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Abstract—In this paper, we derive an alternative online algo-
rithm for geometrically constrained independent vector analysis
(GC-IVA) based on iterative source steering (ISS) to tackle real-
time directional speech enhancement. The proposed algorithm
fully exploits the advantages of the auxiliary function approach,
i.e., fast convergence and no stepsize tuning, and ISS, i.e., low
computational complexity and numerical stability, making it
highly suitable for practical use. In addition, we investigate
the performance impact of using estimated spatial information,
which is assumed to be known as prior information in GC-IVA.
Specifically, we evaluate the proposed algorithm with geometric
constraints defined using directions of arrival (DOAs) estimated
by the multiple signal classification (MUSIC) method. Experi-
mental results revealed that the proposed online algorithm could
work in real-time and achieve comparable speech enhancement
performance with the conventional method called online GC-
AuxIVA-VCD while significantly reducing execution times in the
situation where a fixed target was interfered with by a moving
interference.

I. INTRODUCTION

The presence of diffuse noise and directional interferences

can severely decimate the quality of recorded speech and

subsequently decrease the performance of speech-targeted

applications, which raises the need for speech enhance-

ment techniques. Especially for real-time applications, e.g.,

hearing-aid devices and teleconference systems, it is nec-

essary to develop real-time speech enhancement systems,

where processes for the current frame are finished before

the next frame arrives1. Online algorithms [3], [4], [5], [6],

[7], [8] extended from batch-processing-based (offline) blind

source separation (BSS) [9], [10], [11], [12], [13], [14] and

geometrically constrained BSS (GC-BSS) [7], [15] are such

methods, where demixing matrices are updated at every new

frame arriving. When BSS is applied to speech enhancement,

post-processing to select the desired speech is inevitable due

to the ambiguity of the channel output order, while GC-BSS

[7], [15], [16], [17], [18] combining the optimization problem

of BSS with geometric constraints using spatial information

allows us to select the desired source simultaneously with the

separation.

1Situations where batch processes with real-time factor less than 1 and
online algorithms updated in a blockwise manner [1], [2] are not considered
in this paper.

Online geometrically constrained independent vector anal-

ysis (GC-IVA) [7], [8] is one of the online GC-BSS methods

which combines IVA [11], [12] and beamforming-based con-

straints. Comparing with the algorithm [7] using a gradient

descent method, the algorithm [8] derived using the auxiliary

function approach [19], [13] and vectorwise coordinate de-

scent (VCD) [20] fully exploits the advantage of the auxiliary

function approach, namely, fast convergence and no stepsize

tuning, making it suitable for practical applications. We

hereafter refer to this algorithm as GC-AuxIVA-VCD. Online

GC-AuxIVA-VCD has shown to work reasonably well in real-

time processing. Despite all these advantages, the update rules

of online GC-AuxIVA-VCD require matrix inversion for each

source and iteration, which is computationally expensive and

numerically unstable. This is a point that should be improved

further for the practical use of online GC-AuxIVA-VCD.

Another limitation is that directions of arrival (DOAs) of

sources are required to be known in advance for conducting

accurate geometric constraints, which is nearly impossible in

applications due to various reasons.

In this paper, we first derive an alternative online algorithm

named online GC-AuxIVA-ISS for GC-IVA by replacing VCD

with iterative source steering (ISS) [14] to further reduce

computational cost. ISS was originally proposed for AuxIVA

[13], then applied to other source separation methods [21],

[22]. The key idea of ISS is to update the demixing matrix

with a sequence of rank-1 operations, where each operation

updates one single demixing filter and does not affect the

others, resulting in an inverse-free algorithm with lower

computational complexity and can tackle moving sources

more efficient [21].

Secondly, we investigate the performance impact using

estimated DOAs of interferences. For directional speech en-

hancement, the desired target is determined by specifying

the target direction. Therefore, an algorithm using only the

target DOA is desirable. However, it has been experimentally

shown that properly constraining output channels using DOAs

of interferences as additional cues can improve enhancement

performance [8], [22]. In [8], a heuristic approach has been

adopted to estimate interference DOAs, where DOAs of all

sources are first estimated by calculating the power in the low-
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frequency band of beam pattern obtained by another AuxIVA

separation system. Then interference DOAs are defined as

those far away from the given target DOA. This method

is straightforward, but performance is highly dependent on

the frequency range over which pattern power is calculated.

Furthermore, it is unclear how to merge the results calculated

by using different beam patterns in different channels when

the number of sources increases. In this paper, we propose

using the multiple signal classification (MUSIC) method [23]

to estimate interference DOAs. The speech enhancement

performance of the proposed online GC-AuxIVA-ISS with

MUSIC method is evaluated in a situation where a fixed target

source is interfered with by a spatially moving interference.

