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ABSTRACT

Adaptive close-talking differential microphone arraysCi EEEEEE R N
MAs) inherently suppress farfield noise while emphasiziegicbd .
nearfield signals. This paper discusses the applicabifith@T-

MAs for noise reduction in mobile phones. In order to utilire
advantages of ACTMAS, we need to improve the robustness-to mi
crophone mismatch and improve parameter estimation amcura
In this paper we propose a method to improve the robustness of
the ACTMA algorithm by taking microphone gain mismatch into
account in the detection of background noise and mobile pliser
activity, performing online microphone gain calibratisteering the 5

null of the ACTMA to the rear of the mobile phone, and perform- R P

ing parameter estimation only when mobile phone user #ygtisi mimsa

detected. Thus, the robust ACTMA is applicable for perforgni

noise reduction in mobile phones. Experiments with reabdiga  Fig. 1. Mobile phone illustration with three microphones, i.engo
demonstrate the effectiveness of this method. at the top and two at the bottom.

12cm

Index Terms— Noise reduction, Adaptive close-talking micro-

phone array, Mobile phone typically located at endfire. This configuration is chosendose

higher gain is achieved at endfire [7, 8].
1. INTRODUCTION There are two main challenges in the application of the ACT-
MAs in the mobile phone scenario; Microphone mismatcheseau

Mobile phones are used for telecommunication in widelyediffg  a significant degradation in the performance of the ACTMAoalg
acoustic environments. However, if conversations takeepla ad-  rithm. This necessitates a calibration of the microphongsich
verse acoustical environments, i.e., high backgroundentiss may  typically cannot be performed offline. In order to ensure dee
lead to a significant degradation of speech intelligibitityd listen-  sired signal is not distorted, a correction filter [5] haseéabomputed
ing comfort for the listener at the far-end [1]. In such sc@sthe  based on the estimated positional information of the mqtiiene
application of noise reduction algorithms [2, 3, 4] thatesmini- user. To ensure sufficient accuracy, the estimation of tlsiipoal
mal speech distortion is highly desirable. Most of the mmplhones  information should only occur during speech activity of thebile
nowadays have two or more microphones and it has been shaivn ttphone user. Therefore, a method to detect the presence aftspe
the noise reduction performance can be enhanced by exgidgite  from the mobile phone user is required.
additional spatial diversity [1, 4]. In this paper, we show that by exploiting normalized poweele

In this paper, we discuss the application of adaptive ctaliéng  differences (NPLDs) [4], we can overcome these challengds.
differential microphone arrays (ACTMAS) [5, 6] for noisedtetion  also show that for real measurements, microphone gain néses
in mobile phones. A prerequisite for the application of ACAM  result in biased NPLDs measurements. We therefore propese t
is the existence of two closely-spaced microphones. A commouse of an adaptive threshold to improve robustness. Iniaddit is
microphone configuration found in mobile phones is one inclwhi necessary to steer the null of the ACTMA towards an angulgiore
there is a microphone at the bottom and another at the togafhth  which does not overlap with the angular region in which théditeo
bile phone. Due to the small sizes of the MEMS (MicroEleetFic  phone user is typically found.
Mechanical System) microphones typically used in mobileras,
it becomes feasible to place an additional microphone abot®m
of the mobile phone in the configuration depicted in Figurblibte
that the axis of the two-element array, consisting of mibmesn: | e following, the ACTMA [5] is briefly described. Here, we
andme, is perpendicular to the front of the phone, i.e., the user 'Sassume a free-field model and that the mobile phone user'tmnmu

This work was partially supported by tHeUE-Programm “Mikrosys- located close to the two microphones while the interferiogrees

temtechnick Bayern’des Bayerischen StaatsministeriimsMrischaft und &€ assumed to be far away. The ACTMA depicted in Figure 2
Medien, Energie und Technologie (StMWMEithin the twinMikro Project ~ constitutes a first-order close-talking differential nojghone array
under project number BAY 176/003. (CTMA), consisting of two closely-spaced omnidirectiorale-
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ments, whose output is processed by an adaptive correclien fi Xz2(w)

Here,d is the distance between the microphones@yisithe desired
source’s direction of arrival (DOA).

