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Abstract
Accurately detecting dysfluencies in spoken language can help
to improve the performance of automatic speech and language
processing components and support the development of more
inclusive speech and language technologies. Inspired by the
recent trend towards the deployment of large language mod-
els (LLMs) as universal learners and processors of non-lexical
inputs, such as audio and video, we approach the task of
multi-label dysfluency detection as a language modeling prob-
lem. We present hypotheses candidates generated with an au-
tomatic speech recognition system and acoustic representations
extracted from an audio encoder model to an LLM, and finetune
the system to predict dysfluency labels on three datasets con-
taining English and German stuttered speech. The experimen-
tal results show that our system effectively combines acoustic
and lexical information and achieves competitive results on the
multi-label stuttering detection task.
Index Terms: dysfluency detection, stuttering, large language
models, wav2vec 2.0, Whisper, pathological speech

1. Introduction
Stuttering is a diverse neurodevelopmental condition that affects
an individual’s verbal communication ability [1] and can neg-
atively impact the performance of automatic speech and lan-
guage processing systems [2, 3, 4]. The symptoms of stutter-
ing vary strongly among individuals and depend on psycholog-
ical influences, conversational factors, and the linguistic com-
plexity of an utterance [1]. The accurate detection of dysflu-
ent speech has implications for stuttering therapy, e.g., in self-
therapy software, monitoring of stuttering by clinicians, as well
as the development of more inclusive speech technologies in
general. Dysfluency detection has traditionally been focused
on acoustic features, since the various dysfluency types are of-
ten directly visible in audio waveforms and their correspond-
ing spectrograms [5, 6]. Most studies employ spectral features
like MFCCs or coefficients derived from linear predictive cod-
ing methods [7, 8]. Recent work has explored neural represen-
tations obtained from acoustic encoder models [9, 10, 11, 12],
in particular wav2vec 2.0 [13]. These representations are then
used as input features to various classifiers ranging from support
vector machines to neural networks.

Lexical features such as transcriptions generated by auto-
matic speech recognition (ASR) systems are not extensively
studied in stuttering-related dysfluency detection, particularly
in combination with acoustic features. However, they are com-
monly used to detect and remove dysfluencies in transcriptions
obtained from typical speech [14, 15]. Other studies use differ-
ent feature types depending on the dysfluency class. For exam-
ple, in [16], prolongations are detected based on the correlation
between successive audio frames and other stuttering-related

dysfluencies are detected using word lattices.
While most studies on dysfluency detection focus on using

either lexical or acoustic features, it is well known that combi-
nations of the two can improve the detection of speaking style
differences in spoken dialog systems [17] and in distinguishing
machine-directed speech from background speech [18].

Large language models (LLMs) such as Llama 2 [19], Fal-
con [20] and GPT-4 [21] exhibit strong language understand-
ing and generation abilities. More importantly, new capabili-
ties have emerged that are not present in smaller-scale language
models (e.g., multi-step reasoning, in-context learning, and in-
struction following) [22]. Furthermore, the potential of LLMs is
not limited to text data alone. Recent studies have demonstrated
their capability to process and understand non-lexical informa-
tion such as audio, video, and images [23, 24, 25, 26, 27], bridg-
ing the gap between different modalities.

This work is inspired by the recent successful attempts to
enable learning from non-lexical features in LLMs and their
ability to adapt to new tasks. We explore a system to detect
stuttering-related dysfluencies using three datasets of English
and German stuttered speech. Our goal is to correctly iden-
tify all dysfluency labels in the data (i.e., blocks, interjections,
prolongations, sound repetitions, and word repetitions), as well
as modified speech in short time intervals. Besides the lexi-
cal inputs obtained through ASR transcriptions (either ortho-
graphic [28] or phonetic [29]), we employ latent features gener-
ated with an acoustic encoder based on wav2vec 2.0. The ASR
hypotheses candidates and acoustic features are concatenated
and jointly presented to a pretrained Llama 2 model, enabling it
to consider both acoustic and lexical content. The system is op-
timized using low-rank-adaption (LoRA) [30] to generate dys-
fluency labels based on the acoustic and lexical context. Lexical
features represent the characteristics of dysfluent speech at res-
olutions distinct from those of acoustic features. Acoustic fea-
tures are fine-grained and able to capture occurrences of dys-
fluencies in narrow time frames, whereas lexical features are
coarse and focus on self-contained entities (e.g. words). There-
fore, we hypothesize that lexical and acoustic features are com-
plementary, each offering distinct advantages in enhancing dys-
fluency detection.

