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This paper proposes a novel generalized cross-correlation (GCC) method, termed GCC-MSIF, to improve
time difference of arrival (TDOA) estimation accuracy in noisy environments. Conventional GCC meth-
ods often suffer from performance degradation under low signal-to-noise ratio (SNR) conditions, particu-
larly when the signal bandwidth is unknown. GCC-MSIF introduces a "mean signal” estimated from multi-
channel inputs and an “inverse filter” to virtually reconstruct the source signal, enabling adaptive suppres-
sion of out-of-band noise. Numerical simulations simulating a small-scale array demonstrate that GCC-
MSIF significantly outperforms conventional methods, such as GCC-PHAT and GCC-SCOT, in low SNR
regions and achieves robustness comparable to or exceeding the maximum likelihood (GCC-ML) method.
Furthermore, the estimation accuracy improves scalably with the number of array elements. These results
suggest that GCC-MSIF is a promising solution for robust passive localization in practical blind environ-

ments.

1. Introduction
Time difference of arrival (TDOA) estimation [1] is a fundamental technology for localization
[2] and direction of arrival (DOA) estimation [3-5]. These technologies estimate the position
or arrival direction of a signal source by precisely measuring the arrival time differences of
signals received by multiple spatially separated sensors, such as microphone arrays [6]. Key
applications include sound source localization [7, 8]. Sound source localization is considered
an indispensable technology in a wide range of fields, including robot audition [9, 10], smart
speakers [11, 12], and conferencing systems [12, 13], where there is a growing demand for
smaller and more precise systems [14—16].

However, since TDOA estimation is used in situations where the transmitted signal is

unknown, it faces the challenge of performance degradation due to the influence of noise
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superimposed on the received signals. While time of arrival (TOA) estimation [17-20] is ap-
plicable when the waveform of the transmitted signal is known, TDOA estimation is used in
passive localization in many real-world environments because the signal is unknown. Con-
sequently, in TDOA estimation, noise degrades the correlation between signals and causes
errors in time difference estimation; thus, ensuring accuracy in noisy environments is a criti-
cal technical issue.

As a representative method to improve noise robustness in TDOA estimation, the gen-
eralized cross-correlation (GCC) method [21, 22], which applies frequency weighting to the
cross-spectrum, has been proposed. For example, the GCC-PHAT (phase transform) method,
which utilizes only phase information, is known to exhibit good performance in reverber-
ant environments. Additionally, the GCC-ML (maximum likelihood) method is known as a
weighting function that provides the theoretically optimal estimate in Gaussian noise environ-
ments. However, the performance of both methods tends to deteriorate in environments with
poor signal-to-noise ratios (SNR), creating a need for the construction of superior methods.

Therefore, in this paper, we propose a novel GCC method, termed GCC-MSIF, which
introduces a mean signal and an inverse filter to improve noise suppression performance, par-
ticularly in low SNR environments. This method is characterized by estimating an average
signal spectrum from signals received by multiple sensors and designing a filter based on this
spectrum to effectively suppress noise components. Through this approach, we aim to esti-
mate TDOA with high precision even in low SNR environments where estimation is difficult
with conventional methods.

This paper is an extension of our previous work [23], comprehensively demonstrating the
effectiveness of GCC-MSIF by adding exhaustive comparisons with conventional methods
and theoretical limits (CRLB). While the previous study presented the basic principle of the
method and its effectiveness under limited conditions, this paper conducts a more systematic
and extensive evaluation. The main contribution of this paper is to quantitatively clarify the
advantages of GCC-MSIF compared to conventional technologies and the extent to which its
performance approaches the theoretical limits.

The structure of this paper is as follows. Section 2 describes the theoretical background of
GCC methods and details the derivation process of GCC-MSIF. Section 3 defines the simula-
tion conditions and evaluation metrics for assessing the performance of the proposed method.
Section 4 presents the simulation results and discusses comparisons with conventional meth-

ods and theoretical limits. Finally, Section 5 states the conclusion of this study.
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2. Principle of Time Delay Estimation

This section outlines the signal model that forms the basis of TDOA estimation and the prin-
ciple of time delay estimation based on the cross-correlation method. First, we summarize
the general signal model and the challenges of delay estimation in noisy environments. Next,
we describe the basic concept of the generalized cross-correlation (GCC) method [21, 22],
which is widely used as a solution, along with representative weighting techniques. Finally,
we detail the concept of the GCC-MSIF method proposed in this paper and the derivation
process of its specific algorithm. This clarifies the theoretical positioning of the proposed
method relative to conventional methods.

