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Abstract

While large transformer-based models have exhibited remarkable performance
in speaker-independent speech recognition, their large size and computational
requirements make them expensive or impractical to use in resource-constrained
settings. In this work, we propose a low-rank adaptive compression technique called
AdaPTwin that jointly compresses product-dependent pairs of weight matrices
in the transformer attention layer. Our approach can prioritize the compressed
model’s performance on a specific speaker while maintaining generalizability to
new speakers and acoustic conditions. Notably, our technique requires only 8
hours of speech data for fine-tuning, which can be accomplished in under 20
minutes, making it highly cost-effective compared to other compression methods.
We demonstrate the efficacy of our approach by compressing the Whisper and
Distil-Whisper models by up to 45% while incurring less than a 2% increase in
word error rate.

1 Introduction

Transformer-based automatic speech recognition (ASR) models like Whisper [1] have become popular
for their ability to generate accurate speech transcriptions and adapt to various speakers and acoustic
conditions. However, their deployment is costly due to significant computational and storage demands.
Large transformers are often over-parameterized, with many neurons performing redundant tasks [2].
The number of parameters required to perform well on a task, given by the intrinsic dimension [3],
is often much lower than in state-of-the-art models and the intrinsic dimension decreases with the
complexity of the task [4]. These findings motivate our exploration into an adaptive compression of
transformer-based ASR models.

While past research on transformer compression has been heavily focused on text generation models,
we focus on the compression of ASR models for two reasons. First, while on-device speech
recognition is critical for user privacy, state-of-the-art models are too large to be deployed and run
on edge devices. Second, practical applications of on-device speech recognition often need strong
performance for a specific target speaker, and our adaptive compression method can prioritize this
while still generalizing well to other speakers.

Prior works on compressing ASR models have largely utilized knowledge distillation [5], where
a new student model is trained using representations or predictions from a larger teacher model.
However, these methods often under-utilize the knowledge accrued by the teacher model through an
expensive training process, requiring the student model to be fine-tuned extensively on hundreds of
hours of speech data to regain performance. Moreover, the fine-tuning is often performed on a single
dataset which compromises the model’s generalization capabilities.

Distil-Whisper [6] is a notable attempt to compress Whisper models by reducing the number of
decoder layers through distillation while retaining the encoder to avoid high word error rates (WER)
when a shallow encoder is used. Our method, on the other hand, reduces the number of parameters
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per layer rather than the number of layers, thus maintaining the non-linearity of the original model.
Interestingly, our approach is particularly effective for compressing encoders and can be applied to
further compress the Distil-Whisper models.

Common techniques for compressing transformer-based text generation models include knowledge
distillation [7, 8], pruning [9, 10], and quantization [11]. These techniques often apply a standardized
procedure without task-specific adaptation or require extensive fine-tuning on large datasets. Many
quantization techniques also need specialized hardware for latency improvements, and most pruning
approaches achieve only up to 30% compression.

In this work, we introduce AdaPTwin, a technique for adaptive compression of transformers. First,
we make a key observation that the query-key and value-output weight matrices in the transformer’s
self-attention layer are “product twins”, meaning their effect on the output is identical if their product
remains unchanged. Using this, we jointly compress these weight matrix pairs using SVD-based
low-rank approximation, achieving higher compression levels than methods compressing each matrix
independently. Next, we augment the compressed representations with LoRA matrices [12] to provide
flexibility for fine-tuning and adaptation. Finally, we propose a low-cost, layer-wise fine-tuning
technique that uses a few hours of single-speaker data to largely recover the model’s generalization
capabilities while prioritizing target speaker performance.

Our low-rank compression method effectively preserves the original model’s knowledge while pro-
viding flexibility for adaptation during fine-tuning. We demonstrate its effectiveness by compressing
Whisper and Distil-Whisper models by up to 45% while maintaining the WER within 1.2% of the
original model for the target speaker and within 2.2% on the multi-speaker LibriSpeech dataset [13].
Taking into account the computational cost, our technique far outperforms other model compression
approaches based on the increase in WER from the original model. To the best of our knowledge,
this is the first work on low-rank compression of Whisper models. Our approach is cost-effective
compared to other compression techniques, requiring only 8 hours of single-speaker speech data for
fine-tuning, which completes in less than 20 minutes for 200M parameter models when layer-wise
fine-tuning is parallelized. Moreover, once a model is compressed, it can be used to realize various
degrees of compression since layers were fine-tuned independently and can be swapped with their
original counterparts to balance performance.