2. Data
For our experiments, we employ three datasets consisting of
audio clips lasting 3 seconds each, annotated with stuttering-
related dysfluencies; SEP-28k-Extended, FluencyBank, and the
Kassel State of Fluency (KSoF) dataset [11, 7, 31]. The datasets
have similar labels with clips containing either no dysfluencies
or one or more types of stuttering-related dysfluencies; blocks,
prolongations, sound repetitions, word repetitions, and interjec-
tions. The clips can be labeled with more than one type of dys-
fluency, making it a multi-label classification problem.
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The largest dataset, SEP-28k-E, comprises approximately
∼28k English audio clips sourced from podcasts discussing
stuttering. Derived from the SEP-28k dataset, it features semi-
automatically generated speaker labels and a speaker-exclusive
Train-Dev-Test partition.1 The original SEP-28k release con-
tains a subset of the adults who stutter dataset of the Fluency-
Bank corpus [32] segmented into 4144 English clips that were
annotated to match the annotations used in the larger dataset. In
our experiments, we employ the partition outlined in [10].2

The KSoF dataset consists of 5597 audio segments ex-
tracted from German stuttering therapy recordings. In addition
to the five dysfluency labels in SEP-28k-E and FluencyBank,
the clips can also contain annotated speech modifications, indi-
cating that a person uses fluency shaping. Fluency shaping is a
technique persons who stutter learn in stuttering therapy to help
them overcome their stuttering [31]. A detailed description of
the datasets and the distribution of the labels can be found in
[7, 31, 11].

3. Method
3.1. wav2vec 2.0
Wav2vec 2.0 [13] describes a series of models consisting of a
convolutional feature encoder G : X1:T 7→ Z1:L with multi-
ple identical blocks using temporal convolution, layer normal-
ization, and GELU nonlinearity. The feature encoder maps a
raw audio waveform X1:T = {x1, . . . , xT } of length T to hid-
den representations Z1:L = {z1, . . . , zL} of length L. These
hidden representations Z are then passed to a transformer [33]
T : Z1:L 7→ C1:L, which generates context representations
c1, . . . , cL. During pretraining, a quantization component is
used to quantize Z1:L, which serve as the targets in a contrastive
learning task that requires classifying the true quantized repre-
sentation within a set of distractors. Latent representations ex-
tracted at different transformer layers of wav2vec 2.0 are known
to be reliable acoustic features for dysfluency detection [10, 12]
and other related tasks such as mispronunciation detection [34].
Pretrained wav2vec 2.0 models are available in two sizes (94M
and 315M parameters).

3.2. Whisper
Whisper [28] is a family of sequence-to-sequence transformer
[33] models trained to perform multiple tasks such as multilin-
gual ASR, language identification, and speech translation. The
models are pretrained on ∼680k hours of data retrieved from
the world wide web and are available in five sizes between 39M
parameters and 1.55B parameters. All models within the Whis-
per family share a similar encoder-decoder structure, differing
only in parameters such as the number of transformer blocks
and hidden layer dimensions.

The Whisper encoder E maps J log-Mel spectrogram fea-
tures obtained from the raw audio waveform f̂(X)1:J =
{f1, . . . ,fJ} to a sequence of K hidden representations H1:K :

E : f̂(X)1:J 7→ H1:K .