II. BASELINE METHODS

A. Offline GC-AuxIVA-VCD

Let us consider a determined situation where J sources are

observed by I microphones. Here, I = J . Let xifn and yjfn
denote the short-time Fourier transform (STFT) coefficients

of the signal observed at the ith microphone and that output

at the jth channel, respectively. Here, f = 1, . . . , F and

n = 1, . . . , N are the indices of the frequency and frame,

respectively. We denote the frequency-wise vector represen-

tation of the observed and the estimated sources by

xfn = [x1fn, . . . , xIfn]
T ∈ C

I , (1)

yfn = [y1fn, . . . , yJfn]
T ∈ C

J , (2)

where (·)T denotes the transpose. When considering a time-

invariant instantaneous mixture model, where the STFT win-

dow length is sufficiently longer than the impulse responses

between sources and microphones, the relationship between

the observed and estimated sources can be expressed as

yfn = W fxfn. (3)

Here, W f = [w1f , . . . ,wJf ]
H is an I × I demixing matrix

containing demixing filters wjf = [w1jf , . . . , wIjf ]
T and (·)H

denotes the Hermitian transpose.

IVA [11], [12] assumes that each frame of source

follows a multivariate distribution, and thus dependen-

cies over frequency components can be exploited to

solve frequency-domain permutation alignment simultane-

ously with frequency-wise source separation. The demixing

matrices W = {W f}f are estimated by minimizing the

following negative log-likelihood function:

LIVA(W) =

J∑
j=1

E[G(yjn)]−
F∑

f=1

log | detW f |, (4)

where E[·] denotes the expectation operator over frames and

yjn = [yj1n, . . . , yjFn]
T ∈ C

F is the source-wise vector rep-

resentation. Here, G(yjn) is the contrast function having the

relationship G(yjn) = − log p(yjn), where p(yjn) represents

a multivariate probability density function of the jth source

at nth frame. One typical choice of the contrast function is

to use a spherical contract function [11], [12], [13], which is

expressed as

G(yjn) = GR(rjn), (5)

rjn = ||yjn||2 =

√∑
f

|yjfn|2 =

√∑
f

|wH
jfxfn|2.

(6)

Here, GR(r) is a function of a real-valued scalar variable

r and || · ||2 denotes the L2 norm of a vector. By adopting

the auxiliary function approach [19], [13], an upper bound is

optimized instead of the original objective function, which is

expressed as

LIVA(W) ≤ LAuxIVA(Σ,W)

=
1

2

F∑
f=1

J∑
j=1

wH
jfΣjfwjf −

F∑
f=1

log | detW f |.

(7)

Here, Σ = {Σjf}jf denotes a set of weighted covarivance

Σjf given as

Σjf =
∑
n

ϕ(rjn)xfnx
H
fn, (8)

where ϕ(rjn) = G
′
R(rjn)/rjn and (·)′ denotes the derivative

operator.

Now, let us consider geometric constraints [15] that restrict

the far-field response of filters estimated by IVA in a set of

directions Θ, which is described as

LGC(W) =

F∑
f=1

J∑
j=1

∑
θ∈Θ

λjθ|wH
jfdfθ − cjθ|2. (9)

Here, Θ denotes a set including all directions to be consid-

ered, dfθ is the steering vector pointing to the direction θ, cjθ
is a nonnegative value set for all frequency bins as constraints,

and λjθ ≥ 0 is a parameter that weighs the importance of the

constraint. Note that (9) with cjθ = 1 forces the spatial filter

to form a conventional delay-and-sum beamformer steering

in the direction θ to preserve the target source whereas a

small value of cjθ essentially creates a spatial null towards the

direction θ so that multiple constraints of spatial nulls towards

the directions of all interferences can be used to suppress all

interferences and preserve the target. Note that no auxiliary

function is required since these geometric constraints are

linear and can be easily optimized.

Therefore, the auxiliary function for GC-AuxIVA-VCD,

a.k.a., the objective function to be minimized, is given as

L(Σ,W) = LAuxIVA(Σ,W) + LGC(W). (10)

The update rule for Σ is obtained straightforwardly by substi-

tuting (6) into (8) and those for W are derived by embracing

the idea adopted in VCD [20], which are summarized as
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follows:

ujf = D−1
jf W

−1
f ej , (11)

ûjf = D−1
jf

∑
θ∈Θ

λjθcjθdfθ, (12)

hjf = uH
jfDjfujf , (13)

ĥjf = uH
jfDjf ûjf , (14)

wjf =

⎧⎨
⎩

1√
hjf

ujf + ûjf (if ĥjf = 0),

ĥjf

2hjf

[
− 1 +

√
1 +

4hjf

|ĥjf |2
]
ujf + ûjf (o.w.).