X1(w)

Fig. 3. First-order SACTMA.

therefore seek to estimaf{w) instead ofS(w). The inputs to the
SACTMA may then be written as

S
, , , , X1 (w) = S(w) + M (w), @)
Fig. 2. lllustration of first-order ACTMA with a nearby source. and
Assuming a spherical wave propagation model for the safirce Xo(w) = g(w)ﬁe*j““?*rl)/c + Na(w)
the frequency-domain microphone signals can be modelées] as [ R
— —JwT12 N. . 4
Xi(w) = S@)Hi(w)+Ni(w) Sw)oze +Na(w) @)
e—dwri/e ) In this case the correction filtd?(w) is obtained by computing the
= Sw) " +Ni(w), i=12 M) inverse of the response with respectSt@v), which is given by
whereS(w) is the desired speech signal; (w) is the transfer func- B(r,0s;w) =1 — gyped*(mz+76nu)) (5)

tion from the desired source to thieh microphone,N; (w) is the
background noise and additive uncorrelated white naise; 2~ f,
andc is the speed of sound.

According to [5], the correction filtel (w) is computed as the
inverse of the nearfield response of the differential ardi¢ source
S(w), which is given by

instead of (2).

In order to compute the inverse of (5), we require an estirofte
the distance ratie12 and the time-difference of arrival (TDOA) 2
between the microphones. Similarly to [5], the distancermedn be
estimated by

» » Xa(p, k)|
e jwry/c e jwra/c ~ =\ Z*Ai’
B(r, 04 ) = _ 7 @) G12(K) 1 Z;L | X1 (u, k)|

T1 T2

+ (1 =M)d2(k=1)  (6)

wherer; andr; are a function ofr andfs. The correction filter \yhere), is a smoothing parameter. The discrete frequency bin and
results in a nominally flat frequency response, thus engifia de-  frame index are denoted hyandx, respectively. Note that a mis-
sired signal remains undistorted, without significantlgreling the  y5tch in the microphone gains results in a wrong estimateeofiis-
noise canceling properties of CTMAs. Since the positiorhefo-  tance ratio. The TDOAr» can be estimated by any one of the var-
bile phone user is unkown, the correction filter is paraniegerin - jous methods presented in the literature [9, 10]. Here, DOA is

practice by the estimated distan€and angular orientatiofs of the  gstimated by using the Generalized Cross Correlation (G@hod
mobile phone user’s mouth relative to the array axis. Thesarpe-  [11].

ters can be estimated as proposed in [5].

4. ROBUST SACTMA
3. STEERED ACTMA

. . ) 3 To ensure sufficient accuracy in the estimation of the pararse; »
In mobile phone scenarios, the distance and angular otiemtaf  anq 7 ,, the estimation should only occur during periods when the
the mobile phone user relative to the array varies signifigdrom mobile phone user is active. In addition, the impact of npbtiane
user to user. As the null of the ACTMA is fixed at broadside.,, i.e mismatch on the SACTMA performance should be minimized.

90°, the correction filter may cause a significant amplificatibthe In this section, we present a robust SACTMA algorithm, which
uncorrelated spatially ngite noise if the mobile phone ss&mgular  geeks to overcome these challenges. Figure 4 depicts thk tio
positionfs approaches0°. agram of the proposed method. The source signals are cdyiiyre

To avoid the problem stated above, we propose to use thgyree microphones, i.em., ms andms, and the microphone sig-
steered ACTMA (SACTMA), which is depicted in Figure 3. The na|s are subsequently sampled and quantized, and therrladilieis

null of the SACTMA is constrained to an angular region in whic appjied to obtain the frequency-domain signails(u, «), Xa(j, x)
the phone user is typically not found by introducing a delayandxg(% K).

7(Onun) = d/ccos Oaur in the signal path. The null can be steered

adaptively, e.g., by localizing the dominant interfereridg periods

of mobile phone user inactivity while also constraining éisémated

DOA to a predefined angular region ,e.t20° < Gnu < 180°. In In order to achieve sufficient parameter estimation acguaad to

this paper, the null is fixed at an angleffi = 180°. perform online calibration, we require a method to distisgbe-
For the SACTMA, we select the desired signal at microphonetween the activity of the mobile phone user and the backgtoun

m1, i.e., S(w) = S(w)exp(—jwri/c)/r1, as our reference. We noise.

4.1. Near/Far Activity Detector
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| : X-
s : NFAD

| & is shifted upwards due to microphone mismatch. This behavés
| ': Paramter confirmed by other measurements in different acoustic enmients
I
I
I
|
v

Estimation and using different sets of microphones.
i To improve robustness, we propose to track the minima of the
! 712,012 broadband NPLD in order to compute an adaptive threshadd, i.
v the threshold is set relative to the minimum NPLD. Trackifighe
Xo Online Gain NPLD minima is performed similarly to the method proposed in
Calibration v [12]. The main idea is to find the minimum NPLDyi, within a
SACTMA |—> predefined number of consecutive frames. The adaptivehibicis
m1 D X1 > depicted in Figure 5, is given byamin(k) = Imin(k) + Ymin, where
~min is & fixed threshold.

m2

Fig. 4. General block diagram of proposed robust SACTMA.