The decoder autoregressively predicts the probabilities for
the next token yi, given the previous tokens y<i and the hid-
den representations H1:K : p(yi | y<i,H1:K). The model is
trained on pairs of input spectrograms and target transcriptions
using the cross-entropy objective. Due to the unavailability of
ground truth transcriptions for all datasets in this study, adapting
an ASR system to the domain is not straightforward. Therefore,
we rely on Whisper for its strong multilingual performance on

1Online: https://tinyurl.com/yck9fmfv
2Online: https://tinyurl.com/24vm6dec

standard benchmarks, without the need for task-specific fine-
tuning on downstream tasks [28].

3.3. Low-rank Adaptation
In low-rank adaptation (LoRA) [30], the pretrained weights of
the underlying model are frozen and small trainable adapters
are optimized instead. LoRA adapters utilize low-rank decom-
position matrices A ∈ Rr×n and B ∈ Rm×r to define an
incremental update ∆ ∈ Rm×n, which are applied to the pre-
trained weight matrices of the underlying model. The updates
to a weight matrix W are expressed as:

W
′
= W +∆ = W +BA,

where the rank r ≪ {n,m}, is a hyperparamter determining
the dimensionality of the low-rank decomposition matrices, and
thus, the quantity of trainable parameters within the module.

3.4. Minimum Bayes Risk Decoding
Minimum Bayes risk (MBR) decoding has long been used in
ASR [35, 36, 37] and machine translation (MT) [38, 39] as a
means to improve accuracy of transcriptions or translations by
considering not only the most likely hypothesis, but also the
potential utility (or risk) associated with alternative hypotheses.

ASR systems typically utilize maximum a posteriori prob-
ability (MAP) decoding [40], which maximizes the probability
of selecting the correct word sequence [35]. Since exhaustive
MAP decoding is intractable, beam search is employed as an
approximation instead [41]. However, MAP decoding exhibits
several shortcomings that have been observed in both ASR and
MT applications, such as a bias towards incomplete transcrip-
tions [42], degrading performance with longer sequences [43]
and hallucinations due to low robustness under domain shift
[44]. We employ MBR decoding not only in the hope to mit-
igate some of the shortcomings of MAP decoding, but also to
add more lexical diversity, by presenting a sequence of multiple
hypothesis candidates to the LLM.

Let U(y′,y) be a utility function that compares an hypoth-
esis string y′ ∈ Y against a reference string y ∈ Y from
the space of all possible hypotheses Y . The optimal decision
yopt ∈ Y is the one that maximizes the expected utility (or
minimizes the expected risk) for data generated under the model
p(y | x, θ) [45]:

yopt = argmax
y′∈Y(x)

Ep(y|x,θ)[U(y′,y)].

Similar to MAP decoding, calculating the expectation over the
entire space of all potential hypotheses Y is often impractical,
thus requiring the use of a tractable subset Ŷ ⊂ Y of the full
hypothesis space. Previous works use n-best lists from beam
search to compute a biased estimate of expected utility [37, 36,
39, 46]. More recently, unbiased estimates have been obtained
via Monte Carlo (MC) sampling [45, 47, 48].

In MC sampling-based approaches, the set of possible hy-
potheses is approximated by drawing S independent samples
from the model via ancestral sampling. For an hypothesis y′,
the expectation is then maximized over Ŷ :

yMC = argmax
y′∈Ŷ(x)

1

S

S∑
s=1

U(y′,ys) with ys ∼ p(y | x, θ).

We employ the MBR method proposed in [45] with S = 10 and
the negated word error rate for U to conduct our experiments.

