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Abstract

Extensive style transfer methods have shown that instance nor-
malization (IN) is a simple yet effective way to remove style
information from original inputs. However, few studies have
focused on whether these channel-wise feature statistics, such
as mean and standard deviation (std), are consistent locally and
globally, which ultimately leads to insufficient feature decou-
pling. In this paper, we first propose locality-based instance nor-
malization (LoIN) to impose statistical feature consistency con-
straints on latent feature maps. LoIN performs normalization
using local feature statistics which are calculated on randomly
selected frames rather than on the entire set of frames used in
the training phase. Since the style representation is unique and
stable, the feature statistics of the latent feature submaps will
tend to be consistent as the training progresses. In particular,
LolN is lightweight, less computationally intensive, and trans-
ferable to any IN-driven VC method. Experimental results show
the superiority of LoIN in disentanglement and transfer perfor-
mance and show improvement in both speaker similarity and
content consistency.

Index Terms: voice conversion, style transfer, instance normal-
ization, feature disentanglement.

1. Introduction

Voice conversion is a technology that aims to modify the
speaker style of a speech signal while preserving its content in-
formation. From an information-theoretic perspective, speech
can be divided into two independent and complementary com-
ponents: speaker-dependent information (SDI) and speaker-
independent information (SII). To transfer arbitrary voice styles,
the common framework is to build an encoder-decoder architec-
ture, where the speaker encoder and content encoder decouple
speech into SDI and SII respectively, and then the decoder pre-
dicts converted acoustic features conditioned on source SII and
target SDI.

In terms of feature disentanglement, despite common
information-constrained bottlenecks in encoder-decoder mod-
els [1, 2, 3, 4] and adversarial feedback in GAN-based mod-
els [5, 6, 7, 8], the instance normalization (IN) [9] module has
also been proven to be a simple yet effective technique in the
content encoder for removing style information, which is in-
terpreted as a style normalization by normalizing feature maps
using the channel-wise feature statistics as mean and standard
deviation (std). These statistics are generally used to repre-
sent speaker styles in some typical methods. For example,
AdaINVC [10] uses 11 IN layers in the content encoder, and
AgaINVC [11] transmits the frame-wise mean and std as style
information to the decoder based on the Unet [12] architecture.
Successive works have also been continuously expanding IN,
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Figure 1: The mean distributions across different feature
submaps, with each line representing a specific utterance. The
horizontal axis represents the number of frames included in the
Sfeature submap used for statistics. The figure shows that the
channel-wise feature statistics used to represent speaker style
are not consistent in submaps.

with the launch of adaptive instance normalization (AdalN) [13]
and weight adaptive instance normalization (WAdalIN) [14].
However, these methods are still limited to obtain more signif-
icant improvements due to the lack of consideration for both
local and global consistency of style.

To demonstrate the inconsistency in latent feature maps
produced by AdaINVC, we conduct statistical analysis on the
mean of latent feature submaps. Fig.1 depicts the average val-
ues of the channel-wise means across various feature submaps.
The sharp changes in the mean distribution, such as E0S, sug-
gest that the style representations in different feature submaps
are inconsistent, which hinders the stable decoupling of IN. To
enhance the stability of feature decoupling, we delve deeper
into the mechanism of IN, revealing that consistency constraints
between local and global feature statistics in feature maps are
crucial. In this paper, we explore how to enforce consistency
constraints on the style representation of converted speeches,
which has not been done before. We propose a new extension of
IN, called locality-based instance normalization (LoIN), which
does not rely on additional computational modules and only
requires implementing a random frame-selection operation be-
fore IN. This modification computes channel-wise statistics on
selected local frames rather than the original global statistics,
enhancing feature decoupling by encouraging a more uniform
distribution of styles in feature submaps. Our results show that
this lightweight modification of IN significantly improves fea-
ture decoupling, leading to enhanced performance in voice con-
version tasks.
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2. Method
2.1. Feature Disentanglement in IN

In this section, we investigate the decoupling mechanism of
IN. Based on the pronunciation mechanism, an individual’s
unique, static vocal tract structure constitutes SDI, while the
complex tonal movement determines the SII [15]. This suggests
that for short-term stationary speech, the SDI is time-invariant
static information, while the SII is time-varying [16]. We use
X € RP*E for latent feature maps and C for SII, where D
stands for the channel depth and L for the frame number. Ag
denotes the feature value corresponding to the d-th channel and
I-th frame. In view of IN, the time-variant SII conforms to a
standard normal distribution, while the SDI acts as modulation
factors pq and o4, which are channel-wise mean and std. For
speech construction, it has

