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Abstract

This work explores fine-tuning OpenAI’s Whis-
per automatic speech recognition (ASR) model
for Amharic, a low-resource language, to im-
prove transcription accuracy. While the founda-
tional Whisper model struggles with Amharic
due to limited representation in its training data,
we fine-tune it using datasets like Mozilla Com-
mon Voice, FLEURS, and the BDU-speech
dataset. The best-performing model, Whisper-
small-am, significantly improves when fine-
tuned on a mix of existing FLEURS data and
new, unseen Amharic datasets. Training solely
on new data leads to poor performance, but
combining it with FLEURS data reinforces
the model, enabling better specialization in
Amharic. We also demonstrate that normal-
izing Amharic homophones significantly en-
hances Word Error Rate (WER) and Bilingual
Evaluation Understudy (BLEU) scores. This
study underscores the importance of fine-tuning
strategies and dataset composition for improv-
ing ASR in low-resource languages, providing
insights for future Amharic speech recognition
research.

1 Introduction

Speech is one of the most fundamental and natural
forms of human communication, enabling the ex-
change of ideas, emotions, and information across
people, cultures, and generations. The transcrip-
tion of speech into text, a process known as speech-
to-text (STT), has evolved significantly over time.
Historically, this task was performed by humans,
such as stenographers or transcribers, who manu-
ally convert the spoken language into written form.
However, computational technologies, which are
machine-based STT systems, have emerged and
are revolutionizing the field. Early attempts at Au-
tomated Speech Recognition (ASR) in the mid-
20th century had relied on rule-based systems and
limited vocabularies (Jurafsky and Martin, 2000).
Over decades, advancement in machine learning,

particularly deep learning, has enabled the develop-
ment of more accurate and robust STT systems than
rule-based systems, capable of handling diverse lan-
guages, accents, and domains (Hinton et al., 2012).

ASR is a machine learning technology designed
to convert spoken language into written text, facil-
itating seamless communication between humans
and machines (Saksamudre et al., 2015; Kheddar
et al., 2024). This technology has become a corner-
stone of modern voice-driven systems, enabling a
wide range of applications across various sectors.
In healthcare, ASR is used for transcribing medical
records and assisting in diagnostics, while in mar-
keting, it powers voice-activated customer service
tools and personalized advertising. In education,
ASR supports language learning and accessibility
tools for students with disabilities. Additionally,
ASR plays a critical role in cultural preservation by
transcribing and archiving oral histories and in mil-
itary applications for real-time communication and
command systems (Kumar, 2024; Yin et al., 2024).
The versatility of ASR underscores its importance
in bridging the gap between spoken language and
digital technology, making it an indispensable tool
in today’s increasingly voice-driven world.

Recent developments in multilingual ASR sys-
tems such as Whisper - an ASR system developed
by OpenAI1 trained on 680K hours of multilingual
and multitask supervised data collected from the
web, present opportunities to enhance transcription
capabilities for low resource languages (Radford
et al., 2023). However, these models often face
challenges when dealing with low-resource lan-
guages such as Amharic (Polat et al., 2024; Yu
et al., 2021). Various strategies have been proposed
to optimize Whisper’s performance (Kummervold
et al., 2024; Timmel et al., 2024; Li et al., 2024a),
achieving notable improvements in transcription ac-
curacy and adaptability for low-resource languages

1https://openai.com/index/whisper/
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other than Amharic.
Based on Whisper’s improvement approaches

for other low-resource languages, our study fo-
cuses on fine-tuning the Whisper model specifi-
cally for Amharic ASR and explores the capability,
fine-tuning strategy, and evaluation mechanisms
that lead to effective results. Our approach uti-
lizes a comprehensive and diverse dataset, incor-
porating publicly available speech corpora such
as Mozilla Common Voice (Foundation, 2024),
Google/FLEURS (Goyal et al., 2021), and the BDU
Speech Corpus (Assfaw et al., 2022). The main
contributions of this work are three folds: 1) we
extensively fine-tune and evaluate various versions
of models fine-tuned on the Whisper small ASR
model, and 2) we investigated the dynamic of fine-
tuning with mixed datasets to reinforce the model’s
specialization on Amharic. 3) We investigated the
impact of homophone normalization in the evalu-
ation of the whisper-small model, which can be a
good point to consider while evaluating other mod-
els and also for fine-tuning as a further exploration.