3.5. Phonetic Transcriptions
Dysfluencies such as sound repetitions may not be visible in or-
thographic transcriptions and limit the benefit of lexical features
based on word-level ASR systems. To analyze the effectiveness
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Figure 1: Overview of the components in our dysfluency detec-
tion system. The left segments illustrate the extraction and pro-
cessing of acoustic features. The right segments demonstrate
the retrieval and processing of lexical features, as well as the
feature combination within the LLM backbone.

of more fine-grained units, we explore the phone recognition
system described in [29] and predict phonetic transcriptions as
an alternative to the orthographic transcriptions generated by
Whisper.3 The phone recognition system is based on the 315M
parameter version of wav2vec 2.0 pretrained on data from 53
languages [49] and finetuned on multilingual Common Voice
data [50]. It operates on symbols from the International Pho-
netic Alphabet as modeling units. The phonetic transcriptions
are generated via greedy search and treated in the same way as
the orthographic transcriptions, i.e., they are mapped to token
identifiers and passed to the LLM (cf. Section 3.6).

3.6. Our Approach
The overall composition of our system is inspired by [23, 18,
25] and has four core components (cf. Figure 1). The first com-
ponent 1 is an acoustic encoder, which generates latent repre-
sentations from the input utterance. The model yields L acous-
tic representations e1:L ∈ RL×a for each raw audio waveform
input X1:T .

The second main component 2 is a small feedforward net-
work (FFN) F : RL×a 7→ Rb, consisting of mean pooling,
two linear layers and ReLU activation. The FFN aggregates
the extracted acoustic information along the time dimension and
projects the result into the latent token space of a causal LLM.
The acoustic projection F(e1:L) is concatenated with the token
representations of the LLM. The combined representations are
then passed through each of its R Transformer blocks.

The third main component 3 is a pretrained ASR sys-
tem, which is used to extract lexical features from the audio
input by means of three different decoding methods (greedy

3We intentionally avoid the widely used but imprecise terms “phone-
mic transcription” and “phoneme recognizer” here.

search, beam search, and MBR decoding). The decoding al-
gorithm generates viable hypothesis candidates, which are then
tokenized and passed as inputs to the LLM. Beam search and
MBR decoding yield multiple hypotheses, which are flattened
to a string of words (i.e., all candidates are concatenated begin-
ning with the most likely one).

Acoustic and lexical features are combined in the fourth
main component 4 , a pretrained causal LLM. The LLM gen-
erates text tokens conditioned on the acoustic representations
transformed via F and the ASR hypotheses candidates. The
weights of the LLM remain frozen during training and LoRA
modules are optimized instead. During training, the weights
of the LLM are held constant, while optimization focuses on
the LoRA modules. Components 2 and 4 undergo joint
optimization and components 1 and 3 remain unchanged
throughout the training process.

For a training set containing D acoustic representa-
tions, tokenized ASR hypotheses, and dysfluency label tokens
{(e(d)

1:L, t
(d)
1:N , l

(d)
1:M )}Dd=1, the training objective for the param-

eters θ is the autoregressive prediction of the next dysfluency
token li, given the previous dysfluency tokens l<i, the acoustic
representations e1:L and the ASR hypothesis tokens t1:N using
cross-entropy loss:

Lθ = −
M∑
i=1

pθ (li | l<i, e1:L, t1:N ) .

At inference time, we use greedy search to generate a token
sequence for a predefined maximum number of steps or until
the [EOS] token is encountered. Dysfluency labels are then
extracted from the generated text string. Any incomplete or in-
accurately generated labels are discarded. We use a maximum
number of 20 steps in our experiments.

