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Abstract. We present AutoMode-ASR, a novel framework that effec-
tively integrates multiple ASR systems to enhance the overall transcrip-
tion quality while optimizing cost. The idea is to train a decision model
to select the optimal ASR system for each segment based solely on the
audio input before running the systems. We achieve this by ensembling
binary classifiers determining the preference between two systems. These
classifiers are equipped with various features, such as audio embeddings,
quality estimation, and signal properties. Additionally, we demonstrate
how using a quality estimator can further improve performance with
minimal cost increase. Experimental results show a relative reduction in
WER of 16.2%, a cost saving of 65%, and a speed improvement of 75%,
compared to using a single-best model for all segments. Our framework
is compatible with commercial and open-source black-box ASR systems
as it does not require changes in model codes.

Keywords: Automatic speech recognition - Quality estimation - Cost
optimization.

1 Introduction

Automatic speech recognition (ASR) has evolved remarkably due to advances in
deep learning . Consequently, numerous high-quality ASR models have
been released , with some claiming to achieve human parity.
However, users frequently encounter challenges in selecting the most suitable
ASR model for their speech data; the performance of various models can differ
on the same segment, and their rankings may vary depending on the input
conditions, such as accents, dialects, background noises, and speaking styles |4].
For instance, certain models are optimized for studio recordings, while others are
more robust to non-speech noise. It is important to note that audio conditions
can vary across different segments, even within the same corpus and application.
This variability poses a significant challenge in intelligently integrating mul-
tiple ASR systems for a specific purpose. Traditionally, this has been addressed
through system combination , which constructs a confusion network from
multiple hypotheses and finds the best path to derive the final transcription. En-
semble learning methods introduce diversity among the systems to expand the
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combination space [26}28|. Departing from the confusion network, [12] propose
leveraging confidence scores from ASR systems to select the optimal hypothesis.
While effective in reducing the Word Error Rate (WER), these approaches share
a common limitation: they necessitate hypotheses from all candidate systems.
Meeting this requirement is often impractical nowadays due to the large model
size of high-performing modern ASR systems; commercial systems are expensive,
and open-source models incur substantial costs.

This paper introduces AutoMode-ASR, a novel framework that predicts the
most suitable ASR system for a given audio segment—defined as a contiguous
chunk of speech, such as a sentence or phrase—without running the inference
of candidate systems. The prediction is based on features extracted from the
audio input, and its transcription is performed only with the predicted system
afterward. The distinct separation between system selection and inference elim-
inates the requirement of modifying the decoding process, enabling a flexible
combination of commercial and open-source models.

Our experimental results show that AutoMode-ASR improves transcription
performance by up to -16.2% relative in WER.. Notably, compared to other multi-
system approaches, it does not increase operational costs; rather, it reduces costs
by opting for a lighter system in cases of comparable performance, achieving a
price reduction of 65%. Our contributions are:

— We present a new combination scheme for any ASR models at the segment
level to optimize quality and cost.

We analyze feature types to discern their relevance in accurately predicting
the performance of ASR systems.

We propose a robust classification module that facilitates the incremental
integration of ASR systems.

— We demonstrate an effective approach to incorporate quality estimation for

further optimizing performance.

2 Methodology

AutoMode-ASR aims to predict the optimal ASR system for a given audio in-
put, a task framed as multi-class classification using system IDs as class labels.
Training a classifier for this involves preparing data by conducting ASR inference
for each candidate system on every audio segment, entailing significant costs. If
thus only a limited amount of training data can be prepared, there is a high risk
of insufficient cases for certain systems as top performers. This class imbalance
adversely impacts classification accuracy [20,[31], although it can be mitigated
by data sampling |1,|6] or boosting methods [291[34].

In this work, we approach the problem as learning to rank [18|, leveraging
the inherent rank information within our training data. Following the ASR in-
ferences on a training segment, we acquire not only the ID of the top-performing
system but also the rank across all candidates, sorted by WER. In contrast to
classification, which is trained solely on the top system ID, ranking gives training
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Fig. 1. The Diagram of the AutoMode-ASR Workflow

instances for every system from each segment with relative performance. This
maximizes the utilization of information within the training data and enhances
stability.

2.1 Method Overview

Rather than directly predicting a ranking over all systems, we decompose the
problem into multiple binary classification problems (Section , each compar-
ing a specific pair of systems . As mentioned, every training segment has
ranking information between candidate systems. To train a binary classifier, we
simply relabel each segment with the winning system between the two systems
in question. Each binary classifier is then trained with all available segments,
which is critical in our setup where data preparation is difficult.

