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ABSTRACT
Spherical microphone arrays present the advantage of enabling

a three dimensional analysis of the sound field that can be described
efficiently in the spherical harmonic domain. In this paper, we
present a tradeoff beamformer which operates in this domain and
enables a compromise between noise reduction and speech dis-
tortion. The experimental results obtained using simulated data
demonstrate the beamformer’s ability to reduce high levels of coher-
ent noise with low speech distortion. With a 32 microphone array
in the presence of one interfering talker and signal to coherent noise
ratios as low as −40 dB, the beamformer is able to achieve an array
gain of up to 72 dB while retaining good speech quality.

Index Terms— Speech enhancement, noise reduction, spherical
harmonic domain, spherical microphone arrays.

1. INTRODUCTION

Distant speech acquisition is required in many applications such as
hands-free telephony and hearing aids, where in addition to the de-
sired speech signal, the received signal is corrupted by sensor noise
and other interfering sound sources. This unfortunately degrades the
quality and intelligibility of the desired speech. Microphone arrays,
where a set of microphones is arranged in a specific configuration,
have frequently been used to mitigate these effects [1], exploiting the
spatial properties of the sound field.

Spherical microphone arrays present the advantage of enabling
a three dimensional analysis of the sound field that can be described
efficiently in the spherical harmonic domain. Numerous spatio-
temporal filters, called beamformers, have been proposed to process
the received microphone signals in the spatial domain (see [1] and
the references therein). More recently, spherical harmonic domain
(SHD) beamformers have become a topic of interest [2], where we
filter the SHD signals (eigenbeams) instead of the individual micro-
phone signals. In optimal beamforming the filter weights are chosen
in a statistically optimal way: a cost function (typically the mean
square error between the filtered and desired signals) is minimized,
often subject to some additional constraints.

Fixed beamformers apply a constraint to a specific look direc-
tion [3, 4] and optimize the beamformer weights with respect to ar-
ray performance measures such as the directivity index, white noise
gain or sidelobe levels. Signal-dependent beamformers (e.g. [5, 6])
optimize the filter weights taking into account characteristics of the
desired signal and noise, although they usually still assume knowl-
edge of the source direction of arrival (DOA). In order to perform
dereverberation in addition to noise reduction, in [6] the desired sig-
nal consists only of the direct path and some early reflections, requir-
ing an estimate of the DOAs of all plane waves of interest. In this

contribution our aim is to concentrate only on noise reduction and
we therefore do not perform any dereverberation, keeping in mind
the fact that there is a tradeoff between noise reduction and speech
dereverberation [7].

In this work, we propose a tradeoff beamformer in the spheri-
cal harmonic domain, where the tradeoff is between noise reduction
on the one hand, and speech distortion on the other. This tradeoff
beamformer includes the minimum variance distortionless response
(MVDR) and Wiener filters as special cases. The proposed beam-
former depends on the covariance matrices of the desired plus noise
signals and of the noise only signals, but does not explicitly require
knowledge of the desired source DOA. We evaluate the performance
of our beamformer using signal-based measures.

This paper is organized as follows. In Section 2, we describe
the signal model and formulate the problem. In Section 3, we define
a number of performance measures which we will use to evaluate
the performance of our beamformer, and which we use to derive
the proposed tradeoff beamformer in Section 4. In Section 5, we
evaluate its performance as a function of the tradeoff parameter.
Finally we provide conclusions in Section 6.

2. PROBLEM FORMULATION

We consider a conventional time-domain signal model in which a
spherical microphone array captures Q noisy signals p(n, rq) at
a discrete time index n and microphone positions rq = (r,Ωq)
(in spherical coordinates), where r is the radius of the sphere and
q ∈ {1, . . . , Q}. The qth microphone signal, p(n, rq), consists of a
convolved speech signal x(n, rq) and a noise signal v(n, rq):

p(n, rq)=g(n, rq) ∗ s(n)+v(n, rq)=x(n, rq)+v(n, rq) (1)

where g(n, rq) is the acoustic impulse response from the unknown
speech source s(n) to the microphone at angle Ωq and ∗ is the linear
convolution operator.

