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ABSTRACT

Diffusion-based speech enhancement (SE) achieves natural-sounding
speech and strong generalization, yet suffers from key limitations
like generative artifacts and high inference latency. In this work, we
systematically study artifact prediction and reduction in diffusion-
based SE. We show that variance in speech embeddings can be used
to predict phonetic errors during inference. Building on these find-
ings, we propose an ensemble inference method guided by semantic
consistency across multiple diffusion runs. This technique reduces
WER by 15% in low-SNR conditions, effectively improving pho-
netic accuracy and semantic plausibility. Finally, we analyze the
effect of the number of diffusion steps, showing that adaptive dif-
fusion steps balance artifact suppression and latency. Our findings
highlight semantic priors as a powerful tool to guide generative SE
toward artifact-free outputs.

Index Terms— Speech enhancement, diffusion models, gener-
ative artifacts, ensemble inference, semantic consistency

1. INTRODUCTION

Speech enhancement (SE) improves intelligibility and quality by
suppressing noise, enabling robust applications in telephony, tran-
scription, and assistive hearing devices. Generative models, par-
ticularly diffusion-based approaches such as score-based generative
models for speech enhancement (SGMSE) [} 2] and Schrodinger
Bridge (SB) [3l 4], have emerged as powerful alternatives to pre-
dictive methods (e.g., CRNN [ |6], SEMamba [7]). By learning
the distribution of clean speech given noisy speech, diffusion-based
SE can produce natural-sounding results and generalize to unseen
noise conditions. However, few challenges remain. First, diffusion
models often introduce generative artifacts, including phoneme in-
sertions/substitutions, hiss, breathing artifacts, and high-frequency
distortions, which degrade automatic speech recognition (ASR) per-
formance despite favorable perceptual scores. Second, the output
of these models is inherently stochastic, as it is sampled from the
posterior distribution of clean speech given noisy speech, leading to
natural variability across runs. Lastly, inference requires multiple re-
verse diffusion steps, leading to high latency unsuitable for real-time
deployment.

In this work, we ask: How can we detect and reduce artifacts
in diffusion-based SE, while maintaining efficiency? Unlike predic-
tive SE models, which regress to the mean of the posterior under an
MSE objective and thus produce a single deterministic output, diffu-
sion SE models allow sampling multiple plausible outputs from the
posterior. However, not all sampled outputs are semantically correct:
some contain hallucinated or substituted phonemes. This raises the
need for strategies to select the most semantically consistent sam-
ple rather than averaging across them. Inspired by observations in
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StoRM [8], we argue that while generative sampling provides di-
versity, semantic priors are required to steer outputs toward artifact-
free speech. Our work proposes such a strategy through semantic
consistency-based ensemble inference. This strategy confirms that
the model generates optimal enhanced output by selecting the out-
put with the most consistent speech embeddings out of multiple sam-
pling runs.

Contributions. This paper makes the following contributions. (1)
We explore intrusive and non-intrusive metrics for artifact detection,
demonstrating that PESQ/STOI fail to capture phoneme-level errors,
and propose variance of speech embeddings across multiple samples
as an inference-time indicator of artifact-prone regions. (2) We intro-
duce an ensemble inference method guided by semantic consistency,
which reduces phoneme artifacts and achieves up to 15% relative
word error rate (WER) improvement in low-SNR conditions. (3) We
analyze the trade-off between artifact reduction and latency, showing
that while ensemble inference increases real-time factor (RTF), re-
ducing the number of diffusion steps (/V) provides a favorable qual-
ity—efficiency balance. Specifically, the adaptive N approach yields
WER improvements with a 27% reduction in RTF, at the cost of a
slight 0.1 drop in PESQ. Together, these results provide new insights
into the nature of generative artifacts in diffusion SE and propose
practical strategies to detect and reduce them in high fidelity applica-
tions. We will make the Source code and artifacts test set available.

2. BACKGROUND

Diffusion-based generative models have recently advanced SE by
learning distributions over clean speech and progressively denoising
noisy inputs [1 2} 4] |9]. SGMSE [1] solves a stochastic differen-
tial equation with a learned score network, while the Schrodinger
Bridge (SB) [3l 4] casts speech enhancement as an optimal transport
problem. These approaches often outperform predictive baselines in
terms of perceptual quality and robustness [2}|10].

