weighted noise term. the different microphones can be calculated based on an es-

The overall signal-to-noise ratio of the combined signal istimate of the signal-to-noise ratio for each microphone.
simply the sum of the signal-to-noise ratios of Meeceived We consider the spectrum of the microphone signal
signals [8].

Yi(f) = Hi(F)X(f) +Ni(f),

3. MEASUREMENT RESULTS
whereX(f) andN;(f) are the spectra of the speech signal

The basic idea of our spectral combining approach is to ap: . AT . T
ply MRC to speech signals. This is motivated by the meafjlnd the noise at thé' microphone, respectivelydi(f) is the

surement results presented in table 1. This table contiaéns t;:mhaﬂlr;eel rtéin(s)fﬁé eﬂ]frnocrm?]é"se'egllzrig:‘f'ﬁgi é:gnﬁgor:em @ th
average SNR values for different noise conditions typical i pWith MRpC we would wei F;]t each micro hoFr)1e in .ut sia-
a car. For these measurements we used two cardioid micrﬂé1| 9 P P 9

phones with positions suited for car integration: One micro Yi(f) with the gain factor

phone (denoted bynic. 1) was installed close to the inside H* ()
mirror in the head unit. The second microphomeq. 2) was G(f)= Mliz (1)
mounted at the A-pillar. With an artificial head we recorded Yiz1 [ Hi(f) |

speech samples in two different seat positions. Therefere w o N
considered two speaker sizes: a tall speaker of about 194ckd general, the MRC weighting and the coherent addition re-
height and a small speaker of 164cm. With respect to thre@uire exact knowledge of the absolute value and the phase
different background noise situations, we recorded dgivin Of Hi(f). With speech signals we have no means to explic-
noise at 100km/h and 140km/h. As third noise situation wetly estimate the transfer functions () from the speaker to
considered the noise which arises from an electric fan (deheimicrophone. We therefore estimate the gain factor (1)
froster). For all recordings we used a sampling rate of 11026ased on the signal-to-noise ratios of the microphone lEgna
Hz. Apparently, for tall speakers the microphone position 2  Let
is the preferred position. For small speakers the position 1 N E{|Hi(f)X(f)|?}
provides the better results. u(f) = E{| N(f) |2}
The SNR differences are even more pronounced when we
consider the SNR versus frequency as for example depictetenote the signal-to-noise-ratio for tiemicrophone at fre-
in Fig. 1. From this figure we observe that the SNR values arguency f. For the sake of simplicity, we assume that the
quite distinct for these two microphone positions witheliff ~speech signal and the noise signals are stationary pracesse
ences of up to 10dB depending on the particular frequencyvith zero mean, where the noise power is the same for all
We also note that the better microphone position is not obvimicrophones. Furthermore, we assume that the speech sig-
ous in this case, because the SNR curves cross several timggl and the channel coefficients are uncorrelated. Thus, we
Theoretically, a MRC combining of the two input signals obtain
would result in an output SNR equal to the sum of the input 5 )
SNR values. With two inputs, MRC achieves a maximum () = E{] Hi(H)X(F) [} [Hi(F) [ P(f) @)
gain of 3dB for equal input SNR values. In case of the input ' E{|Ni(f)[?} Pu(f) ’
SNR values being rather different, the sum is dominated by
the maximum value. Hence, for the curves in Fig. 1 the outwherePx (f) and Py(f) are the power spectral densities of
put SNR would essentially be the envelope of the two curveghe speech and noise process at frequdnacgspectively.
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We consider the weights Most, if not all, implementations of spectral subtraction
are based on an over-subtraction approach, where an over-

- yi(f) estimate of the noise power is subtracted from the power
Gi(f)= W 3) spectrum of the input signal [9]. Over-subtraction can be
2j=1Y] included in equation (6)) by using a constgntarger than

Substitutingy( f) by equation (2) leads to one. This leads to the final gain factor

2oy |Hi(f) 2 | Hi(f) | Gi(f) = y(f) . @)
Gi(f) = _ .
) Z'jw:1|Hj(f)|2 Z'J.V':l||_|j(f)|2 p+y(f)

The parametep does hardly affect the gain factors for high

Hence, with equation (1) we have signal-to-noise ratios retaining optimum weighting. Fow|
signal-to-noise ratios this term leads to an additionaratt
|Gi(f) |= éi(f) 1 ) uation. The over-subtraction factor is usually a functién o
zjmi1 |H;(F) ]2 the SNR, sometimes it is also chosen differently for differe

frequency bands [10]. Nevertheless, a constant value in the
rangep € [5,10] leads to reasonable results.