2 Related works

In recent years, the rise of multi-modal large lan-
guage models (MM LLMs) has further expanded
the capabilities of artificial intelligence to under-
stand human language. These models, such as Ope-
nAI’s GPT-4 and Google’s Gemini, integrate text,
audio, and visual data to perform complex tasks,
ranging from text to audiovisual understanding
(Caffagni et al., 2024). In the era of speech-related
LLMs, Whisper by OpenAI has set a new bench-
mark in STT and TTS tasks as an SOTA model
trained on a massive dataset of multilingual and
multitask supervised data (Radford et al., 2023).
The multilingual nature of the whisper model cre-
ates the ability to generalize across low-resource
languages, which makes it valuable for underrepre-
sented linguistic communities and a best candidate
to adopt its capability by fine-tuning with a more
refined language-specific dataset.

STT in Low-resource languages Amharic is one
of the languages with progress made to provide
techno-linguistic tools, datasets, and research for
downstream NLP tasks (Tonja et al., 2023). How-
ever, there is an insufficient research focus in
speech-related tasks like TTS and STT along with
resources, which hinders the development of accu-
rate and reliable ASR systems. The lack of these

datasets and tools limits the access to technology-
driven opportunities. In the context of LLMs,
low-resource languages are often underrepresented
in training datasets, leading to suboptimal perfor-
mance and biased outcomes. This underscores the
need for fine-tuning pre-trained LLMs like Whis-
per to adapt them to the unique phonetic, syntactic,
orthographic, and semantic characteristics of the
languages (Zhong et al., 2024; Hangya et al., 2022).

Whisper and Low-Resource Languages Ope-
nAI’s Whisper, a Transformer-based multilingual
ASR model trained on 680k hours of diverse au-
dio data (Radford et al., 2023), has demonstrated
state-of-the-art zero-shot performance across nu-
merous languages. However, its efficacy dimin-
ishes for low-resource languages like Amharic,
which are underrepresented in its training corpus.
Recent studies highlight that fine-tuning Whisper
on language-specific data mitigates this limitation.
For instance, Polat et al. (2024) applied Low-Rank
Adaptation (LoRA) to optimize Whisper for Turk-
ish, achieving parameter-efficient adaptation with
minimal computational overhead. Similarly, Li
et al. (2024b) reduced the Word Error Rate (WER)
for Kazakh by over 10% through dynamic data aug-
mentation and model quantization. Singh and Bhatt
(2024) improved Hindi ASR performance by inte-
grating transfer learning with Whisper’s pre-trained
encoder-decoder architecture. These efforts under-
score the adaptability of Whisper to linguistically
diverse, low-resource settings.

Advancements in research on low resource lan-
guages have focused on addressing data scarcity
and linguistic complexity. Ejigu and Asfaw (2024)
curated a foundational ASR dataset of 128 hours of
Amharic speech, enabling targeted fine-tuning and
data augmentation. Building on this, multilingual
acoustic modeling approaches leveraging phoneti-
cally related languages reduced WER from 23.23%
to 21.52% (Teferra et al., 2024). Furthermore, Ad-
new and Liang (2024) introduced a transformer-
based post-processing framework to refine ASR
outputs, achieving a Character Error Rate (CER)
of 5.5% and WER of 23.3% by enforcing gram-
matical and semantic coherence. Despite these ef-
forts, Whisper’s adaptation to Amharic is underex-
plored. This work evaluates one of Whisper’s multi-
lingual models for the Amharic language by com-
piling available Datasets from sources such as the
Amharic Speech Corpus (Ejigu and Asfaw, 2024),
and the Amharic dataset from Google’s FLEURS

2



and Mozilla’s Common Voice.

3 Data Collection and Preparation

3.1 Data Sources:

For our study, we used publicly available Amharic
ASR datasets, including BDU-speech data (Ejigu
and Asfaw, 2024)2, the Amharic dataset from
Mozilla Common Voice3 (Foundation, 2024), and
Google FLEURS ddataset4(Conneau et al., 2022).

3.1.1 Mozilla Common Voice Data

For this study, we used the Amharic data from
version 17.0 of Mozilla’s Common Voice dataset
(Foundation, 2024), a multilingual speech corpus
designed for ASR research. This open-source,
community-driven dataset includes over 31,175
hours of recorded speech, with 20,408 hours val-
idated across 124 languages. It features demo-
graphic metadata like age, gender, and accent,
which enhance speech recognition accuracy.