A key limitation, however, is the emergence of generative ar-
tifacts. Unlike predictive models, which mainly distort or suppress
existing speech, diffusion-based SE can “hallucinate” new content.
Artifacts include phonetic errors such as insertions or substitutions,
spurious breathing or hissing, robotic tones, and high-frequency at-
tenuation [10]. These effects are most pronounced at low SNR as
shown in Figure [I] where uncertainty drives the model to gener-
ate plausible but incorrect phonetic structures, leading to poor ASR
performance despite high PESQ or STOI scores [9]. Existing met-
rics fail to fully capture these errors: intrusive metrics emphasize
energy-based distortions at the signal-level, while non-intrusive pre-
dictors favor naturalness and overrate generative outputs. Comple-
mentary measures such as Levenshtein phoneme distance (LPD) and
hallucination error rate (HER) have been proposed to address this
gap [L1L12].
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Fig. 1: ASR results of generative and predictive models in different
SNR levels of VoiceBank-DEMAND test set

Efforts to reduce artifacts in SE have largely focused on predic-
tive models, e.g., loss functions penalizing distortions [13] or no-
reference detectors for hum and hiss [14f]. For generative SE, only
limited attempts exist: two-stage pipelines such as StoRM [8]], con-
ditioning strategies like SBSE [15]], and training- or sampling-time
regularization [16, [I7]. Yet, phoneme hallucinations and spurious
vocalizations remain unsolved, motivating systematic frameworks
for artifact detection and reduction in diffusion SE.

3. METHOD

In this section, we describe the methodology of the proposed SE sys-
tem called ArtiFree. We investigate intrusive and non-intrusive met-
rics for detecting and quantifying generative artifacts. We compute
log spectral distance (LSD), speech embedding distance (wav2vec
cosine distance), Voice Activity Detection (VAD) mismatch dura-
tion, formants bandwidth divergence between clean and enhanced
audio files. We also explore non-intrusive metrics like wav2vec con-
fidence score of the enhanced audio file. Using manual listening test
and spectral inspection, we tagged artifact files and non-artifact files
and observed that LSD is sensitive to high-frequency attenuation and
hiss sounds artifacts, and can also capture phoneme errors. Wav2vec
cosine distance uniquely captured phoneme insertions, substitutions
or deletions as it directly encodes phoneme-level similarity. VAD
mismatch depends highly on tuning the VAD parameters and can
sometimes detect breathing or click artifacts. Formant bandwidth
divergence failed to detect some phoneme artifacts. So, we found
for phoneme artifacts, wav2vec embedding distance is the most suit-
able metric.

Correlation Analysis: While analyzing correlation between artifact
metrics and speech quality metrics on VoiceBank test set (Figure
[). we found that wav2vec cosine distance is only moderately cor-
related with pesq (-0.61) and stoi (-0.53) while LSD shows higher
correlation with pesq (-0.85) and stoi (-0.74). VAD mismatch also
shows moderate correlation with PESQ/STOI. Formant divergence
and wav2vec confidence score show very low correlation with pesq
and stoi. In this work, we primarily focuses on phoneme-level ar-
tifacts, as these can introduce errors in downstream tasks such as
ASR, so we focus on speech embeddings (wav2vec).

3.1. Artifact Prediction using Uncertainty Analysis

As described earlier, typical SE metrics such as PESQ and STOI
provide only limited insight into generative artifacts. To address
this limitation, we use uncertainty analysis of speech embeddings.
In diffusion-based SE, repeated runs with the same input can yield
different outputs, since each sampling trajectory follows a stochastic
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Fig. 2: Cosine distance between clean and enhanced (multiple itera-
tions) wav2vec embedding for the same example in Figure@
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Fig. 3: Correlation of artifact metrics with PESQ and STOI.

path [10]. We observe that a fixed ASR model produces varying tran-
scriptions for different enhanced samples (Figure [), likely due to
artifacts generated under low-SNR conditions when the model is un-
certain about its output. In other words, hallucinations tend to occur
in regions with high prediction variance, suggesting that the model’s
score function experiences rapid gradient changes in those segments.
As shown in Figure[2] the variance between the speech embeddings
is high in artifact regions. Using this observation, we can predict the
probability of artifacts and their locations. As shown in algorithm [T]
artifact regions are detected by computing the variance of wav2vec
frame-level embeddings over time (Figure |Z|) Later, we find average
variance over time frames to get a single artifact score and compare
it with threshold 7.