2.1 Generalized Cross-Correlation (GCC) Method

This subsection describes the fundamental principle of the GCC method and representative
conventional methods based on it. The GCC method improves delay estimation accuracy
by applying frequency-domain weighting to the cross-correlation function between observed
signals, thereby suppressing the effects of noise propagation. In the following discussion,
we distinguish between continuous-time theoretical equations using w to represent angular
frequency and implementation or discrete processing (such as FFT bins) using f to represent
frequency bins. Using this notation clarifies the correspondence between theoretical rigor and
the implementation procedure as discrete signal processing.

2.1.1 Signal Model Here, we explain the signal model based on conventional studies.
When a signal emitted from a single source s(¢) is received by two sensors, the received
signals x(#) and x,(¢) are defined by the following equations as a model where additive noises

ny(t) and n,(t) are superimposed, respectively:

x1(7) s(0) + ny (1), ey
() = s(t=D)+n(), )

where t represents time, and D is the signal time difference of arrival between the two sensors.
Here, the additive noises n;(¢) and n,(¢) are assumed to be mutually independent.

The objective of TDOA estimation is to estimate the time delay D between the observed
received signals x;(¢) and x,(¢). In TDOA estimation, the signal source s(#) is unknown, and
the estimated value D of the time delay D must be determined from the received signals x;(7)
and x,(¢). Since noise is superimposed on both received signals x;(#) and x,(¢), this becomes

a factor that degrades estimation accuracy.
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2.1.2 Conventional GCC Methods Thus, the GCC method has been proposed as a
weighting technique to improve TDOA estimation accuracy. The GCC method estimates the
delay time D from the peak of the correlation function Rycc(7), which is obtained by apply-
ing a specific frequency weighting function i,..(w) to the cross-spectrum between received
signals and performing an inverse Fourier transform. Let X;(w) and X,(w) be the Fourier
transforms of x(¢) and x,(7), respectively. The generalized cross-correlation function is given

by:
Ryee(7) = f Vgee(@)Ga(w)e’ " dw, 3)

where w is the angular frequency, 7 is a candidate value for the time delay, and j is the

imaginary unit. Gj>(w) is the cross-spectrum between the received signals, defined as:
Gn(w) = Xj(w)Xa(w), €]

where X7 (w) is the complex conjugate of X (w). The time delay T that maximizes this corre-

lation function Ry..(7) becomes the estimated value D of the delay time D.

A

D = arg max Ryc(7). 5

The performance of the GCC method depends on the selection of the weighting func-
tion Y,..(w) and the spectral averaging process. Table I shows representative GCC methods
compared in this paper and their weighting functions. Methods that calculate spectra such
as Gi1(w), G1z2(w), and Gy (w) using averaging are widely used. This averaging is indispens-
able in practice for obtaining stable spectral estimates; for instance, methods like Welch’s
method [24], which divides the observed signal into multiple frames and averages them, are
often employed. For methods that utilize the statistical properties of signals and noise, such
as the GCC-SCOT and GCC-ML methods described later, this averaging process is a crucial

prerequisite.

Table I. Weighting functions for representative GCC methods.

Method Weighting function y(w)
GCC-CC 1

1
GCC-SCOT —_—

VG611 (w)Gn(w)

1

GCC-PHAT
1Gr2(w)l
GOCML 1 ()P
IGa()l 1 = lyn(w)?
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The most basic GCC-CC (cross-correlation) method calculates the correlation directly
using the cross-spectrum of the received signals without weighting (Y ..(w) = 1). Although
this method has the advantage of very simple computation, the correlation peak tends to
become broad because it is directly affected by the spectral shape of the signal itself and
out-of-band noise, resulting in limited estimation accuracy.

The GCC-SCOT (smoothed coherence transform) method [25] normalizes the cross-
spectrum by the square root of the product of the auto-power spectra G;(w) and Gy (w) of
the signals. This process has the effect of suppressing the influence when signal spectral en-
ergy is concentrated at specific frequencies, thereby sharpening the correlation peak. When
applying this method, the aforementioned averaging process is a prerequisite for obtaining
stable estimates of the auto-power spectra.