Data is collected through a participatory model,
where volunteers read sentences or validate record-
ings. Each audio clip has a corresponding text
transcription and undergoes peer review to ensure
quality. The Amharic subset, detailed in Table 1,
provides a valuable resource for improving ASR in
low-resource languages.

By leveraging Common Voice, we aim to
enhance Whisper’s transcription capabilities for
Amharic. Its open-access nature, under a Creative
Commons CC0 license, supports our goal of ad-
vancing ASR technology for underrepresented lan-
guages.

3.1.2 FLEURS Data

Few-shot Learning Evaluation of Universal Repre-
sentations of Speech (FLEURS) (Conneau et al.,
2022) is a benchmark designed for low-resource
languages, offering an n-way parallel speech
dataset across 102 languages. Built on the FLoRes-
101 machine translation benchmark, FLEURS pro-
vides approximately 12 hours of speech data per
language, aligned with text, making it valuable for
tasks like Automatic Speech Recognition (ASR)
and Speech Language Identification.

2https://figshare.com/articles/dataset/
Yohannes_A_Ejigu_Amharic_ASR_Dataset_zip/
24959727

3https://huggingface.co/datasets/
mozilla-foundation/common_voice_17_0

4https://huggingface.co/datasets/google/fleurs

Dataset Source # of instances
Train Test

BDU Speech Corpus 10,875 389
Mozilla Common Voice 698 205
FLEURS 3609 516

Table 1: Speech data sources.

The Amharic portion of FLEURS includes high-
quality transcriptions, which are crucial for improv-
ing ASR accuracy. Although the base Whisper
model was trained on FLEURS, Amharic was over-
shadowed by higher-resource languages, leading to
suboptimal performance. To address this, we fine-
tuned Whisper specifically on the Amharic data
from FLEURS, significantly improving transcrip-
tion accuracy.

FLEURS’ natural speech recordings and robust
quality control ensure that fine-tuning produces a
model well-suited to Amharic’s linguistic intrica-
cies. This focus enhances the usability and perfor-
mance of speech technologies for underrepresented
languages like Amharic.

3.1.3 Bahir Dar University Noisy Amharic
Speech Dataset (BDU-speech)

In our study, we utilized the BDU Speech Cor-
pus - Bahir Dar University Noisy Amharic Speech
Dataset (Ejigu and Asfaw, 2024), which plays a
crucial role in evaluating ASR models under re-
alistic noisy conditions. This dataset includes au-
dio recordings from the Sidama region, featuring
400 sentences spoken by 50 individuals, amount-
ing to 20k sentences with a total duration of ap-
proximately 44 hours and 46 minutes. Designed to
simulate real-world challenges, the audio clips vary
from 4 to 20 seconds and include significant back-
ground noise, speech distortions, and non-native ac-
cents. Each recording is properly transcribed, pro-
viding a reliable ground truth for training and eval-
uation. The audio data is processed into spectro-
grams using Short-Time Fourier Transform (STFT)
to ensure compatibility with deep learning archi-
tectures like CNNs and RNNs. This dataset has
been instrumental in testing the Whisper model’s
robustness and transcription accuracy in challeng-
ing environments.

3.2 Audio Preprocessing:

Proper audio processing is a foundational step in
fine-tuning Whisper for Amharic datasets. Resam-
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pling audio to 16 Khz ensures compatibility with
the model, and tokenization prepares the transcrip-
tions to be ready for the model to understand, along
with the Whisper feature extractor to extract au-
dio features to make them ready for training, and
test sets enable effective model evaluation. These
steps collectively ensure that the Whisper model
can be fine-tuned to achieve optimal performance
on Amharic speech recognition tasks.

4 Experimentation

4.1 Fine-Tuning Process

We fine-tuned the Whisper-small model, a smaller
version of OpenAI’s Whisper architecture, using
several Amharic datasets. The fine-tuning process
involved the following steps: Data Preparation:
Datasets from their source are fetched and resam-
pled to 16khz, which is the sampling rate compati-
ble with the whisper fine-tuning.
Feature Extraction: Both audio and text features
get extracted by the Whisper feature extractor for
Audio and the Whisper tokenizer for text.
Pretrained Model: We started with the pre-trained
Whisper-small model, which was initially trained
on a large multilingual corpus.