(15)

Here, Djf = Σjf +
∑

θ∈Θ λjθdfθd
H
fθ and ej is the jth

column of an I × I identity matrix.

B. Online GC-AuxIVA-VCD

In offline GC-AuxIVA-VCD, Σjf is calculated using all

the observed samples over time n = 1, . . . N . However, in

the case of online processing, only the observed signals up to

the present time are available. By autoregressively calculating

covariance at each frame using the previously calculated one

[5], the covariance Σjfn at each frame n is expressed as

Σjfn = αΣjf(n−1) + (1− α)ϕ(rjn)xfnx
H
fn. (16)

Here, 0 ≤ α < 1 denotes a forgetting factor controlling how

much statistics of past signals is considered. rjn is calculated

by (6) using time-varying demixing filter wjfn, which is

initialized at each frame by the estimated one at previous

frame. Since Σjfn is the only parameter that require all

the observed signal, we can then simply obtain the update

rules for the online GC-AuxIVA-VCD by replacing Σjf

in offline GC-AuxIVA-VCD with its online version Σjfn,

namely, using (16) instead of (8) [8].

III. PROPOSED METHOD

Online GC-AuxIVA-VCD is a suitable method for ap-

plications thanks to its valuable properties, including no

requirement for stepsize tuning and postprocessing and fast

convergence. However, there remains room for improvement

toward practical application, such as further reduction of

computational complexity by eliminating matrix inversion

in the algorithm and relaxation of utilization restrictions

by exploring appropriate approaches to estimate interference

DOAs.

A. Online GC-AuxIVA-ISS

As (11) shows, either offline or online GC-AuxIVA-VCD

requires the matrix inversion for each frequency, source, and

iteration, which is typically considered to be computationally

expensive and numerically unstable, and therefore should be

avoided in practice. In this subsection, we derive an alternative

algorithm for online GC-AuxIVA by replacing VCD with the

recently proposed ISS method, resulting in an inverse-free

algorithm and subsequently addressing the above drawbacks.

Instead of updating each row of the demixing matrix

W f alternately, ISS performs a rank-1 update for the whole

demixing matrix as

W fn ← W fn − vjfnw
H
jfn, (17)

for j = 1, . . . , I . Here, vjfn = [v1jfn, . . . , vIjfn]
T ∈ C

I is a

vector to be estimated instead of the demixing matrix.

Substituting (17) into the objective function of online GC-

AuxIVA-VCD, i.e., (10) with time-varying demixing filters

wjfn and looking directions Θn, we have

L(vjfn) =

F∑
f=1

{
− log | det(W fn − vjfnw

H
jfn)|

+
1

2

I∑
i=1

(wifn − v∗ijfnwjfn)
HΣjfn(wifn − v∗ijfnwjfn)

+
∑
θ∈Θn

λiθ|(wifn − v∗ijfnwjfn)
Hdfθ − ciθ|2

}
, (18)

which is the new objective function to be minimized. By

solving ∂L(vjfn)/∂v
∗
ijfn = 0, we obtain following update

rules:

vijfn =
wifnΣifnw

H
jfn + 2

∑
θ∈Θn

λiθg
∗
jfθn(gifθn − ciθ)

wjfnΣifnwH
jfn + 2

∑
θ∈Θn

λiθ|gjfθn|2
(∀i �= j), (19)

vjjfn =

⎧⎨
⎩
1− p

−1/2
jfn (qjfn = 0),

1− q∗jfn
|qjfn|+

√
|qjfn|2+pjfn

pjfn|qjfn| (o.w.),
(20)

where,

gjfθn = wH
jfndfθ, (21)

pjfn = wjfnΣjfnw
H
jfn + 2

∑
θ∈Θn

λjθ|gjfθn|2, (22)

qjfn =
∑
θ∈Θn

λjθcjθgjfθn. (23)

Note that Θn can be either time-varying or time-invariant,

with the former allowing adaptation of geometric constraints

along the estimated DOAs and the latter allowing more

manual control.

B. Related work

With the same motivation to reduce computational com-

plexity and stabilize numerical calculations, we have recently

proposed offline GC-AuxIVA-ISS [22] by replacing VCD

with ISS and confirmed that offline GC-AuxIVA-ISS could

achieve comparable speech enhancement performance with

GC-AuxIVA-VCD while reducing execution time by approx-

imately 35% to 50%. The proposed online GC-AuxIVA-ISS

is an extension from this offline version.