On the other hand, the GCC-PHAT (phase transform) method [21] effectively extracts
only phase information by normalizing with the amplitude component |G,(w)| of the cross-
spectrum. Through this whitening process, the correlation function approaches an impulse,
improving time resolution. Due to this characteristic, the GCC-PHAT method is known to
exhibit high robustness, particularly in multipath environments such as indoor settings. The
GCC-PHAT method is also referred to as the cross-power spectrum phase (CSP) method.

Finally, the GCC-ML (maximum likelihood) method [21] provides a theoretically opti-
mal weighting that gives the maximum likelihood estimate of the delay time D under the
assumption that the signal and noise follow mutually independent Gaussian processes. This
weighting function is defined by the magnitude-squared coherence y;,(w), and its accurate
estimation requires power spectral information of the signal and noise, i.e., stable spectral
averaging over multiple frames. While the highest accuracy can be expected if the statistical
properties of the signal and noise are accurately grasped, the GCC-ML method is known to
have a high computational cost.

2.2 Proposed Method: GCC with Mean Signal and Inverse Filter (GCC-MSIF)

This subsection proposes a novel GCC method, termed GCC-MSIF, aimed at improving
TDOA estimation accuracy in low SNR environments. As mentioned in the previous sub-
section, conventional GCC methods share a common issue: estimation accuracy deteriorates
significantly in environments with low signal-to-noise ratios. Therefore, GCC-MSIF aims
to construct a method with superior performance in terms of signal-to-noise ratio. In the
following, we describe in detail its basic concept, specific formulation, and implementation

algorithm.
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ZT; (t) = S; (t) + n; (t)
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1

Fig. 1. Signal model of TDOA estimation. The true signal s(¢) propagates from a source and is received by
an array of M sensors with individual delays. Independent additive noise n;(¢) is superimposed on each

received signal x;(t).

2.2.1 Formulation of GCC-MSIF In this paper, we propose the GCC-MSIF method aim-
ing to improve accuracy in low SNR environments. The conventional methods described in
the previous subsection share the common problem that estimation accuracy drops remark-
ably in low SNR environments. The proposed GCC-MSIF is a novel approach that resolves
the signal-to-noise ratio issue inherent in conventional GCC methods by introducing the con-
cepts of a mean signal and an inverse filter. Specifically, it aims to achieve high delay estima-
tion accuracy even in low SNR environments by virtually defining an unknown transmitted
signal and performing correlation processing using this virtual transmitted signal.

The concept of this method lies in utilizing the mean signal of a group of received signals
as a virtual transmitted signal. As shown in the model of the group of received signals in
Fig. 1, the transmitted signal is unknown in TDOA estimation. Therefore, we define the mean
signal xpean(f) of the M sensor signals x;(f) constituting the array by the following equation

and consider treating it as a virtual transmitted signal:

M

1
Xmean(t) = M Z xi(t)- (6)

i=1
If the noise is uncorrelated, this averaging process is expected to reduce noise components
and extract signal components with a high signal-to-noise ratio (SNR).

However, the mean signal x,..,(#) does not serve as a simple substitute (reference signal)
for the transmitted signal. In the mean signal x,c.,(?), the differences in arrival times to each
sensor and the transmission characteristics of each path are averaged. Consequently, using the
mean signal simply as a reference signal may result in estimated values that differ from those
of the original transmitted signal. Therefore, to the best of the authors’ knowledge, using this
mean signal xp.n(?) directly as a reference signal has not been practiced.

To address this issue, we introduce a virtual inverse filter H(f) that traces back from the

receiving side to the transmitting side. Consider a filter H(f) that transforms a certain sensor
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% H(f) % Signal Noise

~ f ~ / f
Xz(f) chan(f)
(Sensor ) (Mean of sensors)

Fig. 2. Conceptual illustration of the inverse filter in the frequency domain. The inverse filter H(f)
transforms the input sensor spectrum X;(f) into the mean signal spectrum Xpean(f). It acts as a band-pass filter

that passes signal components while suppressing independent noise components.

signal x;(¢) into the mean signal Xpea, () (virtual transmitted signal):

Xmean(f)
Xi(f)
That is, by multiplying X;(f) by H(f), the output becomes the mean signal Xi,,,(f). In this

H(f) = (7

paper, we refer to this filter H(f) as an “inverse filter.” While a standard transfer function
describes the change from a transmitted signal to a received signal, the filter H(f) is a transfer
function from a received signal to a signal intended to be used as a transmitted signal. Since it
possesses characteristics opposite to the usual direction, we treat it as a virtual “inverse filter.”