Training Configuration: The model was fine-
tuned with the following hyperparameters:

• Batch Size: 16

• Learning Rate: 5e-5

• Epochs: 5

• Max Generation Length: 256

• Hardware: The finetuning of the Whisper
model utilizes a GPU infrastructure composed
of NVIDIA A100 80GB PCIe and NVIDIA
H100 NVL GPUs, providing substantial mem-
ory and computing power to handle large-
scale data processing efficiently.

• Optimization: we use half-precision float-
ing point (FP16) for optimizing the learning
model to speed up training and reduce mem-
ory usage.

The complete process of fine-tuning is shown in
Figure 1

The fine-tuning was performed on the following
datasets:

• FLEURS Amharic Data: The model was
fine-tuned on the Amharic portion of the
FLEURS dataset, which was also used in the
pretraining of the Whisper model.

• Mozilla Common Voice v17.0 Amharic Set:
This dataset was used to fine-tune the model
on a more diverse set of Amharic speech data.

• BDU Speech Corpus: We fine-tuned the
model using this Amharic Speech Corpus,
which includes a variety of speech samples
from different speakers.

• Combined Datasets: We also fine-tuned the
model on a combination of all three datasets
(FLEURS, Common Voice, and BDU speech
corpus) to evaluate the impact of mixed data
on model performance.

4.2 Evaluation
Evaluating speech-to-text (STT) models is crucial
to asses the performance of the models and ensure
whether they meet the desired accuracy and usabil-
ity standards or not. Several metrics are commonly
used to evaluate STT systems, each metric provid-
ing insights into different aspects of the model’s
performance. In STT, the most widely used met-
rics, which are employed in this work, are Word
Error Rate (WER), Character Error Rate (CER),
and Bilingual Evaluation Understudy (BLEU). Ad-
ditonally, we highlight the importance of Human
Evaluation in addressing the litigation beyond these
automated metrics. Word Error Rate measures the
percentage of word-level errors in transcribed text
compared to the reference text; a lower WER in-
dicates better performance. Also, CER measures
the percentage of character-level errors in the tran-
scribed text, and the same applies to CER; the lower
the percentage, the better the performance. BLEU
measures the overlap between the model-generated
text and the reference text using n-gram precision.
Corpus BLEU and Average BLEU are used in our
model evaluation to measure the overlap over the
entire dataset (overall quality of the transcription)
and averaged sentence level measure (for consis-
tency across individual examples). In this work,
average BLEU is used even if it is not the standard
metric in STT tasks since it can provide

4.3 Homophone Normalization Effects
In Amharic writing, there are different characters
with the same sound, and they are called homo-
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Inference mode

Figure 1: The fine-tuning process

phones. The homophones comprise the ha sounds
<€ ha>, <H ha>, and <p ha>, the a sounds <€
a> and <a a>, the sa sounds <P sa> and <˜ sa>,
and the sa sounds <Ð sa> and <Ø sa> with all in-
cluding their seven consonant-vowel combinations.
These characters might affect the speech recogni-
tion task positively or negatively during evaluation.
For example, the impacts of such normalization
effects are explored, such as Machine translation
(Belay et al., 2021). However, the impact of such
homophone characters on SST has not yet been
investigated. One of the approaches to handling
these homophones in other NLP tasks is normaliz-
ing them into a single representation. In this task,
we apply normalization during evaluation.

4.4 Experimental Results
In this section, we detail the experiments conducted
to fine-tune the Whisper model for Amharic speech
recognition. Our goal is to evaluate the perfor-
mance of various fine-tuned versions of the Whis-
per model using different datasets and configura-
tions. We also explore the impact of homophone
normalization on the evaluation metrics. The eval-
uation test sets are:

1. FLEURS Test Set: 516 samples

2. BDU Speech Data Test Set: 389 samples

3. Common Voice Test Set: 205 samples

The results are summarized in Tables 2, 3, and
4, which show the performance of each model on
the respective test sets. The Whisper-small-am
model, fine-tuned on the combination of FLEURS
and Common voice data, consistently performed
the best across all test sets, with significant im-
provements in WER, CER, and BLEU scores after
homophone normalization. details on which model
trained on which data is explained in Appendix A.

