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Abstract
This paper proposes a new task called spatial voice conver-
sion, which aims to convert a target voice while preserving spa-
tial information and non-target signals. Traditional voice con-
version methods focus on single-channel waveforms, ignoring
the stereo listening experience inherent in human hearing. Our
baseline approach addresses this gap by integrating blind source
separation (BSS), voice conversion (VC), and spatial mixing to
handle multi-channel waveforms. Through experimental evalu-
ations, we organize and identify the key challenges inherent in
this task, such as maintaining audio quality and accurately pre-
serving spatial information. Our results highlight the fundamen-
tal difficulties in balancing these aspects, providing a bench-
mark for future research in spatial voice conversion. The pro-
posed method’s code is publicly available to encourage further
exploration in this domain.
Index Terms: voice conversion, speech extraction, blind source
separation, augmented reality, virtual reality

1. Introduction
We humans possess the ability for auditory attention in speech
communication, known as the cocktail party effect [1]. One
contributing factor to this phenomenon is spatial attention [2,
3], the capability to focus on the voice coming from the de-
sired direction among sounds heard with both ears. Another
contributing factor is informative attention. For instance, if the
voice is attractive to the listeners, we tend to listen more atten-
tively [4]. Additionally, if the voice has an unfamiliar pronunci-
ation, we interpret it as a voice with an understandable pronun-
ciation to comprehend the spoken content [5]. It is important to
note that the ability is not about selection but attention. In other
words, for perceiving and comprehending the target speech, our
ability involves processing the speech of unattended speakers
as well [6, 7]. For example, even when paying attention to the
pronunciation information of a speaker, one still understands
the spatial location of that speaker and the information of other
speakers without altering their spatial context.

Then, is it possible to emulate this human ability with com-
puters? That is, we aim to develop a speech processing technol-
ogy that transforms only the desired voice information while re-
taining all other content. If this can be achieved, it would enable
communication augmentation that emphasizes human auditory
attention more in the real world or in virtual reality (VR) spaces.

Related technologies include multi-channel audio source
separation [8] and voice conversion [9]. Multi-channel audio
source separation (upper right of Fig. 1) is a technology that
spatially separates multiple audio sources, for example, used as
source selection in the front-end of automatic speech recogni-
tion [10, 11]. On the other hand, voice conversion (lower left of
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Figure 1: Spatial voice conversion. It converts target-speaker
signal in multi-channel observations while unchanging spatial
information and non-target signals.

Fig. 1) is a technology that converts targeted speech to another
speech while retaining the spoken content, used for purposes
such as converting foreign accents [12] or neutralize speech
emotion [13]. By combining these two technologies, it is pos-
sible to convert only the targeted speech. That is, the targeted
speech is spatially separated and extracted, then the extracted
speech is converted. However, these technologies alone are in-
sufficient to achieve the aforementioned goal. Because informa-
tion other than the target speech must be retained, and the over-
all performance should be evaluated not only for the converted
speech but also for the mixed speech with only the converted
speech changed.

Therefore, this paper defines a new task called spatial voice
conversion (lower right of Fig. 1) and organizes the challenges
of this task through experiments using our proposed baseline
method. In this task, only the speech of the target speaker in
the multi-channel audio is converted, while retaining all other
content (e.g., non-target speakers, spatial location). That is, the
input is multi-channel audio, and the output is multi-channel au-
dio with only the target speaker’s voice converted. The subject
of evaluation is this multi-channel output audio. Our proposed
baseline method consists of modules for blind source separa-
tion, voice conversion, and spatial mixing. Experiments demon-
strate that this task involves fundamentally more challenging is-
sues than simply combining modules. We publish the code of
our method1 as a baseline for future research on this task.

2. Related work
Multi-channel source separation. Array signal processing is a
method that computationally implements spatial attention using
microphone arrays. Unlike delay-and-sum beamformers [14],

1https://github.com/sarulab-speech/spatial_
voice_conversion.git
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methods for achieving spatial attention without requiring as-
sumptions about the statistical independence of signal sources
have been proposed under the framework of blind source sepa-
ration (BSS) [15, 16, 17]. Additionally, methods have been pro-
posed that combine BSS with prior spatial information, which
may contain errors [18, 19], such as geometrically constrained
independent vector analysis (GC-IVA) [20]. Additionally, BSS
can be used for speech enhancement by extracting only the tar-
geted speech from multi-channel sources.