Following the one-vs-one approach, learning to rank pairwisely ideally re-
quires considering every pair of systems: C'(C' —1)/2 pairs with C' as the number
of systems. However, this proves impractical in numerous scenarios, leading to
the development of various pair sampling methods . In our method, we
designate a pivot system from all candidates, playing the role of a comparative
baseline against every other system. Each binary classifier compares the pivot
against another candidate, resulting in C' — 1 pairs, referred to as one-vs-pivot.
Among multiple systems, we strategically choose the cost-effective system as
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the pivot. This decision introduces an implicit bias towards minimizing costs,
aligning with our goal.

The decisions from individual binary classifiers are later merged into the
final decision using a simple heuristic (Section . This two-pass strategy is
advantageous when a new system is incrementally added to the comparison. In
such cases, training another binary classifier between the pivot system and the
new system suffices, which is significantly more efficient than retraining a multi-
class classifier involving all systems. Figure [I] shows the entire workflow of the
proposed method.

As our binary classifier, we employ the Gradient Boosting Machine (GBM)
[11] due to its flexibility in feature integration and interpretability in analyzing
feature importance. GBMs have demonstrated superiority over deep neural net-
works across various classification and ranking problems, excelling in terms of
both accuracy and efficiency |9,[25]. The GBM algorithm incrementally incorpo-
rates weak learners by fitting each new learner to the residuals of the preced-
ing ensemble. Specifically, we utilize the eXtreme Gradient Boosting (XGBoost)
package [7], where each weak learner is a regression tree.

2.2 Features

An essential research question in our work is identifying relevant aspects of
audio input for predicting ASR performance. To study this question, we inte-
grate diverse features in the binary classifiers designed to encapsulate audio files’
acoustic, linguistic, and quality-related dimensions:

— Self-supervised audio embedding: Representations learned from speech
audio via contrastive learning on the masked latent space prove beneficial
for many downstream speech tasks [3]. We adopt the cross-lingual version
of it, trained on 53 languages (Wav2Vec2-XLSR-53) [8]. We extract the last
encoder states and average them over the time dimension to produce a con-
solidated vector of 1024 dimensions.

— Input language: AutoMode-ASR operates without assuming the audio in-
put language; it can accommodate any supported languages across all sys-
tems. Recognizing that classifier decisions may differ based on language, we
include the language of each speech segment as a categorical feature. This
empowers the classifier to potentially select the model that performs better
in that particular language.

In addition to extracting features directly from the audio file, we utilize a
lightweight ASR model to capture valuable features from the inference process
and its temporary transcription. Note that this ASR model differs from the sys-
tems compared within AutoMode-ASR. We opt for a compact and swift ASR
model for feature extraction, thereby minimizing any significant increase in pro-
cessing time. After the ASR inference, we obtain the following features:

— ASR embedding: We extract the output states of the encoder from the
ASR model and compute their average over time. Our hypothesis posits that
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the representations learned during transcription encapsulate precise informa-
tion relevant to estimating transcription performance.

— ASR confidence score: ASR inference provides log probabilities for each
output token, called confidence scores. We include the mean, standard devi-
ation, and five-number summary of the probability values as features. These
scores offer preliminary insights into the transcription’s difficulty level; some
systems may excel in deciphering ambiguous phonetics in challenging seg-
ments, while others may perform better in transcribing easier segments.

— Quality estimation score: Once we obtain a transcription from the feature-
extracting ASR model, we can assess its quality even without a reference
using quality estimation metrics; it serves as another indicator of speech
recognizability. For this purpose, we utilize NoRefER [16}/35,/36], which com-
putes a score for the transcription and exhibits a high correlation with WER.
It is worth noting that the NoRefER score is calculated solely based on the
transcription itself, without considering the audio, thus providing a distinct
dimension of information compared to other features.

— Quality estimation embedding: NoRefER itself is a neural network, from
which we can extract representations from its intermediate layers. Specifi-
cally, we extract the last hidden state before the final linear layer of the
NoRefER network, resulting in an embedding of 384 dimensions.

2.3 Training

For training a binary classifier between the pivot and any ASR system, we first
assign labels to each segment based on the system with the lower WER between
the two. In cases where WER values are identical, we label them with the more
cost-effective system. We observed numerous instances with identical WER, val-
ues, particularly for short segments, resulting in substantial cost savings overall
(Section [3.1)).

To enhance training and increase the WER gain, we prioritize samples with
carefully crafted sample weights, calculated as the product of the following fac-
tors:

— Normalized WER difference: Calculate the absolute WER difference
between two systems and divide each value by the range of values across the
entire training set. Segments with a larger difference in WER are given more
weight in loss calculation as correctly classifying these segments is expected
to yield greater gains.

— Inverse label frequency: To counteract bias toward a single system, we
assigned higher weights to the minority label.