Models were evaluated on three different test
sets from those training datasets. So, we have 3
evaluation results for each test set. Common voice
test set: 205; fleurs test set: 516; BDU Speech
corpus: 359

4.5 zero-shot learning

We also conducted a zero-shot learning experi-
ment using the pre-trained Whisper-small, Whisper-
medium, and Whisper-Large models. In these ex-
periments, the models were tested in a small sub-
set of test sets without any fine-tuning. The re-
sults were poor, with the models generating non-
Amharic characters, other language texts, gibberish
content, and on the Whisper-large v3 and Whisper-
large v3-turbo, repetitive Amharic letters. Also,
the evaluation metrics results are extremely poor.
This highlights the need for fine-tuning the whisper
model specifically for Amharic, as the pre-trained
models struggle to generalize to low-resource lan-
guages like Amharic without additional training.

5



Models WER(%) CER(%) corpusBLEU(%) avg.BLEU

Fine-tuning
Whisper-small-am 31.71 10.18 45.66 43.65
whisper-small-fc-am 47.97 16.60 29.89 28.06
whisper-small-am-fleurs 39.05 12.71 40.77 39.12
whisper-small-am-common-speech 103.17 81.47 0.014 0.44
whisper-small-am-v2 99.6 94.55 0.003 0.042
whisper-small-am-on-aggregated 33.44 11.25 44.28 42.44

Evaluation on normalized references and predictions
Whisper-small-am 29.19 9.44 49.88 47.89
whisper-small-fc-am 45.75 15.77 32.97 31.14
whisper-small-am-fleurs 36.67 11.97 44.59 43.03
whisper-small-am-common-speech 103 81.4 0.014 0.448
whisper-small-am-v2 99.59 94.5 0.003 0.04
whisper-small-am-on-aggregated 30.95 10.56 48.79 46.86

Table 2: Evaluation results on fine-tuned version of Whisper and zero-shot on test set 1 (FLEURS’s test set)

Models WER(%) CER(%) corpusBLEU(%) avg.BLEU

Fine-tuning
Whisper-small-am 75.75 20.23 45.99 7.76
whisper-small-fc-am 80.46 23.34 3.01 6.05
whisper-small-am-fleurs 77.94 22.80 3.77 6.96
whisper-small-am-common-speech 99.96 79.71 0.01 0.043
whisper-small-am-v2 96.80 93.40 0.013 0.53
whisper-small-am-on-aggregated 108.8 94.0 0.109 2.07

Evaluation on normalized references and predictions
Whisper-small-am 74.33 19.48 5.61 8.50
whisper-small-fc-am 79.04 22.51 3.72 6.62
whisper-small-am-fleurs 76.99 22.23 4.33 7.42
whisper-small-am-common-speech 99.96 79.70 0.010 0.04
whisper-small-am-v2 96.80 93.36 0.01 0.53
whisper-small-am-on-aggregated 108.8 93.98 0.10 2.07

Table 3: Evaluation results on fine-tuned version of Whisper and zero-shot on test set 2 (BDU Speech data test set)

Normalization Effects: In Amharic, the pres-
ence of homophone characters can lead to varia-
tions in model predictions, where the generated
output may use different but phonetically similar
characters compared to the reference sentences. To
assess the impact of these variations on evaluation
metrics, normalization was applied to both the ref-
erence and predicted sentences after the model gen-
erated its outputs. This process aimed to minimize
the discrepancies caused by homophone character
differences and provide a more accurate evaluation
of the model’s performance.

As shown in the tables of evaluation; the results

demonstrate that applying normalization signifi-
cantly impacts the evaluation metrics across the
fine-tuned Whisper models. Notably, after normal-
ization, almost all models have shown improve-
ments in the evaluation metrics used in this work.
For instance, in Table 2, whisper-small-am has im-
proved its WER from 31.71% to 29.19%, and the
BLEU score increased from 45.66% to 49.88%.
These improvements highlight how homophone
variations can distort the evaluation metric, and nor-
malization helps mitigate such issues by aligning
phonetically similar but orthographically different
outputs. This trend indicates that normalization has