We observe that the magnitude of the weiGhtf ) is propor- Real world speech and noise signals are non stationary
tional to the absolute value of the MRC weights according throcesses. For an implementation of the spectral weighting
equation (1), because the factor we have to estimate the short-time power spectral densities

1 (PSD) of the speech signal and the noise components. How-
e — ever, only the noisy speech signals are available. We there-
z’}"zl | H;(f)[? fore have to estimate the current signal-to-noise ratietbas
on the noisy microphone input signals. This is commonly
is the same for alM microphone signals. Consequently, co-done by using voice activity detection (VAD, see e.g. [11])
herent addition of the sensor signals weighted with the gaif" Minimum statistics [12] to estimate the noise power spec-
factorsGi(f) still leads to a combining, where the signal- tral densityE {| Ni(f) [*}. The current signal-to-noise ratio
to-noise ratio at the combiner output is the sum of the inputs then obtained by
SNR values. Thus, we obtain the overall SNR ) )
_E{M) P -E{ N 7}

M () = :
E{| N(f)|?
v(f)zziv.(f)- @) {INi(f) |2}
= assuming that the noise and speech signals are uncortelated
> NOISE SUPPRESSION 6. MAGNITUDE COMBINING

Maximum-ratio-combining provides an optimum weighting Similar to the problem of SNR estimation the coherent sig-

of the M sensor signals. However, it does not necessarl_l)ﬁal combination requires an estimate of the phase differ-
suppress the noisy signal components. We therefore Comb'%%ces of the input signals. Let(f) denote the phase of

the spectral combining with an additional noise suppressioH FYX( ! :

. . . ; - at frequencyf. For signal processing of speech
filter. Of the numerous proposed noise reduction techniqueg (n;Is(oLr aim Cils usu}glly not tg rest%re the agsolutrc)a phase
in the literature, we consider only spectral subtractiomnciwh of the speech signal. Hence, it is sufficient to take care
supplements the spectral combining quite naturally. With t ¢y, ohase”differences between the microphone input sig-
overall SNRy(f) the spectral subtraction filter for the com- nals. However, the phase differences can only be reliably
bined signal can be written as estimated during speech activity. Estimating the phase dif

ferencegni(f) =@ (f)—a(f),vi=2,....M
Gus(f) = /= A © *
1+ y(f) ej(pA‘i(f)E{ Yi(f)Yi(f) }
Yy (f Y (f
Multiplying this filter transfer function with equation (3) a1 (|

leads to leads to unreliable phase values for all time-frequencptgoi
without speech activity. Diversity combining using thisies

Gi(f) = Gi(f)Gns(f) mate leads to additional signal distortions. A coarse egtm
f f of the phase difference can also be obtained from the time-
%(f) v(f) shift 7; between the direct path components in both room im-
y(f) \ 1+y(f) pulse responses. This time-shift can for example be found by
searching for the maximum value of the cross-correlation of
_ y(f) (6) the two input signals. The estimate is thgn () ~ 2nf 1.
1+y(f) Note that a combiner using these phase values would in a cer-

tain manner be equivalent to a delay-and-sum beamformer.
This formula shows that noise suppression can be introducddowever, for distributed microphone arrays this phase com-
by simply adding a constant to the denominator term in equgpensation leads to a poor estimate of the actual phase-differ
tion (3). ence.
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Fig. 3: Output SNR values for spectral combining without additiorzise Fig. 4: Output SNR values for spectral combining with additionaiseo

suppression (car speed of 100kmghs= 0). suppression (car speed of 100kmghs= 10).
l [ 100km/h | 140km/h | defrost | | [ T00km/h | 140km/h | defrost |
SNR small speakef 3.4 0.6 27 SNR small speakef 13.1/10.6| 10.7/6.8 | 11.6/8.7
SNR tall speaker 8.8 6.1 8.3 SNR tall speaker | 12.3/17.0| 9.7/13.3 | 10.8/15.6
dist. small speaker| 1.8/2.0 1.8/1.9 1.271.3
Table 2: Output SNR values [dB] for diversity combining dist. tall speaker 27113 | 2513 ] 1.8/12

without additional noise reductiop (= 0). )
Table 3: Output SNR values [dB] and cosh spectral distances