Voice conversion. Voice conversion (VC) is a task that in-
volves transforming the paralinguistic and non-linguistic infor-
mation of speech while preserving the linguistic content. Var-
ious approaches based on deep learning have been proposed,
including diffusion models [21, 22]. Essentially, the VC task
assumes that the input is a monaural signal containing only the
targeted voice. If non-target audio (e.g., background noise) is
included, it is often removed so that only the targeted voice is
converted [23].

Preserving non-target information. Unlike BSS-based
speech enhancement and VC, which remove non-target infor-
mation, several methods have been proposed to reflect non-
target information in the processed speech. In noisy-to-noisy
VC [24], the background noise contained in the input speech
is reflected in the converted speech. Another paper on speech
enhancement [25] outputs stereo speech that not only empha-
sizes the target speech contained in stereo audio but also pre-
serves its spatial information. These studies value the context
in which the targeted speech occurs, taking the stance that in-
formation other than the targeted speech should be preserved,
not removed. Our research also adopts this stance. The conver-
gence of this direction demonstrates a growing interest in audio
processing techniques that go beyond targeted speech alone.

3. Problem definition
3.1. Observation process
Let N be a natural number representing the number of speakers.
We observe the speech signal of the target speaker for BSS (re-
ferred to as BSS-target speaker, same as VC-source speaker)
x1(t) and signals from the remaining N−1 sources (non-target
signals), denoted as x2(t), . . . , xN (t), using N microphones.
Let hij(t) represent the impulse response from the i-th sound
source to the j-th microphone. The observed signal yj(t) at the
j-th microphone is expressed as follows:

yj(t) = h1j(t) ∗ x1(t) +

N∑
i=2

hij(t) ∗ xi(t), (1)

where ∗ denotes convolution. Note that yj(t) contains spa-
tial information such as reverberation and direction of ar-
rival (DoA), imparted by the convolution with hij(t). We de-
note the vector obtained by stacking the observed signals ver-
tically [y1(t), . . . , yN (t)]⊤ as y(t) as y(t) and its short-time
Fourier transform (STFT) as Y (ω, t).

To identify the target speaker, we assume that the steering
vector d(ω) towards the target speaker’s direction is known.
Ideally, the vector is equal to the transfer function from the tar-
get speaker to the microphones, but in reality, it may differ due
to factors such as reflections and attenuation.

3.2. Our purpose

Our objective is to generate virtual observation signals
z1(t), . . . , zN (t) that transform the speaker identity of the BSS-
target speaker while preserving spatial information and sounds
coming from the other sources. Denoting voice conversion as

VC
source

BSS Remix
VC

Non
target

Left

Right

Figure 2: Proposed method procedure: We record mixed au-
dio from multiple speakers using multiple microphones, apply
BSS to extract the voice of the BSS-target speaker (the same as
the VC-source speaker), apply VC exclusively to this voice, and
then output the remixed multi-channel signal.

VC[·], zj(t) for each j = 1, . . . , N is expressed as follows:

zj(t) = h1j(t) ∗ VC[x1(t)] +

N∑
i=2

hij(t) ∗ xi(t). (2)

Through VC[·], x1(t) is transformed into the VC-target speaker.

4. Proposed method
A straightforward approach is to apply the VC model to each
channel individually. However, applying VC to each channel
separately results in inconsistent VC outputs across channels,
failing to maintain the coherence of the multi-channel signal.
Therefore, our proposed method applies VC to the monaural
speech signal of the VC-source speaker. It consists of the pro-
cesses of BSS, VC, and remixing, as shown in Fig. 2.

4.1. Blind source separation
We apply BSS to separate the mixed audio because we want
to enhance the voice of the BSS-target speaker while also ex-
tracting the non-target signals. However, since completely blind
separation cannot identify which signal corresponds to the BSS-
target speaker, we utilize spatially regularized BSS (as men-
tioned in Section 2) to ensure that the voice of the target speaker
for VC is output in the first channel.