—r ] (‘ " Mobilé phoné user activity ' J >
- Fmin
“Yamin

0.75

In this section, we consider the near/far activity dete@¥AD)
whose main goal is to distinguish between the presence efchpe o5 1
coming from the mobile phone user and the presence of bagkdro |
noise. This may be achieved by computing the NPLD between mi-°*F M
crophonesn, andms [4]

[ 1 1 1 I I I | I I I
0
0 5 10 15 20 25 30 35 40 45 50

x [Frames]

Doy (1K) = Pagas (1, K)
F , — 2T2 i 313 ) , 7
(1 ) DQasay (1 k) + Pagay (1, k) @)

where®, ., (1, &) = X2 | X7 (11, £)| + (1 = X2) @, (11, 5 — 1) are
the power spectral densities (PSDs) estimate¥ gf:, <) and ), is
a smoothing parameter. It was shown in [4] that the NPLD dosta
information related to the proximity of a source with redptecthe
mobile phone. Note that < I'(u, k) < 1. It is well known that microphone mismatch and position esiead
When only the background noise sources are active the powep a significant degradation in the performance of ACTMAs[Sh
at the microphones is approximately equal dr, ~) approaches the authors suggested performing an offline calibrationrdeoto
zero. When the telephone user is active there is a signifaifiat- reduce the microphone mismatch. Although effective, thispdure
ence in power at the microphones and therefofg, ~) approaches s not feasible for mass produced mobile phones.
unity. By applying a threshold to the NPLD, a decisi¢rcan be In this contribution, we propose online gain calibration- be
made on whether the telephone user is active or only the bawkd  cause experiments showed that the performance degradiioto
noise sources are active. This information is subsequessigl to  gain mismatch is significantly greater than due to phase atisim
control other modules as will be explained shortly. Although gain mismatches are frequency-dependent inipeaca
The NPLD computation in (7) assumes that the gains of the mifrequency-independent (broadband) calibration gain edusere.
crophones are matched. Unfortunately this is seldom the tas The gain calibration module computes broadband gains that ¢
practice due to manufacturing tolerances. Actually gaismaitches  pensate for microphone gain mismatches, i.e., typicakg ldan
introduce a bias into the NPLD computation. Assuming thermic +3dB, between microphones:; and ms. The gain calibration

Fig. 5. Exemplary NPLD, minimum NPLD, and adaptive threshold.

4.2. Online Gain Calibration

phone gains are constant over time, (7) becomes works on the assumption that if only the background noisetise

@ o the power of the signals at microphone, andms should be the
I(p, k) = rgza (oK) — 932(1) Pagas (1K) | (g same. This is a reasonable assumption as the microphoneergire

Paya (1 1) + g32(11) Pagas (1, F) close to each other. The broadband calibration gains ar@wt@ah

wheregsz (1) = ¢3()/g3(p) is the ratio of the gains of micro-

phonesms andma, respectively. If the microphones capture back- Doy, (K)

ground noise such that,,,, = ®..., then (8) becomes gi2(K) = )\3‘57() + (1= A3)g12(k — 1) (10)

Toxo
Toa(pt) = 1 — g32(p) ©) if (k) < Yamin(k), where®, ., (k) = > ®q,2, (1, k), A3 is @
bolk) = 777 g32(pn)’ smoothing parameter, an@min = 0.2 was chosen empirically.

For the algorithm proposed in [4], if the threshojglin < I'bg(1t)
this would lead to infrequent updates of the power speceakity
(PSD) estimate and therefore less noise reduction. The accurate estimation of the distance ratip and the TDOAr 2,
Figure 5 depicts an exemplary broadband NPLD computed fromvhich are used in the computation of the correction filter as ex-
recorded signals. Note that for our purposes, the NPLD geera plained in Section 3, is important as this minimizes theadt&in of
over frequency/ (k) = (I'(u, x)) ., is sufficient for signal classifi- the speech from the mobile phone user. If the parameter atstim
cation. The signals were recorded at a busy bus stop usingk-mo were to be performed continuously, this would lead to spugiesti-
up mobile phone whose microphones were located as depicted mates and a degradation in performance. Additionally, opilcone
Figure 1. The spacing of the microphones at the bottom was 5 mngain mismatch leads to erroneous distance ratio estimates.
Although high NPLD values occur when the mobile phone usac-is Therefore, the parameter estimation module estimates the
tive as expected, when only background noise is present DN  distance ratiogi12 and the TDOA 72 between X (u,x) and

4.3. Robust Parameter Estimation
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Xo(p, k) = /g1aXa(u, &) only when speech activity of the mobile
phone user is detected by the NFAD, i.e.Jifx) > ~vamin(x) + 9,
where the valué = 0.4 was chosen empirically.

