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ABSTRACT

Beamforming methods for speech enhancement in wireless
acoustic sensor networks (WASNs) have recently attracted
the attention of the research community. One of the major
obstacles in implementing speech processing algorithms in
WASN is the sampling rate offsets between the nodes. As
nodes utilize individual clock sources, sampling rate offsets
are inevitable and may cause severe performance degrada-
tion. In this paper, a blind procedure for estimating the sam-
pling rate offsets is derived. The procedure is applicable to
speech-absent time segments with slow time-varying interfer-
ence statistics. The proposed procedure is based on the phase
drift of the coherence between two signals sampled at dif-
ferent sampling rates. Resampling the signals with Lagrange
polynomials interpolation method compensates for the sam-
pling rate offsets. An extensive experimental study, utilizing
the transfer function generalized sidelobe canceller (TFGSC),
exemplifies the problem and its solution.

Index Terms— WASN, beamforming, synchronization

1. INTRODUCTION

The topic of WASN has drawn attention of an increasing num-
ber of researchers in recent years [1]. Thanks to technological
advances in nano-technology and communications, construc-
tion of WASNs comprising small-scale and energy efficient
nodes has become feasible. Each node comprises sensors,
a processor, actuators and a wireless communication mod-
ule. The nodes sense a physical phenomenon propagating in
space, and by collaborating, they aim to achieve a mutual goal
of estimating a common parameter or of enhancing a desired
signal.

As each node relies on its own clock source, synchro-
nization offsets are inevitable. Elson and Kay [2] consider
the time synchronization problem in wireless sensor net-
works (WSNs). They define several aspects of the problem,
namely phase and frequency synchronization problems of the
nodes’ clock sources. They propose an algorithm, denoted

reference-broadcast synchronization (RBS), for synchroniz-
ing the clocks in the WSN. Wehr et al. [3] consider the syn-
chronization problem in distributed beamforming for blind
source separation (BSS). They propose an algorithm for esti-
mating the sampling rate offsets based on a modulated ref-
erence signal which is broadcast in the WASN. The esti-
mated sampling rate offsets are then compensated for by re-
sampling at the nodes. Pawig et al. [4] consider the problem
of a sampling rate offset between the analog to digital con-
verter (ADC) and the digital to analog converter (DAC) in a
single channel echo cancelation system. They utilize the ref-
erence data to estimate the sampling rate offset, and propose a
combined time-recursive algorithm for tracking both the room
impulse response (RIR) and the sampling rate offset. Subse-
quently, the reference signal is resampled using the Lagrange
polynomials interpolation method [5].

In this paper, we address the problem of blind sampling
rate offset estimation and compensation in beamforming ap-
plications. As we are interested in blind scenarios, no ref-
erence signals (neither speech from a far-end nor a common
modulated signal) are assumed to be available. To simplify
the exposition, a WASN, for which all microphone signals are
available at the fusion center, is considered. The same sam-
pling rate compensation method is applicable in distributed
constellations as well. The proposed method utilizes speech-
absent time segments, where the interference statistics is as-
sumed slowly time-varying, and the sampling rate offsets are
assumed fixed [2]. An estimation procedure for the sampling
rate offsets is proposed based on the coherence between the
received signals. Following [4], we propose to resample the
microphone signals with the Lagrange polynomials interpo-
lation method. We incorporate the proposed sampling rate
offset estimation and compensation scheme in the TFGSC,
introduced by Gannot et al. [6].

The structure of the paper is as follows. In Sec. 2, the
problem is defined. An algorithm for estimating the sampling
rate offsets is derived in Sec. 3. The Lagrange polynomials
interpolation method is described in Sec. 4. In Sec. 5, the
sampling rate offset estimation and compensation is incorpo-



rated in the TFGSC-beamformer (BF), and its performance
is evaluated in an extensive experimental study. Conclusions
are drawn in Sec. 6.

2. PROBLEM FORMULATION

Consider a WASN comprising N nodes in a reverberant and
noisy enclosure. The nth node comprises Mn microphones,
and the total number of microphones is M =

∑N
n=1Mn.