The acoustic impulse responses are assumed to be time-invariant.
We also assume that the received speech signals x(n, rq) and the re-
ceived noise signals v(n, rq) are uncorrelated. The received speech
signals originate from a single source and are therefore, by defini-
tion, coherent across the array. The noise signals, on the other hand,
are usually only partially coherent across the array.

We can rewrite (1) in the STFT (short-time Fourier transform)
domain as1

P (k, rq) = G(k, rq)S(k) + V (k, rq)

= X(k, rq) + V (k, rq) (2)

1For brevity, the dependency on the time frame index is omitted.



where k is the discrete frequency index and P (k, rq), G(k, rq),
S(k), and V (k, rq) are STFT-domain representations of p(n, rq),
g(n, rq), s(n) and v(n, rq), respectively.

2.1. Spherical harmonic domain signal model

When dealing with spherical microphone arrays, it is convenient to
work in the spherical harmonic domain. The spherical Fourier trans-
form Flm(k) of a spatial domain signal F (k, rq) involves an integral
over all angles Ω, however it can be approximated for a discretely
sampled sound field using the expression [8]

Flm(k) ≈
QX
q=1

cqF (k, rq)Y
∗
lm(Ωq), (3)

where Ylm is the spherical harmonic of order l and degree m, and
(·)∗ denotes the complex conjugate. The spherical Fourier transform
coefficient Flm(k) for all values of k is often called the eigenbeam
of order l and degree m, due to the fact that the spherical harmon-
ics are the eigensolutions of the acoustic wave equation in spherical
coordinates. The weights cq are chosen such that the approximation
in (3) is as accurate as possible (c.f. [8] for examples); with a suffi-
cient number of microphones and appropriate positioning, the error
involved in this approximation can be eliminated entirely. All spa-
tial sampling schemes require at least Q = (L + 1)2 microphones
to sample a sound field up to order l = L.

We can now express our signal model in the SHD as:

Plm(k) = Glm(k)S(k) + Vlm(k)

= Xlm(k) + Vlm(k) (4)

where Plm(k), Glm(k), Xlm(k) and Vlm(k) denote the SHD rep-
resentations of P (k, rq), G(k, rq), X(k, rq) and V (k, rq), respec-
tively.

The SHD signals Plm(k), Glm(k), Xlm(k) and Vlm(k) are de-
pendent on the mode strengthBl(k), which is a function of the array
configuration. Expressions for mode strength in various configura-
tions (open, rigid, dual-sphere, etc.) can be found in [2]. In order
to cancel the dependence on the array configuration, we divide our
eigenbeams by the mode strength to yield mode strength compen-
sated signals:

ePlm(k) = B−1
l (k)Plm(k)

= B−1
l (k) [Glm(k)S(k) + Vlm(k)]

= eGlm(k)S(k) + eVlm(k)

= eXlm(k) + eVlm(k) (5)

where ePlm(k), eGlm(k), eXlm(k) and eVlm(k) respectively denote the
signals Plm(k), Glm(k), Xlm(k) and Vlm(k) after mode strength
compensation.

AsX(k, rq) and V (k, rq) are uncorrelated and the STFT, spher-
ical Fourier transform and division by the mode strength are lin-
ear operations, eXlm(k) and eVlm(k) are also uncorrelated. It can
be shown that as the spatial domain signals X(k, rq) are coherent
across rq , the eigenbeams eXlm(k) are also coherent across l and m.