5. PERFORMANCE EVALUATION

A Gain [dB]

First we compare the performance of the ACTMA and SACTMA al-
gorithms with respect to mobile phone usere’s D@AThe perfor-
mance is evaluated using the signal-to-interference-phise ratio
(SINR) gain, which is defined as the ratio of the segmentalRSIN
at the algorithm’s output w.r.t. the segmental SINR at tHeremce
microphonemn;. The microphone signals were obtained by convolv-
ing audio files with room impulse responses that were geeeiiay o [dB]
the image method [13] for a room with dimensions 5x5x2.5 mand
reverberation time of 350 ms. A sampling frequency of 32kHd a Fig. 7. Robust SACTMA SINR gain improvement due to broadband
microphone spacing of 5mm were chosen. The desired sourge Wgain calibration.
placed at a distance of 7.5 cm from the center of the arraynger-i
ferer was placed at a distance of 2m at an anglé0df Here, we
assume that the DOA and distance of the desired source iSrknOWby performing frequency dependent gain Ca"bration’ Wmd]top|c
Figure 6 depicts the gains of the ACTMA and SACTMA with re- of future research.
spect tods. Clearly, the gain decreases for both methods as the de-  Finally we evaluate the performance of the robust SACTMA for
Sll’ed source moves tOWards broadSIde but the SACTMA ha$|supe real recordings' Figure 8 depicts the input PSD Of the Sig}mrded
performance. by microphonen and the output PSD the robust SACTMA for real
recordings performed at a busy bus stop (see Section 4. irfitvef
: : details). Note that the DOA and distance of the desired soarthe
m array are unknown and have to be estimated in this case. I#as c
that robust SACTMA achieves significant background noistice
tion. The residual noise at low frequencies is predomiyaagatially
white noise. This residual noise can be reduced signifigamtlap-
plying single-channel noise reduction [3] as a postprangsstep to
50 60 70 80 further reduce residual noise.

0.15 0.14

o3[deg]

L

iy
a

SINR Gain [dB
o 8

o

o
-
o
N
o

30

40
6s [deg.]

«10% Input PSD
O S e

w104 Output PSD
O S

Fig. 6. SINR gain of ACTMA and SACTMA with respect to angule
orientation of mobile phone user.
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Now we investigate, by way of examples, the effect of broi
band gain calibration on the algorithmic performance. Kk, tthe
phase and magnitude responses of forty five EPCOS C914G M
microphones were used. The response for microphene/as com-
puted from mean magnitude and phase responsesH.€y) =

Frequency [Hz]

N

Gr(p) exp(jwM@r(u)). The response of the other microphories o2 Ztliome ?Zec]so o 2 Ztliome (Egec]so
2,3 were obtained as the realization of a Monte Carlo experiment ) .
with Gaussian distributions for amplitude and phase: Fig. 8. Robust SACTMA input and output PSDs.
i (3 op(n) )
Hiq(p) = (gr(u) + Um((u)) Agi,q> e (B i) 6. ACKNOWLEDGEMENTS
om0

(11)
wheregq is one ofQ realizations,om(x) is the measured standard
deviation for biny, andom(uo) is the measured standard deviation
for an arbitrary reference bim, (here the bin corresponds to 1 kHz).
Agi,q andA¢; 4 are the zero-mean Gaussian distributed magnitude
and phase errors with a variancesgf ando?, respectively. 7. CONCLUSIONS

Figure 7 illustrates the improvement in SINR obtained fréwa t
online gain calibration compared to the uncalibrated cade re-
sults were obtazineg by averaging twenty realizations fohefosen
variance paifoy,, oy ). Itis clear that the application of gain calibra- ; . . . .
tion imprcr))veg the pp)en‘ormance of the alggrithm signi?iqannp to © take the _mlcrophon_e_ gain mlsmatc_h into account wher_l ubiag
almost 3dB. It should be noted that for very small gain déoret of NPL.D fo_r15|gnal classification. Experlmente_ll resullts can@d t_he
less than 0.01dB , the broadband gain calibration leads hamal applicability of robust SACTMA for performing noise rediast in

performance degradation. Further improvement might béeaet mobile phones.

The authors would like to thank EPCOS AG and the Munich Univer
sity of Applied Sciences for providing the magnitude andsghee-
sponse measurements for the EPCOS C914G MEMS microphones.

In this paper we have proposed a method that improves thestrobu
ness of the ACTMA algorithm by performing robust parameter e
timation and online calibration. We also showed that it isassary
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