Denote the Mn × 1 microphone signals vector in continuous
time at the nth node by:

zn (t) = xn (t) + vn (t) . (1)

Let zn,r (t) be the continuous-time received signal at micro-
phone r in node n, and xn,r (t), vn,r (t) the respective speech
and noise components. It is assumed that the received noise
contains a spatially coherent component, and that a perfect
voice activity detector (VAD) is available. Hence, noise-only
segments can be determined, and hereafter only these seg-
ments will be considered.

Since nodes utilize individual clock sources, sampling
rate differences are inevitable. Denote the sample rate at the
nth node by fs,n. Without loss of generality, the sampling
rate offsets are defined with respect to the first node by:

fs,n = (1 + εn) fs (2)

where εn is the relative sampling rate offset and fs = fs,1 is
the sampling rate at the first node.

The sampled microphone signals at the nth node are de-
noted by vn [p] = vn (pTs,n) where Ts,n = 1

fs,n
is the sam-

pling period at the nth node and p is the sample index. The
notations (•) and [•] are used for denoting continuous-time
and discrete-time functions, respectively. We assume that the
WASN is fully connected and that all sampled microphone
signals are transmitted to the fusion center, selected, without
loss of generality, as the first node.

Let V `n,m [k] be the discrete short time Fourier transform
(STFT) of the rth microphone signal of the nth node at the
`th sample, using the analysis window c [p]:

V `n,r [k] =

∞∑
p=−∞

vn,r [p] c [p− `] exp

(
−j

2πkp

K

)
(3)

where k = 0, 1, . . . ,K − 1. Throughout the paper, lowercase
and uppercase letters denote functions in time and frequency
domains, respectively.

Since vn [p] ; n = 1, . . . , N are sampled with different
sampling rates, straightforward application of a beamforming
algorithm may result in a degraded performance. In Sec. 5
we will demonstrate this degradation. In the next section, a
sampling rate offset estimation procedure is derived.

3. SAMPLING RATE OFFSET ESTIMATION

We turn now to the derivation of a procedure for estimating
εn, the sampling rate offset of the nth node. In Sec. 3.1 some
notations are defined, and in Sec. 3.2 the estimation procedure
is derived.

3.1. Notation

Consider microphones s and r at the first and the nth
nodes, respectively. Let Rs,r (τ) and θs,r (ζ) be their cross-
correlation and cross-spectrum:

Rs,r (τ) =E {v1,s (t) vn,r (t− τ)} (4a)

θs,r (ζ) =

∫ ∞
−∞

Rs,r (τ) exp (−jζτ) dτ (4b)

where we assume that v1,s (t) and vn,r (t) are jointly
wide-sense stationary (WSS) processes. Similarly to (4a),
Rs,r (τ + ∆) = E {v1,s (t) vn,r (t− τ −∆)}, and the cor-
responding cross-spectrum, denoted θ∆

s,r (ζ), is obtained by
applying Fourier transform properties:

θ∆
s,r (ζ) = exp (jζ∆) θs,r (ζ). (5)

Due to sampling rate offset, the time difference between the
`th sample at microphone s and microphone r is approxi-
mately `Ts−`Ts,n ≈ `Tsεn, where we replaced Ts,n = Ts

1+εn
with its first-order Taylor series approximation Ts (1− εn).
Let θ`s,r [k] be the discrete cross-spectrum of the sampled mi-
crophones s and r at the `th sample. Assuming that the con-
tinuous cross-spectrum is band-limited by fs

2 and that the sup-
port of the window c [n] is long enough, the following equiv-
alence between the discrete and the continuous spectra holds:

θ`s,r [k] = θ`Tsεn
s,r

(
2πkfs
K

)
. (6)

Now, applying the relation in (5) to (6) yields:

θ`s,r [k] = exp

(
j
2πk`εn
K

)
θs,r [k] (7)

where

θs,r [k] = θs,r

(
2πkfs
K

)
. (8)

Let θs,s [k] and θr,r [k] be the auto-spectra of microphones
s and r, respectively. Denote the coherence between micro-
phones s and r at the `th sample by:

γ`s,r [k] =
θ`s,r [k]√

θs,s [k]θr,r [k]
(9)



for k = 0, 1, . . . ,K−1. Substituting (7) in (9), the coherence
is given by:

γ`s,r [k] =α`nγs,r [k] (10)

where

γs,r [k] =
θs,r [k]√

θs,s [k]θr,r [k]
(11a)

αn = exp

(
j
2πkεn
K

)
. (11b)

3.2. Estimation

We propose the following procedure for estimating εn; n =
2, . . . , N , given Ps samples of the microphone signals. For
each n = 2, . . . , N the coherence between the microphones
at the first and the nth nodes at samples ` = i × P ; i =
0, 1, . . . , I − 1 is estimated by using the Welch method with
K samples discrete Fourier transform (DFT), where I =
bPs

P c. We assume that the frequency offsets between the
transformed microphone signals are negligible. The esti-
mated M1 ×Mn cross-coherence matrix at sample iP is de-
noted by Γ̂

iP

1,n [k]. Assuming that the estimation error is low
γ̂iPs,r [k] ≈ γiPs,r [k], where γ̂iPs,r [k] is the element in the sth row

and the rth column of the matrix Γ̂
iP

1,n [k]. Considering (10),

we note that αPn =
γiP
s,r[k]

γ
(i−1)P
s,r [k]

.

Assume that the sampling rate offset is bounded to |εn| <
εmax, and define

kmax =
K

2Pεmax
. (12)

Note that for 1 ≤ k ≤ kmax it is guaranteed that the phase
difference between γiPs,r [k] and γ(i−1)P

s,r [k] is bounded in the
range [−π, π]. Therefore, we propose to estimate εn by aver-
aging the results obtained from all available microphone cou-
ples:

ε̂n =
1

M1Mn

M1∑
s=1

Mn∑
r=1

ε̂n,s,r (13)

where ε̂n,s,r is the estimate of the sampling rate offset de-
rived from microphones s and r. It is obtained by averaging
the phase differences of consecutive estimates of γ̂iPs,r [k] and

γ̂
(i−1)P
s,r [k] for all k in the allowable range with a proper fre-

quency dependent normalization factor:

ε̂n,s,r =
1

kmax

kmax∑
k=1

K

2πPk
6

{
1

I − 1

(
I−1∑
i=1

γ̂iPs,r [k]

γ
(i−1)P
s,r [k]

)}
.

(14)

Note that the averaging is applied in both time and frequency.

In the following section, given estimates of εn; n =
2, . . . , N , we describe a procedure, applied by the fusion cen-
ter, that compensates for sampling rate offsets by resampling
the microphone signals.

4. RESAMPLING WITH LAGRANGE
POLYNOMIALS INTERPOLATION

Consider the rth microphone signal of the nth node, i.e.
zn,r [p]. Given an estimate of the sampling rate offset at the
nth node, ε̂n, the signal is resampled to the sampling rate
of the fusion center, fs, by a fourth order Lagrange poly-
nomials interpolation [5]. First, zn,r [p] is interpolated by
a factor of 4, and the signal z̃n,r [p̃] is obtained. Denote
ṗ = b 4pTs

Ts,n
c ≈ b4p (1 + ε̂n)c, the closest interpolated sample

index from the left to time pTs. Then, the resampled value of
zn,r (pTs), denoted ẑn,r [p], is calculated by proper weighting
its four neighboring interpolated samples:

ẑn,r [p] =βp−1z̃n,r [ṗ− 1] + βp0 z̃n,r [ṗ]

+ βp1 z̃n,r [ṗ+ 1] + βp2 z̃n,r [ṗ+ 2] (15)

where

η =4p (1 + ε̂n)− ṗ (16a)

βp−1 =− η (η − 1) (η − 2)

6
(16b)

βp0 =
(η + 1) (η − 1) (η − 2)

2
(16c)

βp1 =− (η + 1) η (η − 2)

2
(16d)

βp2 =
(η + 1) η (η − 1)

6
. (16e)