The separated signals obtained with BSS are represented
as V (ω)Y (ω, t), where V (ω) is an N × N separation ma-
trix. Each component of this introduces a constant scaling fac-
tor for each frequency, resulting in signal distortion. To miti-
gate this distortion, we employ a technique known as projection
back (PB) [26] and solve the following optimization problem:

minimize
W (ω)

E
[∥∥∥1⊤

NW (ω)Y (ω, t)− Y1(ω, t)
∥∥∥2

]
, (3)

subject to ∃k1(ω), . . . , kN (ω),

W (ω) = diag{k1(ω), . . . , kN (ω)}V (ω) (4)
where Y1(ω, t) denotes the first component of Y (ω, t) and 1N

represents an N -dimensional all-ones column vector. Finally,
with a separation matrix W (ω), we obtain the separation result
as X̂(ω, t) = W (ω)Y (ω, t).

Please note that while PB mitigates distortion, it does not
completely resolve the issue of scaling factors introduced dur-
ing separation. As a result, the i-th component X̂i(ω, t) cor-
responds to the observed signal h11(t) ∗ x1(t), rather than the
original source signal x1(t). This issue becomes significant in
the remixing process.

4.2. Voice conversion
We apply VC to the extracted speech signal X̂1(ω, t), which
corresponds to the VC-source speaker. Although VC methods



that preserve noise and reverberation have been proposed, this
study employs a VC model focused on producing clean monau-
ral speech. The task of generating clean monaural audio has
received widespread attention, resulting in a variety of avail-
able codes and pretrained models. Transforming X̂1(ω, t) to
the VC-target speaker using VC, we denote the STFT of the
output as VC[X̂1(ω, t)].

4.3. Remixing

We impart spatial information to VC output VC[X̂1(ω, t)] and
non-target signals X̂2:N (ω) := [X̂2(ω, t), . . . , X̂N (ω, t)]⊤,
obtaining desired multi-channel signal.

Since remixing is the reverse process of separation, a
straightforward approach is to apply the inverse matrix of the
separation matrix, denoted as Â(ω) := W (ω)−1. In fact, the
(i, j) element Âij(ω) represents the relative transfer function
from the 1-th microphone to the j-th microphone for the i-th
sound source, so by applying it to X̂2:N (ω), spatial information
can be reproduced. This approach output the following signal:

Ẑ(ω, t) = Â(ω)

[
VC[X̂1(ω, t)]

X̂2:N (ω, t)

]
. (5)

However, this method is inappropriate for VC[X̂1(ω, t)].
The relative transfer function includes the inverse filter of the
transfer process from the speaker to the 1-th microphone. Un-
like X̂2:N (ω), which is affected by the transfer function hi,1(t),
VC[X̂1(ω, t)] is clean signal. Applying Â(ω) introduce signif-
icant distortion due to the instability of the inverse filter. There-
fore, for VC[X̂1(ω, t)], an alternative method is required to re-
produce the spatial information.

Another method to explicitly reproduce the DoA using the
steering vector d(ω) can be considered. The steering vector
d(ω) models the direct path and calculates the transfer function
from the VC-source speaker to the i-th microphone. Although
this method cannot reproduce the reverberation, it is expected
that reproducing the DoA will sufficiently capture the essen-
tial spatial information. Denoting the i-th column of Â(ω) as
âi(ω) and defining Â2:N := [â2(ω), . . . , âN (ω)], the output
signal can be expressed by the following equation:

Ẑ(ω, t) =
[
d(ω) Â2:N (ω)

] [VC[X̂1(ω, t)]

X̂2:N (ω, t)

]
. (6)

5. Discussion
This section lists the problems in the our proposed method.

Robustness of voice conversion. The input to the VC is
degraded due to being the distant speaker’s voice and the noise
introduced by separation errors. Therefore, the VC model needs
to be robust. Since our method utilizes a monaural VC model,
we can address this issue by benefiting from the robustness of
modern VC models [27, 28] designed to operate effectively in
real-world scenarios with monaural audio.

Target speaker tracking. Since the input to spatial VC
contains multiple signals, it is necessary to identify which one
is the VC-source speaker. Our method addresses this by as-
suming the spatial relationship between the microphones and
the speaker. Another approach is to use speaker identification,
which allows tracking without relying on spatial information.