3.7. Modeling and Architecture Details
Each system is trained until convergence with an effective batch
size of 32. Early stopping is applied, when the loss on the
development set is not improving for five consecutive epochs.
Each model used in Section 4 is selected based on the lowest
loss achieved on the development set. For optimization, we use
AdamW [51] (λ = 10−4, ϵ = 10−8, β1 = 0.99, β2 = 0.999)
with an initial learning rate of 2 × 10−4, a linear schedule and
a warm-up phase of 5% of total training steps. The text token
sequences are padded to a length of 1024. Token sequences
longer than 1024 are truncated. Truncation occurred only in
very few cases (< 1% of the training data). The hidden layers
of F employ 512 units and are trained with a dropout probabil-
ity of 10%. We set r = 64 and the scaling factor for adjusting
the magnitude of the adaption α = 16 in all our experiments.
The LoRA modules are optimized with a dropout probability
of 10%. We use the 7B parameter version of Llama 2 as the
LLM backbone and a pretrained 315M parameter wav2vec 2.0
model as the acoustic encoder. The experiments on SEP-28k-E
and FluencyBank employ an acoustic encoder pretrained on the
XLSR-53 [49] dataset, whereas the experiments on KSoF use a
model pretrained on XLSR-53 that was subsequently finetuned
on the German portion of Common Voice. The lexical encoder
is either a pretrained 1.55B parameter Whisper [28] model or
the phone recognition system based on wav2vec 2.0 [29].

4. Experiments
4.1. Experimental Setup
We extracted acoustic representations from domain-adapted
wav2vec 2.0 models using the method described in [12], as well
as their corresponding vanilla (i.e., out-of-domain) equivalents.
The acoustic representations were extracted at the 12th and 24th



Table 1: Multilabel dysfluency detection results using multilingual acoustic representations. Mod = Modified speech, Blk = Block,
Int = Interjection, Pro = Prolongation, Snd = Sound repetition, Wrd = Word repetition. “Finetuned” indicates whether the acoustic
features were domain-adapted or not. “Layer” refers to the wav2vec 2.0 transformer layer used for acoustic feature extraction. The
column “ASR Decoder” shows the various types of decoding algorithms used to obtain ASR transcriptions.

Exp. Acoustic Features ASR
Decoder

SEP-28k-E FluencyBank KSoF
Finetuned Layer Blk Int Pro Snd Wrd Blk Int Pro Snd Wrd Mod Blk Int Pro Snd Wrd

Baseline (experiments #22-24 in [12]) 0.32 0.77 0.53 0.53 0.64 0.36 0.79 0.62 0.64 0.52 0.75 0.64 0.85 0.60 0.48 0.14
1

✗ 12

1-best 0.62 0.62 0.51 0.45 0.31 0.47 0.66 0.49 0.47 0.40 0.74 0.50 0.49 0.34 0.38 0.03
2 N-best 0.61 0.60 0.51 0.44 0.31 0.40 0.65 0.46 0.47 0.36 0.76 0.51 0.45 0.27 0.34 0.04
3 Phon 0.60 0.58 0.50 0.42 0.30 0.53 0.69 0.41 0.50 0.42 0.77 0.47 0.49 0.21 0.29 0.04
4 MBR 0.61 0.62 0.52 0.40 0.31 0.47 0.63 0.46 0.47 0.37 0.78 0.48 0.50 0.18 0.26 0.06
5

✗ 24

1-best 0.60 0.52 0.46 0.12 0.13 0.43 0.65 0.28 0.35 0.31 0.70 0.51 0.27 0.15 0.30 0.04
6 N-best 0.59 0.51 0.47 0.16 0.06 0.43 0.59 0.28 0.33 0.30 0.68 0.46 0.31 0.18 0.28 0.00
7 Phon 0.59 0.52 0.43 0.21 0.10 0.49 0.61 0.34 0.39 0.15 0.70 0.46 0.28 0.16 0.30 0.01
8 MBR 0.58 0.52 0.43 0.21 0.05 0.42 0.62 0.26 0.33 0.29 0.69 0.47 0.32 0.10 0.28 0.01
9

✓ 12

1-best 0.59 0.59 0.50 0.41 0.31 0.47 0.66 0.35 0.45 0.33 0.73 0.37 0.44 0.30 0.32 0.03
10 N-best 0.61 0.57 0.50 0.40 0.29 0.48 0.64 0.39 0.44 0.33 0.70 0.44 0.39 0.20 0.27 0.00
11 Phon 0.60 0.57 0.51 0.40 0.27 0.52 0.64 0.38 0.46 0.39 0.73 0.45 0.44 0.29 0.31 0.06
12 MBR 0.60 0.58 0.50 0.39 0.29 0.52 0.66 0.42 0.46 0.36 0.72 0.43 0.35 0.20 0.32 0.01
13