3.2. Artifact Reduction using Semantic Consistency

As shown in Figure ] sometimes the model tends to hallucinate
more, In some iterations, the enhanced output is very close to the
clean output, resulting in less WER while other times the WER
is very high.  To solve this challenge, we aim to find the opti-
mal enhanced output. We propose an ensemble inference strategy
guided by semantic consistency. Given a noisy input, we generate
S enhanced outputs by sampling the diffusion model with differ-
ent random seeds. Each enhanced waveform is passed through a
self-supervised speech model (wav2vec) to extract speech embed-
dings that capture phonetic structure. We then compute the pairwise
correlation between embeddings and select the sample that is most
semantically consistent according to one of the following heuristics
(Algorithm[2):

Clean correlation: select the sample whose embedding is closest
to the clean reference (used only for analysis). This is just for un-
derstanding the effectiveness of the approach, as clean audio is not
available during inference.

Noisy correlation: select the sample most correlated with the
noisy input’s embedding, under the assumption that artifacts are not
present in noisy input, they are generated by the diffusion modeling.
Ensemble centrality: select the sample whose embedding is most



THEY DID NOT REPLACE IT WITH A CONVICTION FOR CULPABLE HOMICIDE - clean file
THEY DID NOT REPLACE IT WITH A CONVICTION FOR PHELPOVAL HOMICIDE - iter 1
THEY DID NOT REPLACE IT WITH HE CONVICTION FOR FELFOBLE VOMECIDE - iter 2
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Fig. 4: Multiple enhanced versions of the same noisy input. While some
runs produce the correct phrase as shown in ASR transcriptions, others hal-
lucinate spurious words (highlighted in red). This illustrates phoneme-level
artifacts arising stochastically across diffusion samples. The wav2vec em-
bedding variance for this example is shown in Figure|2|

Algorithm 1 Artifact Prediction via Embedding Variance

Require: Noisy input y, ensemble size S, threshold 7, generative SE model
M, encoder E
Ensure: Artifact score a, flag Ior¢ifact
1: Generate S enhanced candidates: {&1,&2,...,&5} + M(y)
2: Extract frame-level embeddings for each candidate:
{e1(t),ea(t),...,es(t)} using E
3: Compute per-frame variance across ensemble members: v(f) =
Var ({61 (t)9 eQ(t)v cees eS(t)})

4: Compute artifact score as mean variance across frames:

T

a= %Zv(t)

t=1

. ifa > 7 then
Flag as artifact-prone, I,,.+; fact =1
else
Iartifact =0
end if
: return artifact score a, flag Iyt fact
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consistent with the rest of the ensemble, i.e., closest to the centroid
of all samples.

These heuristics can be used in inference and do not influence train-
ing and model architecture. The correlation with clean speech serves
as an upper bound (the best we can achieve with this technique),
while the noisy correlation and ensemble centrality provide practi-
cal, reference-free selectors. Semantic ensemble inference exploits
the fact that hallucinations vary across diffusion runs, whereas gen-
uine content remains consistent. By selecting the sample whose em-
bedding is most semantically aligned, we favor phoneme-preserving
outputs and suppress unstable artifacts. This requires no retraining,
only multiple generations, with inference cost scaling by S. As
shown later, reducing diffusion steps N offsets this cost, making
small ensembles (S=3-5) a practical solution for artifact-aware
diffusion SE.

Multiple stochastic outputs

'm S-Ensemble Optimal
N Find semantically ptimal
l,i m Diffusion- § B ) : enhanced
i (et - Wy i cons:stgnt output

. | based SE

Noisy audio
Artifact Predictor
Variance of ASR
embeddings > thresh

Artifact score

Fig. 5: Proposed system framework

Algorithm 2 Artifact Reduction via S-Ensemble

Require: Enhanced candidates {1, ..., 25}, embeddings {e1,...
reference embeddings (eclean OF €noisy)
Ensure: Final optimal enhanced output &
1: Compute semantic similarity matrix: C[¢, j] = corr(e;, €5)
2: Select candidate using one of the heuristics:

sest,

* Ensemble centrality: choose &; with max average C/i, :]
¢ Clean correlation: choose Z; with highest correlation to ejean
* Noisy correlation: choose #; with highest correlation to eyoisy