Impact on signal contamination. Let us consider a case
that the voices of each speaker are not sufficiently separated
and the voice of one speaker slightly mixes with another’s. The
effect of non-target signals contaminating X̂1(ω, t) can be ad-

BSS-target
speaker 60°

Non-target
speaker

15 cm

2 
m

60°

Figure 3: Configurations of speakers and microphones, where
“×” and “o” denote speakers and microphones, respectively.

dressed by using noise-robust VC, as discussed above. The sep-
aration error between non-target signals has ultimately no im-
pact because it is absorbed in the subsequent remixing stage. If
the voice of the VC-source speaker is mixed into the output of
the non-target signals X̂2:N (ω, t), the final output will contain
both the VC-source speaker and the VC-target speaker. Since
these two voices are speaking the same content simultaneously,
it is expected that if the contaminating component is sufficiently
small, it will be masked and not perceived.

Balancing audio quality and spatial information in
remixing. As discussed in Section 4.3, the remixing approach
using the separation matrix (Eq. 5) leads to quality degradation.
This issue arises from the constant scaling factor of BSS ex-
plained in Section 4.1 and is an inherent challenge regardless of
the specific BSS method used. On the other hand, in practical
settings, the method utilizing the steering vector (Eq. 6) faces
challenges in capturing spatial information accurately due to
modeling errors caused by reverberation and scattering. There-
fore, reproducing spatial information without degrading quality
proves to be a challenging task.

6. Experimental evaluations
We conducted experimental evaluations to identify challenges
in achieving spatial VC.

6.1. Data and settings

To generate simulation data, we utilized speech data from a
nonparallel30 subset of the JVS corpus [29], specifically from
jvs001 to jvs010, 10 speakers (5 males and 5 females). The
observed signals were generated by simulating two-channel
recordings of two speakers using pyroomacoustics [30], rep-
resenting the left and right channels. The speakers consist
of the BSS-target and non-target speakers, corresponding to
x1(t) and x2(t), respectively. They were chosen to be speak-
ers of different genders, allowing listeners to identify the target
speaker more effectively. Utterance durations of the two speak-
ers were overlapped by 50%, reflecting the infrequent occur-
rence of complete overlap in real conversations. The positions
of the speakers and microphones are shown in Fig. 3. The in-
terval of the microphones was set at 15 cm. The room size is
9 m×7.5 m×3.5 m. The reflection coefficient r was set to 0.5,
and the reverberation time (RT60) was approximately 200 ms.

All the speech signals were sampled at 24 kHz. The STFT
was computed using a Hann window whose length was set at
4096 samples, and the window shift was 2048 samples. The
steering vector d(ω) used in our proposed method was calcu-
lated under the far-field assumption based on the angle θ from
the center of the microphone array to the target speaker’s posi-
tion For BSS, we employed GC-IVA [20], augmenting the eval-
uation function with a null constraint using the steering vector
d(ω) with a variable weight λ. The minimization process was
carried out using the auxiliary function-based method [17], it-



Table 1: MOS on naturalness of VC-target speaker’s speech
with each method and SD of MOS. A higher value indicates
better audio quality (↑).

Methods Stereo Monaural-Left Monaural-Right(PB target)

Ideal 4.254± 0.060 4.062± 0.060 4.102± 0.058

Inverse 1.992± 0.064 4.142± 0.060 1.388± 0.042
Steering 3.405± 0.062 3.975± 0.066 3.132± 0.070

erating 50 times with λ = 1, followed by 50 iterations with
λ = 0. The VC model was implemented using the pub-
licly available code of DDSP-SVC [31] version 5.0, and it was
trained for 100k steps on the parallel100 subset from the JVS
corpus [29]. The VC-target speakers were randomly selected
from jvs001 to jvs010, ensuring they are speakers of the same
gender as the VC-source speakers. We chose the left channel as
the PB-target channel.

To verify the issues discussed in Section 5, we evaluated the
following three methods:

• “Inverse”: We performed spatial voice conversion using the
proposed method, and the remixing was carried out as the in-
verse process of separation, as outlined in Eq. 5. Utilizing
BSS for estimating spatial information allows for the consid-
eration of factors such as DoA and reverberation. However,
this method may compromise acoustic quality due to issues
with the inverse filters, as discussed in Section 4.3.

• “Steering”: We performed spatial voice conversion using the
proposed method, and remixing was conducted using the
steering vector, as outlined in Eq. 6. This method ignores re-
verberation, a significant factor in real-world scenarios, so the
reproducibility of spatial information may decrease. How-
ever, it is expected to maintain audio quality, unlike “In-
verse”.