✓ 24

1-best 0.57 0.74 0.56 0.54 0.64 0.57 0.81 0.55 0.66 0.43 0.77 0.59 0.85 0.52 0.48 0.11
14 N-best 0.57 0.73 0.56 0.53 0.61 0.56 0.80 0.56 0.61 0.52 0.77 0.55 0.84 0.49 0.43 0.04
15 Phon 0.56 0.72 0.54 0.48 0.58 0.56 0.79 0.52 0.63 0.45 0.79 0.56 0.82 0.48 0.50 0.08
16 MBR 0.58 0.73 0.56 0.49 0.56 0.58 0.78 0.48 0.63 0.44 0.78 0.57 0.82 0.52 0.49 0.12

transformer layer of the wav2vec 2.0 system. Lexical features
were either, phone-level (Phon) or word-level 1-best hypothe-
ses (1-best) generated via greedy search, n-best lists generated
via beam search (N-best), or hypothesis candidates obtained
via MBR decoding (MBR). Beam search was configured with
a beam width 12 and the number of hypotheses in each n-best
list was 10. The baseline systems are the multilingual finetuned
models from [12]. We report F1-scores balanced between pre-
cision and recall for all dysfluency types, as well as modified
speech, which is only available for the KSoF corpus.

Preliminary experiments involved utilizing either solely
acoustic or solely lexical features for the dysfluency detection
task. Lexical features alone underperformed compared to the
use of acoustic-only features, and either standalone approach
was outperformed by the combination of both acoustic and lex-
ical features. Furthermore, we conducted experiments substi-
tuting Llama 2 with Falcon 7B [20] and Mistral 7B [52], but
no substantial performance differences were observed. We also
examined different methods of aggregating acoustic feature se-
quences. However, using mean pooling to reduce the sequence
length to one and passing a single aggregated acoustic vector as
the prefix to the LLM performed comparably to using various
aggregation levels that generate longer sequences.

4.2. Results and Discussion
The results are summarized in Table 1. Our LLM-based ap-
proach either matched or surpassed the baseline for most dys-
fluency types, when domain-adapted acoustic features extracted
at the last layer of the finetuned wav2vec 2.0 system were used
(cf. exp. #13-16). The least overall improvement was observed
on the German KSoF corpus, where our system using phonetic
transcriptions only marginally surpassed the baseline for modi-
fied speech and sound repetitions (cf. exp. #15). This discrep-
ancy may be attributed to the predominance of English pretrain-
ing data for the LLM backbone, which may have more difficulty
capturing the nuances of the German language.

Our systems exhibit strong performance in identifying
blocks within both the SEP-28k-E and FluencyBank datasets
with maximum relative improvements over the baseline of
∼94% and ∼61%, respectively. These improvements are con-
sistent across all different types of acoustic features used. How-
ever, the improvement diminished on KSoF (at most ∼5% rela-
tive), where the baseline performance for blocks is considerably
stronger with an F1-score of 0.75.

Generally, n-best lists and MBR hypotheses candidates
did not yield significant enhancements over 1-best hypotheses.
Only on the FluencyBank dataset, n-best lists exhibited consid-
erably better performance for word repetitions, surpassing pho-
netic transcriptions by ∼15% relative (cf. exp. #14). We ini-
tially anticipated that the LLM would benefit from more lexical
alternatives and consider their variations. However, it appears
that the relevant information extractable from a text sequence is
already captured by 1-best hypotheses in most cases.