The purpose of the seemingly enigmatic inverse filter H(f) becomes clear when consid-
ered per frequency bin. Figure 2 illustrates the transformation from the received spectrum
X;(f) of sensor i to the mean signal X,e.n(f) in terms of power spectra. The behavior of the
inverse filter H(f) can be intuitively understood by focusing on each frequency bin. In fre-
quency bins within the signal band, the same signal component is contained in all sensors;
thus, the component is preserved even during the averaging process, and the frequency com-
ponent of H(f) takes a value close to norm 1. On the other hand, in frequency bins containing
noise components that differs for each sensor, the noise power is suppressed by averaging.
Since the inverse filter H(f) represents the intensity ratio of the mean signal to the sensor
signal, its value approaches norm 0O in frequency bins corresponding to suppressed noise
components. In summary, H(f) functions as a band-pass filter that treats the signal band as
a passband and independent noise components as a stopband. More strictly, since dependent
components between sensors (true signal) become the passband and independent components
(noise) become the stopband, the inverse filter can be regarded as an ”adaptive filter based on
dependencies between sensors.”

Using this inverse filter H(f), we formulate the correlation processing in the GCC-MSIF
method. Figure 3 shows a conceptual diagram of the calculation process of the GCC-MSIF
method. Here, the upper tier represents the conventional signal propagation model in TDOA,

where T;(f) denotes the transfer function from sensor i to j. The lower tier illustrates the vir-
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Normal Sensor j
TDOA )
transfer
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Processing )
of MSIF = Xmean
Virtual TX 31g Virtual RX sig.

Fig. 3. Schematic diagram of the MSIF calculation process. The upper path shows the conventional signal
propagation model where the transfer function 7;;(f) exists between sensor inputs. The lower path illustrates
the virtual signal model in MSIF, where the inverse filter H(f) transforms received signals into virtual signals
Vi(f) and V;(f). This process effectively reconstructs a virtual transmission from sensor i, enabling correlation
with enhanced SNR.

tual signal propagation model by the GCC-MSIF method. In the GCC-MSIF method, virtual
received signals Vi(f) and V;(f) are generated by applying the inverse filter H(f) defined in
Eq. (7) to the received spectra X;(f) and X;(f) of each sensor:

Vi) = XAPHU) = Xmen(f): ®)
Vi) = XDH() = X,(f) ;’((f()f ) ©)

As is clear from Eq. (8), the virtual received signal V;(f) at the reference sensor i becomes
the mean signal X,..,(f) itself. This can be interpreted as the mean signal being transmitted
from the position of sensor i.

By calculating the cross-spectrum between these virtual received signals, we derive the
weighting function for the GCC-MSIF method. The cross-spectrum GE’;S”( f) between the
virtual received signals is expressed using the conventional cross-spectrum G;;(f) and the

inverse filter H(f) as follows:
G(H = VIOV
= X;(HH (NHX(HH(f)
= HOPX (HX[()
= |HWPG(). (10)

This Eq. (10) indicates that the correlation processing by the GCC-MSIF method is equiva-
lent to applying a weighting of |H(f)|* to the original cross-spectrum G;;(f), as can be seen

from Eq. (3). That is, the frequency weighting function ¢, ;¢(w) of the GCC-MSIF method is
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defined as the power spectrum of the inverse filter |H(f)[*.

Note that the weighting function ¥ ,if(w) used for implementation can be expressed us-
ing observable power spectra. Substituting Eq. (7) into the weighting coefficient |H(f)|* in
Eq. (10) and rewriting it using the definition of the power spectrum P(f) = |X(f)>, we ob-
tain:

Xmean(w) 2 _ Pmean(w)
X(w) | Piw)’
where Ppean(w) is the auto-power spectrum of the mean signal, and P;;(w) is the auto-power

Ymsit(w) = |H)I* = (11)

spectrum of sensor i. With this weighting function, the proposed GCC-MSIF method can
adaptively select bands with high signal component purity and form sharp correlation peaks,
even in low SNR environments.

2.2.2 Implementation Method In this verification, the proposed GCC-MSIF was imple-
mented based on spectral averaging using Welch’s method [24] for practical evaluation and
comparison with conventional methods. Each signal x;(f) and the mean signal xy.,(f) are
divided into multiple frames by Welch’s method, and the spectral components are stably es-
timated by frame averaging. This reduces the calculation error of the inverse filter |H(f)|*,
leading to improved estimation accuracy.