2.2. Beamforming in the spherical harmonic domain

In this work, our desired signal is chosen to be eX00(k). This signal
is proportional to the speech signal which would be received by an

omnidirectional microphone placed at the center of the sphere, and
will therefore be referred to as the omnidirectional speech signal.
For convenience, we rewrite the SHD signals in a vector notation,
where each of the vectors has lengthN = (L+1)2, the total number
of eigenbeams up to order L:ep(k) = eg(k)S(k) + ev(k)

= ex(k) + ev(k)

= d(k) eX00(k) + ev(k), (6)

where

ep(k) =
h eP00(k) eP1(−1)(k) eP10(k) eP11(k) · · · ePLL(k)

iT
,

d(k) =

"
1
eG1(−1)(k)eG00(k)

eG10(k)eG00(k)

eG11(k)eG00(k)
· · ·

eGLL(k)eG00(k)

#T
,

and eg(k) and ev(k) are defined similarly to ep(k). Note that we have
implicitly assumed here that G00(k) 6= 0 ∀k.

The eigenbeams eXlm(k) are coherent, therefore the signal vec-
tor ex(k) can also be written as

ex(k) = γex eX00
(k) eX00(k), (7)

where

γex eX00
(k) =

E
hex(k) eX∗

00(k)
i

E
h
| eX00(k)|2

i = d(k) (8)

is the partially normalized [with respect to eX00(k)] coherence vector
between ex(k) and eX00(k) and E [·] denotes mathematical expecta-
tion. Using (8), (6) can be expressed asep(k) = γex eX00

(k) eX00(k) + ev(k). (9)

As ep(k) is the sum of two uncorrelated components ex(k) andev(k), the correlation matrix of ep(k) is given by

Φep(k) = E
hep(k)epH(k)

i
= Φex(k) + Φev(k), (10)

where Φex(k) = φ eX00
(k)γex eX00

(k)γHex eX00
(k) and Φev(k) =

E
ˆev(k)evH(k)

˜
are respectively the covariance matrices of ex(k)

and ev(k), φ eX00
(k) = E

h
| eX00(k)|2

i
is the variance of eX00(k),

and (·)H denotes the Hermitian transpose.
Equation (9) contains our desired signal eX00(k) and is the basis

for the design of our noise reduction beamformer. The output Z(k)
of our beamformer is obtained by applying a complex weight hH(k)
to each eigenbeam, and summing across all eigenbeams:

Z(k) = hH(k)ep(k)

= hH(k)ex(k) + hH(k)ev(k)

= eXfd(k) + eVrn(k), (11)

where eXfd(k) = hH(k)ex(k) = hH(k)γex eX00
(k) eX00(k) is the fil-

tered desired signal and eVrn(k) = hH(k)ev(k) is the residual noise.
The variance of Z(k) is then given by

φZ(k) = hH(k)Φep(k)h(k)

= φ eXfd
(k) + φeVrn

(k), (12)

where φ eXfd
(k) = φ eX00

(k)|hH(k)γex eX00
(k)|2 and φeVrn

(k) =

hH(k)Φev(k)h(k).



3. PERFORMANCE MEASURES

In the following section, we define the performance measures which
we will be using to design and evaluate our beamformer.

Array gain: The array gain is defined as the ratio of the output
signal to noise ratio (SNR) to the input SNR [9], where here noise
refers to both incoherent (sensor) noise and coherent noise (interfer-
ence). Our objective is to estimate the desired speech componenteX00(k), and the input SNR is therefore defined as the ratio of the
power of eX00(k) to the power of the noise eV00(k). The output SNR
quantifies the amount of noise remaining at the output of our beam-
former, and is defined as the ratio of the power of the filtered desired
signal eXfd(k) over the power of the residual noise eVrn(k). The nar-
rowband array gain is therefore given by

A [h(k)] =
oSNR [h(k)]

iSNR(k)
=
φ eXfd

(k)

φeVrn
(k)

φeV00
(k)

φ eX00
(k)

(13a)

=
φeV00

(k)|hH(k)γex eX00
(k)|2

hH(k)Φev(k)h(k)
. (13b)

where φeV00
(k) = E

h
|eV00(k)|2

i
is the variance of eV00(k).