Our approach did not lead to improvements on word repe-
titions. We hypothesize that Whisper’s weakly supervised pre-
training method may not have been the ideal option for model-
ing word repetitions in the lexical domain, as it may prioritize
preserving the overall meaning of utterances, potentially lead-
ing to omissions of tokens with minimal additional information
rather than generating exact word-for-word transcriptions.

Employing non-finetuned acoustic features from the last
layer of wav2vec 2.0 yielded worse F1-scores compared to us-
ing the 12th layer, regardless of the dataset (cf. exp. #1-4 and
#5-8). This aligns with previous studies [9, 10], which indicate
that transformer layers in the middle are more adept at capturing
stuttering patterns. However, acoustic features from domain-
adapted models yielded the best performance when extracted at
the 24th layer (cf. exp. #13-16). As the model is finetuned, the
layers closer to the output become more specialized to the spe-
cific task. Finetuning adjusts the parameters of these layers to
better fit the characteristics of the dataset, yielding representa-
tions better suited to detecting stuttering patterns.

5. Conclusions
Inspired by the recent advancements in LLMs, we approached
multi-label dysfluency detection as a language modeling prob-
lem. Our system jointly learns from a combination of acoustic
and lexical features. Experimental results demonstrated that the
Llama 2 backbone effectively combines acoustic and lexical in-
formation, matching or outperforming a robust baseline on the
majority of dysfluency types across three datasets of English
and German stuttered speech. We found that domain-adapted
acoustic features from the last layer of a wav2vec 2.0 system
yielded the best performance, particularly when combined with
1-best ASR hypotheses generated via greedy decoding. Future
work will explore lexical encoder alternatives, the impact of
varying LLM sizes and full end-to-end finetuning of both the
LLM backbone and the acoustic encoder.
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K. Riedhammer, “KSoF: The Kassel State of Fluency Dataset –
A Therapy Centered Dataset of Stuttering,” in Proc. LREC, 2022.

[32] N. Bernstein Ratner and B. MacWhinney, “Fluency Bank: A new
resource for fluency research and practice,” Journal of Fluency
Disorders, vol. 56, pp. 69–80, 2018.

[33] A. Vaswani, N. Shazeer, N. Parmar, J. Uszkoreit, L. Jones, A. N.
Gomez, L. u. Kaiser, and I. Polosukhin, “Attention is All you
Need,” in NeurIPS, 2017.

[34] X. Xu, Y. Kang, S. Cao, B. Lin, and L. Ma, “Explore wav2vec 2.0
for Mispronunciation Detection,” in Proc. Interspeech, 2021.

[35] A. Stolcke, Y. Konig, and M. Weintraub, “Explicit word error
minimization in n-best list rescoring,” in Proc. Eurospeech, 1997.

[36] V. Goel, W. Byrne, and S. Khudanpur, “LVCSR rescoring with
modified loss functions: a decision theoretic perspective,” in
ICASSP, 1998, pp. 425–428.

[37] V. Goel and W. J. Byrne, “Minimum bayes-risk automatic speech
recognition,” Computer Speech and Language, vol. 14, no. 2, pp.
115–135, 2000.

[38] S. Kumar and W. Byrne, “Minimum bayes-risk word alignments
of bilingual texts,” in Proc. EMNLP, 2002, p. 140–147.

[39] ——, “Minimum Bayes-risk decoding for statistical machine
translation,” in Proc. HLT-NAACL, 2004, pp. 169–176.

[40] L. R. Bahl, F. Jelinek, and R. L. Mercer, “A maximum likelihood
approach to continuous speech recognition,” IEEE Transactions
on Pattern Analysis and Machine Intelligence, vol. 5, no. 2, pp.
179–190, 1983.

[41] X. L. Aubert, “An overview of decoding techniques for large vo-
cabulary continuous speech recognition,” Computer Speech and
Language, vol. 16, no. 1, pp. 89–114, 2002.

[42] J. Chorowski and N. Jaitly, “Towards better decoding and lan-
guage model integration in sequence to sequence models,” 2016,
arXiv:1612.02695.
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