The weighting function ¢ ,q¢(w) used for implementation was clipped at 1 to improve
estimation stability, based on the theory of H(f). Ideally, |H(f)|* becomes 1 in the signal
band, but in actual data processing, it may take an excessive value when the denominator is
small. To prevent this, after calculating |H(f)* for each frequency bin, components where
|[H(f)> > 1 are clipped to 1, thereby reliably avoiding excessive emphasis and instability of
estimated values. This policy is an implementation device based on trial and error during the
simulation process and is applied only to GCC-MSIFE.

The overall flow of signal processing in GCC-MSIF is shown in Fig. 4. First, the M
sensor input signals are Fourier transformed (FT) after frame division, and the cross-spectrum
Gij(f) is calculated for each pair of sensors i and j. Furthermore, the mean signal Xpean(?) 18
transformed into the frequency domain to calculate Xean(f). Then, the inverse filter H(f) =
Xmean(f)/Xi(f) has |[H(f)| clipped at 1. The obtained weight |H(f)[? is multiplied by the cross-
spectrum G;;(f) to obtain the MSIF-weighted spectrum G?;Sif( f)- This is transformed back to
the time domain by the inverse Fourier transform (IFT) to obtain the correlation function
Runsie (7).

A technique using the Hilbert transform is employed to achieve high resolution in delay

estimation. The zero-crossing method [26-28] was adopted for peak detection of the corre-
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Fig. 4. Block diagram of the GCC-MSIF signal processing. Input signals from array sensors are converted
to the frequency domain, cross-spectrum and mean signal spectra are calculated, and the MSIF weight |H(f)|
is applied. The weighted cross-spectrum is transformed to the time domain, and the delay estimate is refined

using a Hilbert transform and zero crossing.

lation function R,.¢(7) obtained by GCC-MSIF. The right end of Fig. 4 shows an image of
the zero-crossing process after the Hilbert transform. This is a method to precisely estimate
the peak position D with subsample accuracy by performing a Hilbert transform (90-degree
phase shift) on the correlation function and extracting the point where the obtained signal
crosses y = 0 (zero crossing) using linear approximation. The zero-crossing method is also
applied to the conventional methods used for comparison.

Thus, the main implementation parameters are set uniformly for all methods to ensure a
correct comparison with conventional methods. In the data shown in the subsequent simu-
lations, values such as frame length, window function, averaging conditions, and estimation
range, as well as the subsample estimation method, are unified to conduct a fair implemen-
tation evaluation. Specific setting values and evaluation conditions are described in detail in

Section 3 (Simulation Methodology).

3. Simulation Methodology

In this study, we evaluated the performance of the proposed GCC-MSIF method using Monte
Carlo simulations to verify its effectiveness. The evaluation focuses on TDOA estimation on a
scale assuming sound source localization for devices such as smart speakers. Specifically, we
simulate a ”’blind” situation where the signal exists only in a specific unknown narrow band
amidst broadband white noise across the entire observation band, verifying the robustness
of each method against out-of-band noise. This section describes the common simulation
conditions and the two evaluation scenarios conducted.

3.1 Simulation Parameters

Table II shows the main parameters used in the simulation. A narrowband signal with a cen-

ter frequency f. = 1000 Hz and a bandwidth fgw = 300 Hz was used as the source, and
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observation was performed for 0.1 seconds at a sampling frequency f; = 48 kHz. The noise
environment was assumed to be white Gaussian noise with constant amplitude and random
phase across the entire frequency band. Regarding the receiving array model, the reception
delay at each element was set using uniform random numbers in the range of 0 to 5 samples.
However, the true delay difference D;; between the two sensors under evaluation (sensors i
and j) was fixed at 5 samples (approximately 104 us), considering typical delay amounts in
applications such as direction of arrival estimation.

For the calculation of evaluation metrics, statistical evaluation was performed with a suf-
ficient number of trials. Monte Carlo trials were conducted 20000 times for each condition
to confirm the error distribution between the estimated delay and the true value. In signal
processing, Welch’s method was used for transformation to the frequency domain, and a
Hamming window (window length 480 samples, overlap rate 75%) was applied to reduce the

variance of spectral estimation.

Table Il. Simulation parameters.