Noise reduction factor: The noise reduction factor measures
the amount of noise being attenuated by the beamformer [10], and is
defined as the ratio of the power of the noise in the omnidirectional
signal eV00(k) over the power of the residual noise at the beamformer
output eVrn(k). We define the narrowband noise reduction factor as

ξnr [h(k)] =
φeV00

(k)

φeVrn
(k)

=
φeV00

(k)

hH(k)Φev(k)h(k)
(14)

Speech distortion index: The filtering operation unfortunately
introduces distortion to the desired speech signal eX00(k). The nar-
rowband speech distortion index [10] is defined as

vsd [h(k)] =
E
h
| eXfd(k)− eX00(k)|2

i
φ eX00

(k)
(15a)

=
˛̨̨
hH(k)γex eX00

(k)− 1
˛̨̨2
. (15b)

Speech quality: We evaluate the speech quality using the Per-
ceptual Evaluation of Speech Quality (PESQ) measure, standardized
as ITU-T Recommendation P. 862, which normally yields a mean
opinion score (MOS) between 1 (bad) and 4.5 (excellent) [11]. In
cases of high distortion, the PESQ score may drop below 1.

4. SPHERICAL HARMONIC DOMAIN
TRADEOFF BEAMFORMER

In this section, we derive a signal-dependent tradeoff beamformer.
Our aim is to minimize the narrowband speech distortion index with
the constraint that the narrowband noise reduction factor is greater
than one. Mathematically, this is equivalent to

min
h(k)

vsd [h(k)] s.t. ξnr [h(k)] = β−1 (16)

min
h(k)

˛̨̨
hH(k)γex eX00

(k)− 1
˛̨̨2

s.t. hH(k)Φev(k)h(k)=βφeV00
(k),

where 0 < β < 1 to ensure that we get some noise reduction. Using
the Woodbury matrix identity and a Lagrange multiplier, µ ≥ 0,

to adjoin the constraint to the cost function, we deduce the tradeoff
filter:

hT,µ(k) = φ eX00
(k) [Φex(k) + µΦev(k)]−1 γex eX00

(k) (17a)

=
φ eX00

(k)Φ−1ev (k)γex eX00
(k)

µ+ φ eX00
(k)γHex eX00

(k)Φ−1ev (k)γex eX00
(k)

(17b)

=
Φ−1ev (k)Φep(k)− IN

µ+ tr
ˆ
Φ−1ev (k)Φep(k)

˜
−N

i1,N , (17c)

where the Lagrange multiplier, µ, satisfies

hT,µ(k)Φev(k)hT,µ(k) = βφeV00
(k), (18)

IN is the N × N identity matrix, and i1,N = [1 0 · · · 0]T is the
first column of IN .

However, in practice it is not easy to determine the optimal µ.
Nevertheless, when this parameter is chosen in an ad-hoc way, it
has been shown [12] that the µ = 0 and µ = 1 cases respectively
correspond to the MVDR and Wiener filters, that µ > 1 results in
low residual noise at the expense of high speech distortion, and that
µ < 1 results in high residual noise and low speech distortion. While
in principle µ could be frequency-dependent, in this work for sim-
plicity µ is chosen to be a frequency-independent constant.

In some cases it can be advantageous to separate the tradeoff
filter into two parts, using (17b) and (17c):

hT,µ(k) =
Φ−1ev (k)γex eX00

(k)

γHex eX00
(k)Φ−1ev (k)γex eX00

(k)

tr
ˆ
Φ−1ev (k)Φep(k)

˜
−N

µ+tr
ˆ
Φ−1ev (k)Φep(k)

˜
−N

.

(19)
The first term represents an MVDR beamformer in the SHD, while
the second term is a single-channel parametric Wiener filter which
is always smaller than or equal to one. The behaviour of the tradeoff
filter as a function of µ is clearly seen here: as µ increases, the sec-
ond term term becomes smaller and the beamformer attenuates more
noise but also causes more speech distortion.