A =Cuxoqg+pa;1 <d< D, 1<I<L
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Eq.(1) reveals the working principle of AdalN, which is
commonly used in decoders to couple SDI and SII. When com-
pared to other coupling functions such as addition and concate-
nation, it is a more effective way to explain the independence
and complementarity of SDI and SII, which indicates that SDI
should be consistent in each subsection. When rethinking the
decoupling mechanism of IN in Eq.(2), we can deduce that the
intrinsic correlation between (4, 04, and style representation is
particularly important to obtain sufficient decoupling.
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In fact, the impact of L on computing the g and o4 is often
overlooked in IN. It can be observed that the styles in each
subsection are consistent, implying that pa(Ar1) = pa(Arz),
where L, and L2 correspond to the lengths of different fea-
ture submaps. However, in Fig.1, the local style representation
of the converted speech lacks this consistency, indicating that
existing methods lack constraints on local and global style con-
sistency. Given that the length of the input speech varies during
inference, ensuring local pq and o4 consistency with the global
values is essential for achieving robust VC.
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2.2. Robust Requirements for IN

In this section, we will investigate how IN affects the robust-
ness of the model [17, 18]. Since the static information (SDI)
is stably decoupled, the challenge lies in achieving sufficient
decoupling of the time-varying information (SII) in the con-
tent encoder (E.). It requires 1) the decoupling is content-
independent; 2) the performance is not impacted by the vari-
able lengths of the input speeches. To address the challenges,
we divide the speech X into m segments, denoted as X =

X1,X2,..., Xy, where X; corresponds to the time interval
X|[ti—1 : t;]. C; represents SII in X;. The robust decoupling
requires

E.(X)=FE.({X1,X2,- ,Xm})
={Ee(X1), Ee(X2), -+, Ee(Xom)}
Considering the adaptability to variable-length segments,
the maximum likelihood solution is
Eo(X[ti—1 : ts]) = Eo(X5)
C[tifl : ti] = C»L
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Figure 2: The workflow of LoIN. The statistics for each channel
are calculated from randomly selected frames.

The optimal solution suggests that the local C; in the
submaps should be equal to the corresponding intervals in C.
In terms of IN, this can be inferred from Eq.(2) as follows.
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To ensure that the global normalization I N (A) is equiva-
lent to the set of local normalizations I N (A;), it is necessary
for p; = p and o; o. This implies that consistency con-
straints, which maintain the consistency of both local and global
statistical characteristics, are crucial for enhancing the robust-
ness of IN decoupling.
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2.3. Locality-Based Instance Normalization

To improve local consistency of style information, we propose a
simple extension to IN called LoIN. As shown in Fig.2, we ran-
domly select frames at a fixed ratio 6 for each channel (vertical
axis) in the feature map A € RP*L, The selected frames (un-
masked) form the feature submap A e RP*Lo (L = L x0).
For example, half of the frames are randomly selected for each
channel in Fig.2 when #=0.5. Then normalization is performed
on A by using the local channel-wise mean p¢ and standard de-
viation oy computed on A. The process is recorded as Eq.(7),
where R and F stand for random selection and channel-wise
feature statistical methods, respectively.

A9 :R(A,H);
po, 09 = F(Ap) )
A=A
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LolN is a simple yet efficient alternative to IN, which even
reduces computational cost. Due to the relative stability of in-
dividual styles, the random local feature style distribution grad-
ually converges to a stable point during the reconstruction task
training. Additionally, the random frame selection strategy can
also be seen as a data augmentation method that effectively
combats overfitting.

3. EXPERIMENTS

To confirm the effectiveness of LoIN, we conduct two types of
experiments: EA and EB. In EA, the performance of LolIN is
evaluated on a self-designed model called EAM. To minimize
the impact of other complex decoupling modules, EAM utilizes
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Figure 3: Performance comparison of EAM using LoIN and IN. The histogram represents WER(right), and the line chart represents

SAC(left).
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Figure 4: The architecture of EAM. spk_emb is produced by
pretrained speaker verification system Dvector. N is cascaded
number. W N stands for weight normalization.

a simple architecture consisting of only a few fundamental units
shown in Fig.4. In EB, we replaced existing IN-related methods
with LoIN to evaluate its impact on VC performance.