Parameter Value
Sampling frequency f 48 kHz
Signal duration 0.1s
Signal center frequency f. 1000 Hz
Signal bandwidth fgw 300 Hz
True delay D;; 5 samples
Number of Monte Carlo trials 20000
Window function Hamming
Window length / Overlap 480/ 75%

3.2 Evaluation Scenarios

To verify the performance of the proposed method from multiple perspectives, evaluations
were conducted in the following two scenarios. In both scenarios, the in-band SNR (SNR;;,)
was varied from —14 dB to +20 dB, and the root mean square error (RMSE) was calculated to
evaluate tolerance to noise levels. Representative conventional GCC methods, namely GCC-
CC, GCC-SCOT, GCC-PHAT, and GCC-ML, were used for comparison, along with the the-
oretical limit, CRLB. Details on the definition and calculation method of the CRLB used in

this evaluation are described in the subsequent Section 3.3.
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3.2.1 Scenario 1: Basic Performance Evaluation in White Noise In this scenario,
we evaluated the estimation accuracy using a sufficient number of array elements (M = 16)
to confirm the basic performance of the proposed GCC-MSIF method. As mentioned earlier,
the objective is to verify whether GCC-MSIF can appropriately emphasize the signal band
and improve estimation accuracy in a situation where the signal band is unknown, whereas
conventional methods (especially GCC-PHAT and GCC-SCOT) treat information across the
entire band equally.

3.2.2 Scenario 2: Dependency on Number of Array Elements In this scenario, we
evaluated changes in estimation performance when the number of array elements M was var-
ied as 2,4, 8, 16. Since GCC-MSIF generates a mean signal (virtual transmitted signal) by uti-
lizing multi-channel information in principle, an SNR improvement effect accompanying an
increase in the number of elements is expected. By quantitatively evaluating the performance
improvement rate for each number of elements, we verify the practical array configuration
requirements for the proposed method and its effectiveness with a small number of elements.
3.3 Theoretical Performance Limit: Cramér-Rao Lower Bound (CRLB)

We introduce the CRLB [21, 29, 30], which is the theoretical limit of TDOA estimation, as
a benchmark for evaluating the performance of the proposed method. The Cramér-Rao lower
bound (CRLB) is an index that gives the lower bound of the variance that an unbiased es-
timator can achieve, indicating the theoretical minimum of delay estimation error in TDOA
estimation. The lower bound of the variance 0, 5 of the delay estimate D for an observa-
tion time 7 is given by the following equation [21] using the magnitude-squared coherence

function y,(f):
-1

2
Y120l ar| (12)

2 * 2
Terip 2 [ZTfo A P

This equation indicates that the longer the observation time 7 and the larger the coherence
v12(f) (closer to 1), the smaller the theoretical lower bound of the delay estimation error
becomes.

In the simulation of this study, we use the CRLB as a closed-form approximation, assum-
ing SNR and a rectangular spectrum. First, consider the received signal model defined in the

Signal Model (Section 2.1.1):

x1(2) s(@) + i (0), (13)
x() = s(t—D)+n(n), (14)

where s(f) is the common signal component, and 7n;(f) and n,(¢) are mutually independent
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additive noises. Let Py(f) be the power spectral density of the signal in the frequency domain.
Although the noises n(¢) and n,(¢) are uncorrelated, for simplicity, we assume their power
spectral densities are equal (P,1(f) = P.(f) = P.(f)). Under these conditions, in the sense
of expectation, the auto-spectra and cross-spectrum can be written as: G1(f) = Gxn(f) =
Py(f) + P.(f), G1o(f) = Ps(f). Therefore, the magnitude-squared coherence is expressed as:

,  IGu(HP Py(f) n(f)>? .
= = = : 5
el) Gu(NGu(f)  (Pf)+ P (1+n(H) >

where n(f) = Py(f)/P,(f) is the in-band signal-to-noise power ratio (SNR). Furthermore, the

2
ratio appearing in the integrand of the general CRLB equation (12), %, simplifies
using Eq. (15) as follows: ”
n(f)’
0 R () R () S ((); 16
1=y | — n(f)? (L+n(M?=n(f?  1+2n(f)
(1 +n(f))?

In this paper, we assume that (f) is constant within the band where the signal exists and use
this value as the in-band SNR.