5. PERFORMANCE EVALUATION

5.1. Experimental setup

We evaluated the performance of our beamformer in a simulated
room with dimensions 5 × 7 × 4 m and a reverberation time
of 300 ms. We computed room impulse responses (RIRs) using
SMIRgen, a RIR generator for spherical microphone arrays [13].
We simulated a rigid 32 microphone spherical array with radius
4.2 cm placed approximately in the center of the room, and applied
our beamformer to eigenbeams up to order L = 3, of which there
are N = (L + 1)2 = 16 in total. A desired talker was placed at an
azimuth of 0◦, while an interfering talker was placed at an azimuth
of 140◦. For both talkers the elevation was 0◦ and the source-array
distance was 1 m.

The desired source and coherent noise signals consisted of 60 s
of male and female speech from the EBU SQAM disc [14]. The
incoherent sensor noise consisted of spatially white noise with a con-
stant input signal to incoherent noise ratio (iSINR) of 20 dB, while
the coherent interference had an input signal to coherent noise ratio
(iSCNR) between −40 and 40 dB. Noise levels were set based on
active speech levels, computed according to ITU-T Rec. P. 56, at a
microphone located at (r, 0◦, 69◦).

Processing was done at a sampling frequency of 8 kHz in the
STFT domain with a block length of 256 ms and a 50% overlap
between successive frames. In practice the covariance matrix Φev
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Fig. 1. Array gain and speech distortion index as a function of
iSCNR, for various values of µ. The input SINR was fixed at 20 dB.

and coherence vector γex eX00
can be computed using (10) from time-

frequency bins where the coherent noise source is inactive, where the
desired source is inactive, and where the desired and coherent noise
sources are inactive. In this study, we used the signal vectors ep andev directly, in order to neglect the influence of a multi-speaker voice
activity detector. We estimated the covariance matrices recursively
as Φep(k, t) = αΦep(k, t− 1) + (1− α)Φep(k, t), where t denotes
the time frame index and the weighting factor α was set to 0.8.

The broadband performance measures were computed per frame
and then averaged over all frames, based on frequencies from 100 Hz
to 4 kHz. The broadband array gain was computed as the ratio of the
broadband equivalents of the output and input SNRs, as in [12, eqn.
4.38]. The broadband speech distortion index was computed by
taking the sum over the above frequencies of the numerator and
denominator of (15a), the narrowband speech distortion index.

5.2. Results
In Fig. 1 we plot the broadband array gain and speech distortion in-
dex as a function of iSCNR, for three values of µ. We obtain array
gains of up to 72 dB for low iSCNR values (high levels of coher-
ent noise), and speech distortion as low as −24 dB for high iSCNR
values. As expected, both the array gain and speech distortion index
increase with µ, reflecting the tradeoff between noise reduction and
speech distortion. The difference is most noticeable for low iSCNR
values; for higher iSCNRs it is worth choosing a high µ value as this
adds little distortion but still gives higher noise reduction.

We also plot the subjective speech quality as given by the PESQ
MOS in Fig. 2, using the omnidirectional speech signal as a ref-
erence. It can be seen that after being filtered the speech quality
is greatly improved, especially for low iSCNRs. The input scores
should be disregarded below −30 dB due to the fact that the desired
speech is essentially inaudible at these iSCNRs.

6. CONCLUSIONS

The proposed tradeoff beamformer achieves high performance even
in high levels of coherent noise: the noise is substantially reduced
while keeping the distortion of the desired speech low. The tradeoff
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Fig. 2. PESQ MOS as a function of iSCNR, before and after apply-
ing the tradeoff beamformer, for various values of µ.

between noise reduction and speech distortion is illustrated, and it
is shown that the tradeoff parameter µ should be kept small in high
levels of coherent noise. The speech quality results obtained using
PESQ are in agreement with the objective performance measures we
computed, as well as the results of informal listening tests2.
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