3.1. Experiment Conditions

Implementation Details For EA, silent segments in each ut-
terance are trimmed, and utterances are randomly divided into
segments of L = 128. The 80-bin mel-spectrograms are used
as inputs, which are extracted like HIFIGAN [19], and then nor-
malized to 071. The model is trained on VCTK [20] with 20
speakers. The batch size is set to 4. AdamW (51 = 0.8,
B2 = 0.99, weight decay A = 0.00015) and CosineAnneal-
ingLR (learning rate decay lrq = 0.995, initial learning rate
Ir = 0.0001) are used for optimization. Only L1 loss is re-
quired in EA. For EB, all models in EB are trained on the same
dataset and strictly followed the default configuration provided
in the open source code.

3.2. Metrics

Objective Metrics To evaluate the style similarity, Speaker
Similarity Accuracy (SAC) is computed by the speaker veri-
fication system Dvector' [21] to determine the ratio at which
the target and converted speech belong to the same speaker. To

Uhttps://github.com/yistLin/dvector
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evaluate the content consistency, Word Error Rate (WER) be-
tween the source and converted speech is measured by an au-
tomatic speech recognition system wav2vec2.0® [22]. We use
VCTK, VCC2020 [23], and LibriSpeech [24] datasets for zero-
shot test in EB. Each dataset provides 1000 source-target pairs
(only 280 for VCC2020). Only VCTK is used for EA.
Subjective Metrics Mean Opinion Score (MOS) [25] is used
to assess naturalness and similarity. The converted samples are
evaluated by 12 raters who are asked to assign a score of 175.
Statistical results are reported along with 95% confidence in-
tervals (CI) to ensure the accuracy of the findings. For each
dataset, the converted speeches are divided into 4 groups: F2F,
F2M, M2F, and M2M (F for female and M for male). Our audio
samples are available on the demo page?’.

4. Results and Discussion
4.1. Evaluation on EA

The experiment aims to investigate the impact of LoIN on
model performance across three distinct conditions. The EAM
series are denoted as EAM_bot_N_6, where bot refers to the bot-
tleneck dimension; N corresponds to the cascaded number in
Fig.4; 6 means frame-selection ratio.

Evaluation on Bottleneck. Bottlenecks are crucial structures
for VC [27]. Experiments are conducted on EAM _bot_3_0.5,
where bot is set to 10, 16, 36, and 80. As Fig.3(a) shows, IN and
LoIN are conducive to style decoupling compared with Batch
Normalization (BN) [28]. In particular, when bot > 16, LoIN
outperforms IN by about 10% improvements in SACs, which
directly benefits from the more stable local consistency. How-
ever, when bot = 10, the superiority of LoIN has decreased.
This can be interpreted as narrow bottlenecks tending to main-
tain the consistency between submaps and the whole one while
the gains from LoIN are limited. This further reflects the impor-
tance of local representation consistency to robustness from the
side. Moreover, WERSs remain consistently low, indicating that
compression does not damage content information, and most
likely, source style information is also retained.

Evaluation on Cascaded Number. Cascaded INs are com-
monly used to provide normalization instead of BN. The ex-
periments are conducted on EAM_36_N_0.5 using BN, IN, and
LoIN, where N corresponds to the cascaded number in Fig.4.
As Fig.3(b) shows, as the N increases, the SACs of IN and
LolN steadily improve in the early stages before decreasing sub-
stantially. Compared to IN, LoIN continuously maintains ap-

Zhttps://huggingface.co/docs/transformers/model_doc/wav2vec2
3https://brightgu.github.io/LoINVC/



Table 1: Comparison of results by applying IN and LolN in different methods. SIM and NAT respectively represent the subjective MOS

value for evaluating the similarity and naturalness of speech.