3: return selected output &

//l
3.2 -
P
3.0 == s
¥ E
o238 o E
2 V% £
& Y 5o
2.6 4 N=10 |
N=20 %
24 - N=30
-F- N=40
22 — N=50
Very low Low Mid High Very low Low Mid High
SNR Level SNR Level
0.20 f; 3 ne10 16
N N =20
0.181 3%
i\i\ - N=30 L4
<016 NS - N=40 12
S N — N=50 —_
5 W )
2014 L 10
€
§ £
%012 0.8
&
0.10 0.6
0.08 04
Very low Low Mid High 10 20 30 40 50
SNR Level N value

Fig. 6: Effect of reverse diffusion steps on PESQ, WER, PER, and
latency on VoiceBank-DEMAND test set

3.3. Effect of Reverse Diffusion Steps (N)

We evaluate the impact of varying the number of reverse diffusion
steps (V) during inference. The plots in Fig. [ show PESQ, PER,
WER, and real-time factor (RTF) across different N values (RTF is
the inference latency defined in Section @ As expected, larger N
values generally improve perceptual scores (PESQ, STOI) but at the
cost of significantly higher latency. In contrast, WER and PER are
more sensitive to N. First, at low SNR, there is high variance in
WER/PER due to phoneme artifacts. Second, low N values yields
slightly lower WER/PER as less denoising steps means less chance
of hallucinations. But there could still be slight residual noise lead-
ing to low PESQ/STOIL. Thus, lower N value often leads to less arti-
facts generation and linearly reduces the latency of diffusion models.
We try different N schedules for different SNR ranges to show that
adaptive N can provide good performance-latency tradeoffs.

4. EVALUATION

4.1. Experimental Setup

We evaluate on publicly available VoiceBank+DEMAND (VBD).
The VBD test set has 4 SNR levels: very low (-3 to 3 dB), low (4 to
8 dB), medium (9 to 13 dB), and high (13 to 18 dB). The low-SNR
subsets is where artifacts are mostly found. From the low SNR set,
we create a artifact test set which has the most prominent phoneme
artifacts (noisy WER = 0.513 and clean WER = 0.115) through sub-
jective listening. We use the pretrained SGMSE model trained on
VBD train set to get enhanced output. For inference latency mea-
surement, we use RTF which is the inference time for 1 sec audio



Table 1: WER on low-SNR artifact test set using S-Ensemble with
different ensemble sizes S. Average single-sample WER of 10 iter-
ations is 0.438. WER of clean set is 0.115 and noisy set is 0.513.

WER S=3 S=5 S=7 S=9 S=10
Ensemble centrality 0373  0.368 0.373 0.373 0.373
Clean correlation 0341 0344 0321 0318 0.279
Noisy correlation 0.377 0405 0372 0380 0.385

file. RTF is measured on Lenovo ThinkStation P8 [GeForce RTX
4080]. For extracting embedding and measuring WER and PER, we
use wav2vec 2.0 base model [[18]. VBD test set has ground truth
transcriptions for comparison.

4.2. Inference-Time Artifact Prediction

By computing wav2vec embeddings for S independent samples and
measuring the variance across them, we obtain an artifact score. We
extract S enhanced outputs of same input using SGMSE model. We
evaluate prediction accuracy and the variance thresholds required for
different ensemble sizes S. In all cases, artifact detection achieved
100% accuracy, the optimal threshold varied slightly with .S, rang-
ing from 0.0067 at S=3 to 0.0095 at S=7. While larger ensembles
produce more stable thresholds, even a small ensemble (S=3) is suf-
ficient for perfect classification. This shows that variance across em-
beddings is a robust indicator of phoneme artifacts and can reliably
flag uncertain regions during inference. Thus, embedding variance
across multiple diffusion iterations provides a lightweight and highly
accurate inference-time detector for phoneme artifacts, enabling on-
line artifact monitoring.