Classifier training minimizes the binary logistic loss along with its first and
second-order gradients at each step of adding a weak regression tree [7]. The
hyperparameters of the trees, such as the number of leaves, number of features,
or learning rate, are selected using cost-frugal hyperparameter optimization |33],
which samples a tree learner based on the estimated cost for improvement. Each
hyperparameter setting is evaluated using cross-validation with WER reduction,
i.e., WER decrease by AutoMode-ASR selections versus selecting a single system.
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2.4 Multi-Class Ensemble

For comparing all systems, we aggregate predictions from individual binary clas-
sifiers and choose the most confident decision. Every binary classifier provides a
prediction and the probability between its two systems, which exceeds 0.5. We
select the system predicted with the highest probability among multiple binary
classifiers. Note that each binary classifier compares a system with the pivot
system. If a system surpasses the pivot, it is selected; if none of the systems
outperform the pivot, we default to the cost-effective pivot system.

For more elaborate decision-making and further cost savings, AutoMode-ASR
offers an option to rescore comparisons when a more expensive system is chosen,
i.e., the pivot is not selected. We obtain transcriptions from the systems and
compute their quality estimation scores using NoRefER, ultimately selecting the
system with the highest score. Since the comparison is based on system outputs
and the WER-correlated NoRefER, we anticipate that this yields predictions
more aligned with WER, while also providing another opportunity for the low-
cost pivot to be selected. In contrast to the features involved in the initial decision
(Section, this process requires running the ASR systems and comparing their
transcriptions. The only extra cost is due to the NoRefER inference.

3 Experiments

For our experiments, we curated training and test data by selecting diverse au-
dio samples from Common Voice [2] and LibriSpeech |21]. Combining these two
sources, our dataset encompasses various speaking styles and recording acoustics.
We included the English, French, Spanish, German, and Russian subsets from
Common Voice to thoroughly evaluate AutoMode-ASR’s adaptability and effec-
tiveness across different languages. Each selected segment was then inputted into
all systems under comparison to obtain the WER and the performance ranking.
The statistics of the prepared data are in Table

Table 1. The number of audio segments where each ASR system (System A, System
B, System C, Whisper) achieved the best performance in terms of Word Error Rate
(WER) in training, validation, and testing subset.

Top-Rank System train valid test

System A 1,182 149 149
System B 1,322 189 174
System C 5,431 735 773
Whisper (pivot) 14,817 2,147 2,107

Total 22,752 3,220 3,203
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We evaluated AutoMode-ASR using three commercial ASR systems (called
System A/B/ CEI) alongside Whisper [24], an open-source model developed by
OpenAl. These providers were selected due to their prominence in the indus-
try and diverse speech recognition approaches, ensuring a comprehensive and
practical evaluation. Whisper, specifically its “small” version, was chosen as the
pivot among systems because of its low cost and latency. In feature extraction
(Section , we employed the Whisper small model for ASR embedding and
confidence score. While this choice coincides with the pivot model, it was made
solely for our convenience and does not introduce any unintended bias toward
the pivot in AutoMode-ASR.

To train the classifiers, we employed Microsoft’s FLAML framework [30].
We conducted five-fold cross-validation with a time budget of 1,000 seconds for
hyperparameter optimization (HPO). While we also involved LightGBM [17]
and CatBoost 23] machines in the HPO process, XGBoost consistently outper-
formed the others; thus we only present the results obtained using XGBoost.
The weighting scheme for training data sampling and the target metric for HPO
are tuned according to the performance on a validation set.

System selection was assessed against the top-ranking systems using F1,
weighted by inverse label frequency to address label imbalance (Table . Sub-
sequently, ASR decoding was conducted with the selected system per segment,
and WER was computed to evaluate AutoMode-ASR’s actual improvement in
transcription performance. These results were compared against selecting one
system for all segments: the pivot system (pivot only), a non-pivot system (non-
pivot only), or the system with the best overall performance when used for all
segments (single-best). We removed punctuation marks and applied lowercasing
before computing WER.

3.1 Main Results

Table [2] shows the reduction in WER and classification performance of each
binary classifier. While the pivot system is competitive, it does not consistently
outperform other commercial systems in all segments, particularly compared to
System C. Even though Table [I] shows that the pivot outperforms System C in
nearly three times as many segments, System C achieves a lower average WER
than the pivot (Whisper), likely because System C excels in more challenging
segments where WER reduction has a greater impact.

AutoMode-ASR’s binary classifiers efficiently identify cases where alternative
systems excel over the pivot, showcasing the framework’s ability to optimize ASR
system selection. Sample weighting in training (Section consistently proves
beneficial and QE rescoring provides an additional gain.