Meanwhile, an extension from offline AuxIVA with ISS

to an online algorithm has already been performed [6].

Different from the iterative projection (IP) method used in the

original AuxIVA [13], where each row of the demixing matrix

Proceedings of 2022 APSIPA Annual Summit and Conference 7-10 November 2022, Chiang Mai, ThailandProceedings of 2022 APSIPA Annual Summit and Conference 7-10 November 2022, Chiang Mai, Thailand

757



is updated using all information contained in the previous

demixing matrix, AuxIVA with ISS updates the demixing

filter in a manner equivalent to updating each steering vector

in the mixing system. This allows the algorithm to update only

the demixing filters that have changed after convergence and

leave the other unchanged filters intact, saving computational

resources when tackling moving sources [6]. Note that the

proposed method can be considered as an extension of online

AuxIVA using ISS that incorporates geometric constraints to

restrict the demixing filters.

C. DOA estimation with MUSIC

In this subsection, we describe how to obtain interference

DOAs with a well-known DOA estimation method called

MUSIC [23] for conducting geometric constraints.

MUSIC is a subspace-based method that decomposes the

covariance matrix of the observed multichannel signals to

obtain subspaces of signals and noise that are orthogonal

to each other. Note that MUSIC assumes the number of

microphones I larger than that of sources J . Using the noise

subspace, a spatial spectrum Pfθ for the direction θ is defined

as

Pfθ =
1∑I

i=J+1 |dH
fθuif |2

, (24)

where uif (i = J + 1, . . . , I) denotes the eigenvector with

the last I − J minima and satisfying

Rfuif = μifuif . (25)

Here, Rf = E[xfnx
H
fn] is the covariance of the observed

signals and μif denotes the eigenvalue corresponding to the

eigenvector uif . Since the signal and noise subspaces are

orthogonal, the spatial spectrum Pfn is maximized when there

is a signal source in the direction θ.

To apply the MUSIC method to obtain interference DOAs,

we perform the projection back technique [24] to each

temporarily estimated interference signals yjfn to generate

multichannel input, which is expressed as

ỹjfn = W−1
f ejyjfn. (26)

Here, ỹjfn denotes source images vector of jth signal in the

microphone array, which is the input of the MUSIC algorithm.

For the first frame in which no temporarily estimated signal

is available, we perform projection back for each observed

signal xjfn to generate a source image x̃jfn, and apply

the MUSIC algorithm to all these source images to obtain I
DOAs. The DOAs except the one closest to the given target

DOA is selected as the interference DOAs.

We investigate three ways to obtain interference DOAs:

“MUSIC normal”, “MUSIC smooth”, and “MUSIC block”.

“MUSIC normal” directly uses the estimated DOAs in each

frame for geometric constraints, while “MUSIC smooth” uses

the estimated DOAs after moving average over the last few

frames. “MUSIC block” indicates the way that perform DOA

estimation in a blockwise manner.
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Fig. 1: Layout of sound sources and microphones.

IV. EXPERIMENTAL EVALUATIONS

To evaluate the effectiveness of online GC-AuxIVA-ISS,

we conducted speech enhancement experiment and compared

it with online GC-AuxIVA-VCD (oGC-AuxIVA-VCD) [8]

and online AuxIVA-ISS (oAuxIVA-ISS) [5] in terms of en-

hancement performance and runtime.

A. Setup
We used speech signals of 6 speakers (3 males and 3

females) extracted from the ATR Japanese Speech Database

[25]. By randomly selecting 2 speakers from the database, we

generated 20 mixture signals with length of 60 seconds for

each. We used the signal generator2 to simulate room

impulse responses (RIRs), and the layout of sound sources

and microphones is shown in Fig. 1. The target speaker was

fixed for all 60 seconds and the interference speaker was fixed

at 90◦ for the first 20 seconds, moved on an arc from 90◦ to

150◦ for the next 20 seconds, and finally fixed at 150◦ for

the last 20 seconds. We used 2 microphones with the interval

at 2 cm. The reverberation time (RT60) was set at 200 ms.