6



Models WER(%) CER(%) corpusBLEU(%) avg.BLEU

Fine-tuning
Whisper-small-am 59.4 23.03 20.83 22.92
whisper-small-fc-am 62.67 23.22 16.93 19.53
whisper-small-am-fleurs 71.95 28.40 11.89 14.41
whisper-small-am-common-speech 113 84.6 0.035 0.16
whisper-small-am-v2 97.62 90.9 0.17 0.97
whisper-small-am-on-aggregated 60.2 24.46 20.46 21.53

Evaluation on normalized references and predictions
Whisper-small-am 57.98 22.42 22.27 24.17
whisper-small-fc-am 61.46 22.61 18.38 20.80
whisper-small-am-fleurs 70.74 27.69 12.79 15.33
whisper-small-am-common-speech 113 84.53 0.035 0.16
whisper-small-am-v2 97.62 90.73 0.17 0.97
whisper-small-am-on-aggregated 58.77 23.88 21.82 22.83

Table 4: Evaluation results on fine-tuned version of Whisper on test set 3 (common voice’s test set)

been a crucial step for fair and accurate model as-
sessment in Amharic, where homophone characters
are prevalent. However, the normalization effect
on the training data is unexplored and needs further
investigation, and we look forward to exploring it.

Human Evaluation: In addition to evaluation
using various metrics, the model’s output was ob-
served and analyzed on a separate test set to assess
its performance on the given data. Based on this
analysis, the top three performing models demon-
strated strong results in transcribing audio files as
well as in handling direct recordings through the
Gradio inference interface. While automated met-
rics like WER, CER, and BLEU provide quantita-
tive measures of performance, they have limitations
on semantic meaning and contextual correctness.
Also, the transcribed text’s fluency, naturalness, or
usability can’t be measured by those metrics unless
by human evaluation.

To further enhance the output, additional post-
processing tasks are needed to be applied to the
model’s predictions using Amharic-specific tools
such as Named Entity Recognition (NER), spell
checkers, and grammar checkers. These tools help
correct missed or incorrectly transcribed characters,
leading to improved results. However, this post-
processing step requires further investigation to
optimize its effectiveness.

5 Discussion

The experiments demonstrate that fine-tuning the
Whisper model on Amharic-specific data signifi-

cantly improves its performance, especially when
the model is trained on a combination of exist-
ing (FLEURS) and new (Common Voice, BDU)
datasets. The model’s ability to generalize to un-
seen data improves when it is exposed to a diverse
set of speech samples, including noisy and dialect-
heavy recordings. However, fine-tuning on only
new, unseen data without reinforcement from ex-
isting data leads to suboptimal performance, as
the model struggles to adapt to the new linguistic
patterns.

In conclusion, the experiments highlight the im-
portance of dataset composition and fine-tuning
strategies for improving ASR performance in low-
resource languages like Amharic. Future work
could explore the impact of continual learning and
data augmentation techniques to further enhance
the model’s robustness and accuracy.

Limitations

While this study provides valuable insights into
the fine-tuning of the Whisper model for Amharic
speech recognition, it has several limitations that
should be acknowledged. These limitations high-
light areas for future research and improvement.

• Limited to Whisper-small Model: The
experiments were conducted only on the
Whisper-small model, which may not fully
capture the potential of larger variants like
Whisper-medium or Whisper-large. Future
work should explore fine-tuning these larger
models for better performance.

7



• No Comparison with Other Multilingual
Speech LLMs: The study does not compare
Whisper with other multilingual speech LLMs
(e.g., SeamlessM4T, Google’s USM). Future
research should include such comparisons to
identify the most effective model for Amharic
ASR.

• Focus on Fine-Tuning Strategies: The work
primarily explores fine-tuning strategies and
evaluation factors but does not extend to ad-
vanced techniques like continual learning,
data augmentation, or transfer learning. These
could further enhance model performance.

• Dataset Limitations: The datasets used,
while diverse, are relatively small. Expand-
ing to include more speakers, dialects, and
noisy conditions would improve the model’s
robustness and generalization capability.

• Homophone Normalization on Training
Data: Homophone normalization was applied
only during evaluation. Its impact on the train-
ing process remains unexplored and could
potentially improve the model’s handling of
Amharic’s orthographic challenges.

• Post-Processing Tools: The study highlights
the potential of post-processing tools like
NER, spell checkers, and grammar checkers
but does not integrate them. Incorporating
these tools could further improve transcrip-
tion accuracy.
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