• “Ideal”: As a reference for comparison, we obtained the de-
sired audio as indicated in Eq. 2. In this method, VC takes
an ideal recorded speech instead of BSS output, and spatial
information is added through simulation.

To assess the quality of the output audio and the accuracy of spa-
tial information reproduction, we conducted subjective evalua-
tions for naturalness and objective evaluations using the spatial
correlation matrix (SCM). A total of 100 listeners rated the nat-
uralness of the VC-target speaker’s voice on a five-point scale.
Each listener assessed 20 samples, preceded by 6 dummy sam-
ples to calibrate range equalization bias [32]. Then, we calcu-
lated mean opinion score (MOS) for each method. In addition
to evaluating stereo audio, assessments for monaural channels
(left and right) were conducted to investigate which channel
contributes to quality degradation. For objective evaluation, we
computed the log-determinant divergence (LDD) [33] of SCM
from “Ideal” to both “Inverse” and “Steering” as LDD of SCM
serves as a metric to represent the estimation error in spatial in-
formation [34]. To mitigate the impact of outliers, we extracted
data from the first quartile to the third quartile and calculated
the mean and standard deviation (SD).

6.2. Results

6.2.1. Acoustic quality

Table 1 presents MOSs on naturalness. In the stereo results, “In-
verse” exhibited a significantly lower score compared to “Steer-
ing,” indicating that the remixing process in “Inverse” caused a
noticeable degradation in audio quality.

Table 2: LDD of SCM from “Ideal” to each method and its SD
in each reflection coefficient r. A lower value indicates a more
accurate reproduction of spatial information (↓).

Methods r = 0.2 r = 0.5 r = 0.8

Inverse 0.468± 0.074 0.979± 0.147 2.058± 0.270
Steering 1.990± 0.367 3.097± 0.552 4.666± 0.535

Comparing the monaural-left results, which are the tar-
get channel for PB, “Inverse” achieved naturalness compara-
ble to the other methods. Achieving a high score comparable
to “Ideal” suggests that the degradation of VC input does not
negatively impact the quality of VC output. This is due to the
robustness of VC, as discussed in Section 5. In contrast, in
the monaural-right channel, “Inverse” yielded notably lower re-
sults. This outcome highlights that the relative transfer func-
tions in this method degrade audio quality significantly as dis-
cussed in Section 4.3. Therefore, from an audio quality per-
spective, “Steering” should be employed.

6.2.2. Spatial information

Table 2 presents the LDD values. In addition to the condition
used for naturalness evaluation (r = 0.5), we conducted as-
sessments with different reflection coefficient (r). Specifically,
r = 0.2 and r = 0.8 correspond to RT60 values of approxi-
mately 70 ms and 400 ms, respectively.

Comparing different reverberation times, the LDD of both
methods deteriorated as the reverberation time increased. This
decline is attributed to the growing challenge of BSS with
longer reverberation times, resulting in a decrease in the accu-
racy of spatial information estimated by BSS.

Furthermore, across all reverberation time settings, “In-
verse” outperformed “Steering,” and this difference widens with
the longer reverberation time. This difference is attributed to the
flexibility in spatial information estimation of “Inverse,” while
“Steering” relies on a predetermined and limited model. In
other words, “Steering” is a method where the estimation ac-
curacy of spatial information decreases when external factors
come into play, indicating that it is sensitive to unaccounted
factors. In practical settings, where reverberation is an impor-
tant factor for spatial information, “Steering” may particularly
struggle with spatial information reproduction, amplifying er-
rors in the steering vector. Therefore, the results suggest that
“Inverse” should be favored from a spatial information perspec-
tive. However, this contradicts the conclusion from the audio
quality perspective.

7. Conculusion
We proposed a novel task called spatial voice conversion. This
task extends voice conversion (VC) from single-channel signals
to multi-channel signals, aiming to perform VC while preserv-
ing spatial information and non-target signals. In this paper,
we integrate existing blind source separation (BSS) methods
with VC models to address this task, highlighting the challenges
posed by remixing. In our discussion, we organized the chal-
lenges of this task. Although the experimental conditions were
limited, we found that balancing audio quality and spatial infor-
mation reproduction presents a fundamental difficulty. There-
fore, a crucial question arises for future work: Is it possible to
achieve spatial voice conversion that balances both audio qual-
ity and spatial information reproduction?
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