All the speech signals were sampled at 16 kHz. The STFT

was computed using a Hanning window, whose length and

shift were set at 1024 samples (64 ms) and 512 samples (32

ms), respectively. We initialized Σjf0 and W f0 as identity

matrices and set the forgetting parameter α at 0.99 for each

method.
For oGC-AuxIVA-VCD and oGC-AuxIVA-ISS, we em-

ployed null constraints using the estimated interference DOAs

and set cjθ = 0 and the target DOA given at 45◦. Here, We

denote λjθ as λnull > 0. We investigated several values of

λnull and chose the optimal one experimentally. For DOA

estimation, spatial spectrum was calculated for each frequency

bins ranging from 500Hz to 4,000Hz and the peak was

detected using spatial spectrum averaged over these frequency

2https://www.audiolabs-erlangen.de/fau/professor/habets/software
/signalgenerator
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TABLE I: Average SDR and SIR [dB] by each DOA estima-

tion approach with oGC-AuxIVA-ISS. Bold font shows top

scores.

DOA estimation approach SDR [dB] SIR [dB]
MUSIC normal 7.45 13.67
MUSIC smooth 8.33 14.34
MUSIC block 7.59 13.74

bins3. The moving average and blockwise eatimation were

performed for five frames. The distance the source moved dur-

ing the five frames was approximately 0.4◦ (0.7 cm), which

could be considered as stationary. We also given the “Correct”

DOAs to demonstrate the upper bound performance.

The enhancement performance was evaluated using the

source-to-distortions ratio (SDR) and source-to-interferences

ratio (SIR) [26].

B. Results

First, we investigated the optimal way to obtain the es-

timated DOAs. Table I shows the average SDRs and SIRs

[dB] by each DOA estimation approach with oGC-AuxIVA-

ISS. “MUSIC smooth” outperformed “MUSIC normal” and

“MUSIC block” by more than 0.7 dB for SDR and 0.6 dB

for SIR. We considered this result was caused by the DOA

estimation accuracy. From Fig. 2, we found that “MUSIC

normal” and “MUSIC block” had a larger variation in the

estimated DOA at each frame compared to “MUSIC smooth”,

which could decrease the enhancement performance.

Next, we compared the proposed method to the conven-

tional methods. We used “MUSIC smooth” for DOA estima-

tion, which was most effective in the experiment described

above. Fig. 3 shows the average SDRs of the fixed target

source enhanced by each online method in every 2 second

period without overlap, which demonstrate the variation in

scores over time. The proposed oGC-AuxIVA-ISS showed

almost the equivalent SDR scores to oGC-AuxIVA-VCD. Al-

though the SDR decreased significantly immediately after the

interference speaker moved, the scores were improved faster

by oGC-AuxIVA-VCD and oGC-AuxIVA-ISS with geometric

constraints than blind oAuxIVA-ISS. In oGC-AuxIVA-ISS

and oGC-AuxIVA-VCD, the performance of methods using

DOAs estimated with “MUSIC smooth” was close to that with

correct DOAs. All these results indicated that the proposed

system using MUSIC was effective for speech enhancement

tasks involving moving sound sources. Both oGC-AuxIVA-

VCD and oGC-AuxIVA-ISS methods did not cause output

order errors if the value of λnull was appropriate.

Table II shows the runtime of separating 60 seconds of

observed signals. oGC-AuxIVA-ISS reduced execution time

by approximately 75% for “Correct”, 25% for “MUSIC

normal” and “MUSIC smooth”, and 55% for “MUSIC block”.

3We used pyroomacoustics for implementing the MUSIC method.
More details are available in https://pyroomacoustics.readthedocs.io/en/pypi-
release/pyroomacoustics.doa.music.html

Since the time required for DOA estimation was the same

for both separation methods, the execution time reductions

were larger for “Correct”, “block”, and “normal” or “smooth”,

which require fewer DOA estimations, in that order.

V. CONCLUSIONS

In this paper, we proposed an online speech enhancement

algorithm, which is an extension of the offline version of

GC-AuxIVA-ISS. GC-AuxIVA-ISS combines IVA with a set

of linear constraints that limit the far-field responses of the

demixing filters, whose update rules are derived based on

the auxiliary function approach and ISS. Thanks to ISS,

online GC-AuxIVA-ISS not only has all the advantages of

online GC-AuxIVA-VCD, but also avoided the problem of it,

which requires inverse matrix operations and is computational

expensive. We investigated the proposed online algorithm and

compared it with online AuxIVA-ISS and online GC-AuxIVA-

VCD using DOA estimation. The experimental results re-

vealed that the proposed method achieved comparable speech

enhancement performance with online GC-AuxIVA-VCD in

real-time and outperformed in terms of runtime.
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(a) normal (oGC-AuxIVA-ISS) (b) smooth (oGC-AuxIVA-ISS) (c) block (oGC-AuxIVA-ISS)
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