When a rectangular spectrum is assumed for the simulation, the CRLB can be calculated
in a simpler form. Assume that the signal has a rectangular spectrum with a center frequency
/. and a bandwidth fgw, and the observation time is 7'. In this case, the integration in Eq. (12)

is limited to the signal band [ f.— fgw/2, f.+ fsw/2], and according to Eq. (16), the coherence
2

. e m; .
ratio becomes a constant value within the band: % Therefore, the integral term can be
Min
analytically obtained as:

fetfaw/2 3 _ 3
I = f Qrprdf = @up et Sow/2) 3 Ue = Jow/2)
Je—faw/2

Substituting Eq. (16) and Eq. (17) into Eq. (12), the lower bound of the delay estimation error

a7)

variance, given an in-band SNR of 7;,, becomes:

2 1
OCrLB ~ 7
m I )

1"'277in ¢

(18)

In the numerical calculations of this study, the CRLB is evaluated directly using Eq. (18).
First, let SNR;, g be the in-band SNR (dB value) set in the simulation, and convert this to a

linear scale to obtain 7;,:

Min = 103Rinas/10, (19)
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Next, calculate the coherence term derived in Eq. (16):

2
nin

14 2m

(20)

snr

Furthermore, calculate the frequency integral value I using Eq. (17), and finally determine

the variance and standard deviation of the CRLB using the following equations:
o SN
RLE T 2T Cype L2

OCRIB = A/Tlpup- (22)

In the simulations of this paper, the theoretical limits for each in-band SNR are calculated

21

according to the procedure in Egs. (19)—(22) and used as comparison criteria for the RMSE
of GCC-CC, GCC-SCOT, GCC-PHAT, GCC-ML, and the proposed GCC-MSIF.

4. Results and Discussion

4.1 Scenario 1: Basic Performance Evaluation in White Noise

Figure 5 shows the RMSE of each GCC method and the proposed GCC-MSIF with respect
to the broadband SNR. Note that the horizontal axis represents the broadband SNR, which
is the ratio of signal power to noise power over the entire band, and this differs from the
in-band SNR (SNR;,) defined in the previous section. Since a narrowband signal is used in
this simulation, the broadband SNR has a lower value than SNR;,. The dashed line in the
figure represents the theoretical limit (CRLB) derived in Section 3.3. In the region where the
broadband SNR exceeds —5 dB, GCC-CC, GCC-SCOT, GCC-ML, and the proposed GCC-
MSIF all asymptotically approach the CRLB, indicating that sufficient accuracy is obtained
regardless of the difference in weighting functions.

The reason why GCC-PHAT did not reach the CRLB even at high SNR is due to the
signal conditions of this simulation. GCC-PHAT applies weighting that uniformly whitens the
entire frequency band, which excessively emphasizes noise in bands where the signal does not
exist. Under the ”blind” condition of this experiment, where a narrowband signal is buried in
broadband noise, the influence of out-of-band noise becomes dominant. Consequently, GCC-
PHAT failed to perform appropriate estimation even when the in-band SNR was high.

The superiority of the proposed GCC-MSIF became prominent in the low SNR region. As
is clear from Fig. 5, conventional methods such as GCC-CC and GCC-SCOT show a sharp
increase in RMSE and a degradation in estimation accuracy when the broadband SNR falls
below —5 dB. Note that in the region where estimation completely fails, the RMSE plateaus

at approximately 1072 s; this is because the estimated values are constrained within the range
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Fig. 5. RMSE performance of TDOA estimation versus broadband SNR in a blind scenario with broadband
white noise. The proposed method (GCC-MSIF) maintains performance close to the CRLB even in low SNR

regions where conventional methods fail.

of the block processing window length (480 samples). In contrast to this limit, the proposed
GCC-MSIF and GCC-ML maintain stable estimation down to lower SNRs. Particularly note-
worthy is the position of the ”threshold SNR,” where the RMSE begins to deteriorate rapidly.
In TDOA estimation, there exists a transition region [31] where the estimation error increases
sharply below a certain SNR. It can be confirmed that GCC-MSIF shifts this threshold by
approximately 5 dB to the superior side (lower SNR side), similar to the GCC-ML method.
Furthermore, the proposed GCC-MSIF demonstrated performance equal to or better than
GCC-ML, which performs theoretically optimal weighting, even in the low SNR region. Es-
pecially around a broadband SNR of —15 dB, while the RMSE of GCC-ML tends to deteri-
orate, GCC-MSIF maintains an accuracy closer to the CRLB. This can be interpreted as the
process where GCC-MSIF utilizes multi-channel information to generate a “mean signal”
and reconstructs it into a virtual transmitted signal using an inverse filter, thereby improv-
ing the effective SNR. These results confirm that even under blind conditions, GCC-MSIF
data-drivenly emphasizes signal components and effectively suppresses the influence of out-
of-band noise.
4.2 Scenario 2: Dependency on Number of Array Elements
It was confirmed that the estimation performance of the proposed GCC-MSIF significantly
improves as the number of array elements (channels) increases. Figure 6 shows the RMSE
versus broadband SNR when the number of array elements M is varied as 2,4,8, 16. The

theoretical limit (CRLB) is shown as a dashed line for comparison. From the figure, it can
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Fig. 6. RMSE performance of GCC-MSIF with varying number of array elements (M = 2,4, 8, 16).
Increasing the number of sensors improves the noise robustness, shifting the threshold SNR towards lower

values due to the enhanced quality of the estimated mean signal.