4.3. Artifact Reduction with S-Ensemble

We next evaluate our proposed ensemble inference strategy, which
selects the most semantically consistent sample among S en-
hanced outputs. By extracting wav2vec embedding and applying
correlation-based heuristics, we select the candidate most likely to
represent the true phonetic content. Table [T] shows WER on the
low-SNR VBD artifact test set. The baseline single-sample average
WER across ten diffusion iterations was 0.438, significantly worse
than the WER of clean reference audio (0.115). S-Ensemble sub-
stantially improves WER across ensemble sizes S=3-10. Among
the selection heuristics, correlation with the clean reference provides
the best possible performance, achieving up to 36.3% relative WER
reduction with S=10. The practical, reference-free heuristics also
yield consistent gains: most correlated improves WER by 14-16 %
across S, while most correlated with noisy achieves 7-15% relative
improvement. Thus, S-Ensemble effectively mitigates phoneme ar-
tifacts by exploiting semantic consistency across multiple diffusion
outputs. This confirms that stochastic artifacts can be suppressed
without retraining the model, although at the cost of increased
inference latency proportional to S.

4.4. Adaptive Diffusion Steps (V)

To address the latency overhead of ensemble inference, we evaluate
the effect of varying the number of diffusion steps N. In the VBD
testset, we have noise additions in 4 different SNR levels. For each of
these SNR test set files, we use different N value to find the suitable
N value for a given SNR. Table[2]compares fixed and adaptive sched-
ules. Reducing N lowers RTF substantially and slightly imporves

Table 2: Trade-off between RTF, PESQ, and WER for different [V
schedules for different SNR sets [very low, low, mid, high]. Im-
provements are reported as relative percentage changes compared to
fixed N=30.

Heuristic RTF RTFA PESQA WERA
Fixed N=30  0.965 - - -
Fixed N=10 0335 -653% -11.7%  -4.0%
[40,30,20,10] 0.885  -8.3% 3.1% 3.0%
[10,20,30,40] 0.878  -8.9% 3.4% 2.0%
[20,30,20,10] 0.702 -27.2%  -3.4% 2.0%

Table 3: Performance with N=10 and S=3 on low-SNR artifact
test set. WER of clean set is 0.115 and noisy set is 0.513. PESQ for
N=30is2.9and N = 101is 2.57

Method WER PESQ
Baseline avg (3 runs) N=10 0.428 2.577
Ensemble Centrality (Most consistent) ~ 0.384 2.578
Clean correlation 0.357 2.575
Noisy correlation 0.371 2.578

WER. For example, N=10 reduces RTF by 65%, improves WER
by 4%, with a modest 0.34 PESQ drop (-11.7%). Since PESQ/STOI
scores show similar values for different N ranging from 20 to 50,
but drops at N=10 (See Figure [f), adaptive schedules that allocate
different N values to different SNR can optimize the quality-latency
tradeoff. By using lower N = 10 value for high SNR and moder-
ate N = 20 for low SNR (to preserve PESQ score), we achieve a
27% RTF improvement with minimal quality loss. Interestingly, we
find that WER/PER vary more with N than PESQ/STOIL, confirming
that artifacts are primarily semantic rather than acoustic. Lowering
N often reduces hallucinations by limiting stochastic updates. This
supports using SNR-aware adaptive IV for real-time applications.

4.5. Optimizing S and N

Finally, we investigate whether a small number of diffusion steps
combined with a small ensemble size can provide artifact reduction
at no additional latency cost. Table [3] reports results of different
heuristics for N=10 and S=3. While the baseline single-sample
average WER is 0.428, the proposed technique reduces WER by
17% depending on the selection heuristic Notably, the most corre-
lated with clean achieves a WER of 0.357, corresponding to a 16.5%
relative improvement. Since N=10 lowers inference time by 65%
compared to the default N=30, using S=3 iterations restores the
runtime to that of the default setting while simultaneously reducing
phoneme artifacts. This demonstrates that carefully balancing /V and
S can achieve both low-latency and artifact-aware enhancement.

5. CONCLUSION AND FUTURE WORK

We presented an artifact-centered study of diffusion-based SE. We
predict artifacts using variance of speech embeddings and reduce
artifacts via a semantic consistency-based ensemble inference strat-
egy. We analyze the latency—artifact trade-off by varying reverse
diffusion steps. More broadly, our results suggest that artifact re-
duction can be framed as augmenting the diffusion posterior with a
semantic prior. Wav2vec provides such a prior by embedding speech
into a lower-dimensional space that captures phonetic meaning. By
sampling multiple candidates from the generative model and ranking



them according to semantic consistency in this embedding space, we
effectively steer generation toward outputs that preserve meaning.
Given a suitable encoder, semantic priors an be used in other gener-
ative enhancement tasks (dereverberation, bandwidth extension) or
even beyond speech, e.g., in audio-to-text or image restoration.
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