5. EXPERIMENTAL STUDY

Consider the following scenario. A 4m×3m×3m room, with
a reverberation time of 300ms is simulated. A desired speaker
and Q point source stationary interfering sources are picked
up by the microphones, forQ = 1, . . . , 4. Utterances of 75sec
with 20% voice activity and a 6dB signal to interference ra-
tio (SIR) are used. Two microphone arrays, each comprises
6 microphones with 5cm spacing, are located close to two
perpendicular walls. The sampling rate of the first array is
set to 8KHz, whereas the sampling rate of the second array is
subject to offsets in the range of {−300,−250, . . . , 300} ppm
of the sampling rate of the first array, where ppm = 10−6.
The sampling rate offsets are simulated using the Lagrange
polynomials interpolation method, discussed above. For each
combination of sampling rate offset and number of interfer-
ences, 5 Monte-Carlo experiments are conducted, where the
locations of the sources are randomly selected. The proposed
sampling rate estimation and compensation scheme incorpo-
rated in the TFGSC [6] is denoted the synchronized TFGSC.



The performances of the regular TFGSC and the synchro-
nized TFGSC are compared in the various scenarios. The rel-
ative transfer function (RTF) is estimated once, using the sub-
space method [7], and is used to construct the fixed BF (FBF)
and the blocking matrix (BM), which remain fixed during the
entire utterance. The noise canceler (NC) is adapted using the
normalized least mean squares (NLMS). The performance
criteria are the excess distortion and the excess noise levels
with respect to the corresponding TFGSC without a sampling
rate offset. The following parameters are used in the pro-
posed sampling rate estimation. The Welch method with a
DFT size of 4096, 75% overlap and a Hamming window is
applied to 32s speech-absent segments for estimating the auto
and cross-covariances θs,s [k], θr,r [k] and θ`s,r [k]. Coherence

estimates, Γ̂
iP

1,n [k], of I = 6 time segments with 50% overlap
(P = 128 × 103), are used for estimating the sampling rate
offset, assuming that it is bounded by |εn| ≤ 400ppm. The
TFGSC-BF uses a 4096 points STFT with 75% overlap, and
the NLMS step is set to µ = 0.15.

The results of the experimental study are summarized
next. The standard deviation of the estimated sampling rate
offset in the synchronized TFGSC is lower than 3.2ppm in all
scenarios. The average signal to distortion ratio (SDR) of the
regular TFGSC without a sampling rate offset is 14.8dB. Its
corresponding SIRs levels are 34.1, 27.4, 24.4, 23.5dB for 1-4
interferences, respectively. The excess distortion and excess
noise levels in the regular TFGSC are 10.6dB in all scenar-
ios and 9.2, 5.2, 3.6, 3.0dB for 1-4 interferences, respectively.
However, their counterparts in the synchronized TFGSC are
significantly lower, 0.3dB excess distortion level and 0.1dB
excess noise level in all scenarios. Clearly, the performance of
the proposed synchronized TFGSC is equivalent to the regular
TFGSC without sampling rate offsets and is highly superior
to the regular TFGSC (with sampling rate offsets). The excess
noise level in the regular TFGSC with respect to its counter-
part without a sampling rate offset is depicted in Fig. 1.
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Fig. 1. The excess noise level in the regular TFGSC with
respect to its counterpart without a sampling rate offset.

6. CONCLUSIONS

The problem of blind sampling rate offset estimation and
compensation in WASN was considered. An interference
with slowly time-varying statistics, and speech-absent seg-
ments obtained by a perfect VAD were assumed available.
A procedure for estimating the sampling rate offsets was de-
rived. It was based on the phase drift in the coherence be-
tween two microphone signals, sampled at different sampling
rates. The estimated sampling rate offsets were compensated
for by resampling the signals with the Lagrange polynomi-
als interpolation method. The estimation and compensation
scheme was incorporated in the TFGSC, denoted the synchro-
nized TFGSC. It was shown that, under sampling rate offsets,
the synchronized TFGSC significantly outperforms the regu-
lar TFGSC. Moreover, the proposed method achieves the per-
formance of the regular TFGSC as if there were no sampling
rate offsets.
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