be seen that compared to the case of M = 2 (solid blue line), the RMSE curves shift overall
towards the lower SNR side (left side) as the number of elements increases. In particular,
focusing on the threshold SNR, which indicates the limit where stable estimation can be
performed, an improvement of approximately 10 dB is observed for the case of M = 16
(purple dotted line) compared to the case of M = 2.

This performance improvement is due to the noise suppression effect in the "mean sig-
nal” generation process of the MSIF method. In the MSIF method, a virtual transmitted signal
(mean signal) is estimated by averaging the signals of all channels, and this is used as a ref-
erence signal to design the inverse filter for each channel. As the number of elements M
increases, the effect of suppressing random noise by the averaging process increases, im-
proving the SNR of the generated mean signal. Consequently, the estimation accuracy of
individual inverse filters is improved, and it is considered that the phase information of the
final cross-spectrum is more accurately reconstructed.

It is noteworthy that a clear performance improvement is obtained compared to the two-
element case even with only four elements (M = 4). This suggests that the proposed method
can function effectively not only in large-scale microphone arrays but also in small devices
with a limited number of elements, such as smart speakers and robots. From the above results,
it has been demonstrated that the proposed method can scalably improve performance accord-
ing to the number of available channels and is effective in applications requiring robustness,

especially in low SNR environments.
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5. Conclusion

In this paper, we proposed a generalized cross-correlation method using mean signal and in-
verse filter (GCC-MSIF) as a high-precision TDOA estimation method for passive localiza-
tion. The proposed method estimates a virtual transmitted signal (mean signal) from multi-
channel received signals and suppresses noise components through inverse filter processing
based on it, thereby improving robustness against unknown signal bands and broadband noise.
The effectiveness of the proposed method was verified from multiple perspectives through
numerical simulations assuming a small array such as a smart speaker.

The main findings obtained in this study are as follows:

o Superiority in low SNR environments: In broadband white noise environments, GCC-
MSIF maintained stable estimation accuracy even in low SNR regions where conven-
tional methods (GCC-CC, GCC-SCOT, GCC-PHAT) failed. In particular, it was con-
firmed that the threshold SNR, where estimation error increases rapidly, can be improved
to a level equivalent to or better than GCC-ML, which is considered theoretically optimal.

e Performance improvement with multi-element arrays: Estimation accuracy was sig-
nificantly improved as the quality of the mean signal increased with the number of array
elements. Clear performance improvement was confirmed even with an array configura-
tion of only four elements compared to the two-element case, demonstrating its effective-
ness in small devices.

e Adaptation to blind environments: In “’blind” situations where the signal frequency
band is unknown, while GCC-PHAT suffered performance degradation due to out-of-
band noise, the proposed method demonstrated high robustness by data-drivenly sup-
pressing noise bands.

On the other hand, when applying this method to larger-scale array systems, considera-
tion of the difference in signal arrival times becomes necessary. Although this study assumed
a small array with narrow element spacing, if the scale of the array increases and the delay
difference between received signals becomes large relative to the signal wavelength, simple
averaging may cause signal components to cancel each other out. In such cases, coarse time
alignment is required as a preliminary step to calculating the mean signal. However, since
the purpose here is merely to obtain the outline of the average power spectrum, strict syn-
chronization accuracy is not required, and it is considered that this can be adequately handled
with low-complexity processing.

Future work includes verification in more complex real-world environments. While this
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paper addressed narrowband signals and white noise environments as a fundamental study,
applicability to broadband signals, performance in multipath (reverberant) environments such
as those simulated by the image method of Allen and Berkley [32], and robustness against
colored noise and correlated noise remain important verification items for the future. Addi-
tionally, detailed computational cost comparison with GCC-ML and real-time implementa-

tion using actual hardware are also subjects for future work.
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