Methods VCTK [20] VCC2020 [23] LibriSpeech [24]
SAC  WER SIM NAT SAC  WER SIM NAT SAC  WER SIM NAT
AdaINVC [10] 0957 0.594 3.45+0.02 3.23+0.02 | 0.964 0.506 3.42+0.02 2.89£0.02 | 0.927 0.620 3.18+0.02 2.69+0.02
AdaINVC w LoIN 0961 0.528 3.47+0.04 3.37+0.03 | 0.969 0.489 3.43+0.04 3.02£0.04 | 0.942 0.542 3.30+0.02 2.89+0.02
AgaINVC [11] 0.860 0.532 3.22+0.05 3.21+0.02 | 0.857 0.545 3.27£0.02 2.81£0.02 | 0.837 0.573 2.87+0.03 2.724+0.03
AgaINVC w LoIN | 0928 0478 3.414+0.02 3.41£0.02 | 0.902 0.526 3.39£0.04 2.95+0.02 | 0.891 0.512 3.10+0.01 3.01+0.04
MediumVC [26] 0952 0502 3.36+0.02 3.49+0.04 | 0952 0.513 3.35+0.01 3.31£0.04 | 0.921 0.491 3.09+0.04 3.09+0.02
MediumVC w LoIN | 0.972 0482 3.43+0.02 3.51+0.02 | 0.968 0.473 3.47+0.04 3.36+0.04 | 0.957 0.422 3.28+0.02 3.18+0.04
proximately an 8% improvement in SACs. The decline in SAC N Lol
can be attributed to overfitting, as models with more parameters 0.06
are prone to overfitting when the structures are similar. Simi- '
larly, the BN line also experiences a decline. It can be inferred
that as the training continues, EAM_36_9_0.5 will eventually
fall behind EAM_36_6_0.5. Additionally, even with overfitting, 0.04
LoIN maintains a slight advantage because the random strategy
is also a data augmentation method against overfitting.
Evaluation on Frame-selection Ratio. Experiments are con- 002
ducted on the EAM_36_3_6 using LoIN. Fig.3(c) shows that set- '
ting 6 = 0.5 leads to significant improvements in SACs com-
pared to IN (6 = 1). However, when 6 = 0.2, the performance
of SACs slightly lags behind that of IN, suggesting that as 6 de- 0
AGAINVC ADAINVC MediumvC EAM

creases, the fluctuation of local feature statistics increases, mak-
ing it more difficult to achieve local consistency. Furthermore,
the consistency of the content remains consistently high, likely
due to the relatively wide bottleneck (bot = 36). Overall, set-
ting @ = 0.5 provides both the flexibility of style representation
and feasibility of training.

4.2. Evaluation on EB

To further confirm the validity of LoIN, comparative ex-
periments are performed on three IN-driven VC methods:
AdaINVC [10], a VAE-based model that employs dense cas-
caded INs in content encoders; AgaINVC [11], a Unet-based
model [12] where channel-wise feature statistics are directly
used as speaker styles; MediumVC [26], an autoencoder model
that employs predefined speaker style representations and 2 INs
in the content encoder. As shown in Table 1, in terms of SACs,
AdaINVC fails to obtain the significant boost. We observe that
the number of cascaded INs in AdaINVC had reached 11 (with-
out overfitting), leaving little room for further improvement in
similarity. On the other hand, AgaINVC benefited more from
LoIN due to its unique Unet structure, where feature statistics
computed in LoIN are directly used as style representations in
a feed-forward manner. It shows the more accurate the style
representation is, the more significant gains on performance.

A point worth considering is the steady improvement in
WERs by LoIN, which has not been observed in EAM. For
control experiments on EAM, it requires lightweight structure
to provide more space for performance improvement. There-
fore, the feature decoupling of EAM is not sufficient, as con-
tent embeddings often contain residual source speaker style in-
formation due to the relatively wide bottleneck in the content
encoder (bot=36). This makes the local consistency brought
by LoIN more conducive to the elimination of style informa-
tion. However, for the present three methods, to obtain higher
speaker similarity, content embedding tends to suffer from over-
compression (bot=4 in AgaINVC). Therefore, the more accu-
rate style representation computed in LoIN does not continue
to improve style significantly but rather better maintains con-
tent information. In all, the differences depend on the inherent
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Figure 5: The standard deviation of the frame-wise means in
latent feature maps with extensive test samples.

decoupling mechanism of IN.

4.3. Quantification on Local Consistency

Fig.5 provides a visual representation of the quantification of
local consistency in four different methods. The test samples
used in this analysis are taken from VCC2020, consisting of 4
females and 4 males, with each speaker providing 10 utterances.
For each method, feature maps A € R'28X128 (D x L) are
used, where each map corresponds to a segment with a length
of L = 128. To represent the local statistics, the means of
A[:,0 : X] are computed, with X taking on the values of 16,
32, ..., and 128, respectively. The standard deviation of these
means is then plotted in Fig.5 to reflect the stability of local
consistency. Smaller values indicate better consistency.

5. Conclusion

We conduct an investigation into the shortcomings of IN when
it comes to decoupling speech features. Our findings suggest
that the inconsistency between local and global channel feature
statistics can lead to inadequate decoupling. To address it, we
propose LoIN, which incorporates consistency constraints by
utilizing randomly selected local feature statistics to normalize
feature maps during training, rather than relying on global fea-
ture maps like IN. The experiments show that LoIN is a straight-
forward yet powerful module that can achieve robust content-
style tradeoffs. We anticipate that future research will concen-
trate on exploring the consistency of speech styles further.
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