Table [3| displays the final results after ensembling all three binary classi-
fiers. Compared to selecting a single system for all segments, AutoMode-ASR
achieves significantly lower WER, decreasing from 13.4% to 11.6%, with QE

! The disclosure of the system providers is pending approval under legal review. Their
names will be disclosed accordingly after the review.
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Table 2. Word Error Rate (WER) reduction and classification performance (F1-score)
for each binary classifier comparing the pivot system (Whisper) against commercial
systems (A, B, C). Results are shown for different system selection strategies, including
AutoMode-ASR w/wo sample weighting and quality estimation (QE) rescoring.

Pivot vs. System A System B System C

WER F1 WER F1 WER F1
System Selection  [%] [%] [%] [%] (%] [%]

Non-pivot only 21.2 5.7 20.8 4.7 134 11.8
Pivot only 14.1 734 14.1 759 14.1 61.1

AutoMode-ASR  13.6 77.8 14.0 76.9 12.2 729
+ Sample weights 13.1 79.0 13.9 78.1 11.3 73.1
+ QE rescoring 12.9 80.2 13.7 79.1 11.4 76.3

Table 3. Multi-class ensemble results comparing Word Error Rate (WER), F1 score,
cost, and runtime of different system selection strategies. The "Single-best" system
represents the baseline. AutoMode-ASR and its variants with sample weighting and
quality estimation (QE) rescoring achieve progressively lower WER at a reasonable
decrease in cost and runtime. The "Oracle" represents the perfect prediction scenario.

WER F1 Cost Runtime

System Selection (%] [%] [%] (%]
Single-best 13.4 9.4 100.0 100.0
Pivot only 14.1 522 2.3 4.6

AutoMode-ASR  12.3 62.5 18.6 19.3
+ Sample weights 11.6 63.4 36.2 24.9
+ QE rescoring 11.1 65.5 36.2 25.1

Oracle 6.5 100.0 41.0 37.4

rescoring further reducing it to 11.1%. Notably, this improvement does not in-
crease operational costs or delays; it requires approximately 36% of the cost
and 25% of the runtime of the single-best baseline. It is noteworthy that QE
rescoring only introduces negligible extra cost and runtime. A small open-source
model could nearly eliminate both the cost and runtime by selecting the pivot
system exclusively. However, its performance is significantly inferior to that of
AutoMode-ASR, as it does not benefit from strong commercial systems. Addi-
tionally, we provide the performance metrics when using actual top-performing
systems (“Oracle”), indicating potential room for improvement in future work.

These figures not only highlight the system’s processing efficiency but also
its cost-effectiveness compared to the baseline ’Single-best’ system.
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Table 4. AutoMode-ASR results with different feature groups w/o QE rescoring, and
when QE rescoring is applied to the best setting (all). “Audio” stands for self-supervised
audio embeddings, “ASR” means ASR embedding and confidence scores, while “QE”
includes QE score and its embedding. Input language feature is always used.

WER F1

Feature Groups (%] %]
Audio + ASR 12.4 61.5
Audio + QE 11.8 61.5
ASR + QE 11.7 62.9
Audio + ASR + QE (all) 11.6 63.4
+ QE rescoring 11.1 65.5

3.2 Feature Ablation

Table [] presents an ablation study about the impact of various features on
predicting ASR performance, categorized into three groups: audio, ASR, and QE.
All cases with QE features exhibit a clear improvement in WER compared to the
case without. This underscores the value of QE scores and embeddings, which
offer useful information distinct from audio or ASR features. Comparing the
second and third rows reveals a similar effect between audio and ASR features.

Input language

ASR embedding

Quality estimation
(score+embedding)

Audio embedding

ASR confindence score

20 25 30 35 40
Feature Importance (%)

o
u

10

=
(€]

Fig. 2. Mean feature importance of binary classifiers.
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The optimal configuration undoubtedly involves combining all features. Fig-
ure [2] illustrates the feature importance computed within the GBM. ASR con-
fidence scores are deemed the most important, followed by embeddings from
self-supervised audio models, quality estimation models, and ASR models. This
shows a considerable reliance on neural encoders for performance. Interestingly,
language categorization appears to hold minimal importance, highlighting the
AutoMode-ASR versatility across languages.

4 Conclusion

This work introduces AutoMode-ASR, a novel framework designed to dynami-
cally select the most suitable ASR system for a given audio input; which har-
nesses the strengths of different ASR technologies to substantially improve tran-
scription accuracy. It also considerably saves computational resources and oper-
ational costs by conducting binary system comparisons with a cost-effective sys-
tem as the pivot. Through rigorous testing, AutoMode-ASR shows remarkable
adaptability across audio environments and linguistic contexts, reducing WER
from 13.4% to 11.1% with 65% lower cost and 75% faster speed. We verify that
the multi-system ASR is a promising and practical way to optimize performance
cost-effectively and time-efficiently through smart system selection.
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