for single channel noise reduction with input signal from
mic. 1/mic. 2, respectively.
We therefore use a simple magnitude combining ap-
proach, where the phase of the output signal is the noisy
phase of one of the input signals. Let(f) be the phase
of the first input signal. With magnitude combining we cal- reverberation and noise) and the output speech signat (filte

culate the combined signal as follows coefficients were obtained from noisy data).
Table 3 provides results for single channel noise reduc-
X(f) = Guf)Va(f)+Ga(f) | Yao(f) | D 4 . tion, where we used spectral subtraction as proposed in [11]
Gt (F) | Yar(F) | @@ 8 We observe from these results that the position of micro-
+Gm(f) [Yu(f) e ' (8) phone 1 would be a suitable compromise for both speaker

sizes, whereas position 2 would result in up to 5dB better
SNR for a tall speaker. The results for the diversity combin-
ing scheme are given in Table 4. The SNR values are slightly
better than the best value of the single channel noise sup-
7. SIMULATION RESULTS pression, where the signal distortion is similar to the k&ing
For our simulations we consider the same microphone setughannel case. The speech is free of musical tones and sounds
as described in section 3. For the spectral combining we usdtiore natural compared to ordinary spectral subtractioe. Th
an FFT length of 256 and a Hamming window for time win- lack of musical noise can also be seen in Fig. 5, which shows
dowing. the spectrograms of enhanced speech and the input signals.
Figure 3 presents the output SNR values for a drivingrhe improved signal quality can be explained by the dere-
situation with a car speed of 100km/h. For this simulationverberation effect of the diversity combining. The spdctra
we usedp = 0, i.e. spectral combining without noise sup- combining equalizes frequency dips that occur only in one
pression. In addition to the output SNR, the curve for ideamicrophone input (compare Fig. 1 and Fig. 3).
maximume-ratio-combining is depicted. This curve is simply
the sum of the input SNR values for the two microphones 8. CONCLUSIONS
which we calculated based on the actual noise and speech . ] )
signals. We observe that the output SNR curve closely folln this paper we have presented a diversity technique that
lows the ideal curve but with a loss of 1-3dB. This loss iscombines the processed signals of several separate micro-
essentially caused by the estimation of the power spectrghones. The aim of our approach was noise robustness for
densities which is based on the noisy microphone signal$h-car hands-free applications, because single chanmg no
Table 2 provides the average SNR values for all considereguppression methods are sensitive to the microphonedocati
driving situations. Comparing these results with the inpund in particular to the distance between speaker and micro-
SNR values in table 1 we note that the output SNR is clos@hone.
to the maximum of the input SNR values.
In the following we consider the spectral combining with
additional noise suppressiop & 10). Figure 4 presents the l

A corresponding processing system for two inputs is de
picted in Fig. 2.

[ 100km/h | 140km/h | defrost |

corresponding results for a driving situation with a caresbe EHE ts;ﬂz" Z‘;ﬁg'r‘e ﬁg Eg i%g
of 100km/h. The output SNR curve still follows the ideal st Sma”pspeake, 13 14 16
MRC curve but now with a gain of up to 5dB. More simula- dist. tall speaker 1.2 14 16

tion results are presented in Tab. 3 and Tab. 4. As an obgectiv
measure of speech distortion we calculated the cosh spectBable 4: Output SNR values [dB] and cosh spectral distances
distance (a symmetrical version of the Itakura-Saito distq  for diversity combining f = 10).

between the power spectra of the clean input signal (without

857



. K Yy (f
x(K) * hy (k) b .yl(;) Aﬁ FFT L:() Y
xhy : () 2(k
@ - S omputing Iréz(f)ej‘émgg“’k e [
X(k)*hz(k)\\ /\*» FFT r ‘%
(S | Ya2(f) |
nz(k)

Fig. 2: Basic system structure of the two-channel diversity syste
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pp. 1475-1481, June 1970.
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Fig. 5: Spectrograms of the input and output signals (car speedaxm.,

a =10).

We have shown theoretically that the proposed signal[g]

®

weighting is equivalent to maximum-ratio-combining.

we have assumed that the noise power spectral densities al
equal for all microphone inputs. This assumption is of ceurs

Here

unrealistic. However, the simulation results for a two roicr

phone system demonstrate that a performance close to that of

MRC can be achieved with real world noise situations. Thes

results were obtained with an SNR estimate based on voi

activity detection and with magnitude combing, i.e. withou

a phase estimation.

The proposed diversity scheme achieves better SNR val-
ues than the better of the two single channel systems and is

therefore less sensitive to varying speaker positions.
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