2 Related Work

Compression of ASR models. Compressing end-to-end ASR models is an active area of research
and prior work has proposed various approaches to the problem. Low-rank factorization techniques
[14, 15] have been explored on GRU [16] and LSTM [17]-based ASR models while [18] implements
parameter sharing for compressing small transformer models. Low-rank transformer [19] replaces
each transformer weight matrix independently with a linear encoder-decoder unit and tests their
approach on models with up to 25M parameters.

Recent work on compressing larger ASR models has been heavily focused on knowledge distillation
techniques where a smaller student model learns from a teacher model, either using its final predictions
or intermediate representations. FitHuBERT and FitW2V2 presented in [20] are distilled from
HuBERT [21] and wav2vec 2.0 [22] respectively by using deeper and thinner transformers as student
models. On the other hand, [23] distills wav2vec 2.0 into a model of the same architecture but
with fewer layers. DistilHuBERT [24] learns representations from multiple layers of HuBERT
using a multi-task learning objective. DPHuBERT [25] presents a joint distillation and structured
pruning approach to compress HuBERT with task-agnostic training. It outperforms earlier distillation
techniques while using less training data (100 hours).

Compression of the Whisper model has been explored in Whisper-KDQ [26] which uses knowledge
distillation and quantization followed by task-specific fine-tuning to substantially compress Whisper
with minimal loss in task-specific performance. However, its ability to generalize to new speakers
and acoustic conditions has not been reported. Distil-Whisper [6] uses pseudo-labeling to collect a
large speech dataset for distilling the decoder of Whisper models while keeping the encoder frozen.

Compression of LLMs. Recent work on the compression of transformers has been heavily focused
on text generation models like GPT [27] and Llama [28]. Unstructured pruning methods like
SparseGPT [29] and Wanda [30] remove less-important model parameters and induce sparsity in
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Figure 1: The left image shows the computational flow within a standard transformer layer, while the
right image depicts the layer with AdaPTwin replacements. The per-head parameters (WT

Qh
,WKh

)

and (WT
Vh
,WT

Oh
) are product twins and are jointly compressed using the SVD of their products while

WFC1
and WFC2

are compressed independently using the SVD of each matrix.

model weights. However, improving inference time and computational costs through unstructured
sparsity is challenging and often requires specialized hardware. Structured pruning techniques
have also been introduced such as ShortGPT [9] that removes redundant layers, SliceGPT [10]
that removes less-significant rows and columns, and LLM-Pruner [31] that removes interdependent
neurons. However, these approaches can only compress models by up to 30% and report significant
performance degradation at 50% compression. Quantization methods [11, 32–34] map model weights
to lower precision data types but affect inference latency due to overheads. Knowledge distillation
techniques have also been explored in this context [7, 8].

Low-rank compression techniques. Low-rank decomposition has been used in prior work for
compressing the weight matrices of deep neural networks, including transformers. TensorGPT [35]
compresses the token embedding layer, while other works [36–38] compress weights across layers
followed by end-to-end fine-tuning on large datasets. Other works use fisher information [39] and
activation distribution [40] to make compression sensitive to the varying importance of different
parameters. Data-aware low-rank compression [41] is based on the low intrinsic dimension of input
data for NLP tasks but this may not hold with the increasing diversity of speech data from multiple
speakers.

3 Methodology

3.1 Approximating product-dependent pairs of weight matrices

Consider a model utilizing weight matrices P ∈ Rd×dh and Q ∈ Rdh×d′
such that PQ = M . We

define (P,Q) as product twins if the model’s output remains unchanged when replacing (P,Q) with
(P ′, Q′) such that P ′Q′ = M = PQ.

A rank-r approximation of M can be obtained using its singular value decomposition (SVD):

M = UΣV T ≈ UrΣrV
T
r (1)

where Ur = U [:, : r], Σr = Σ[: r, : r] and Vr = V [:, : r]T .
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Algorithm 1 Forward pass of a Transformer layer
Require: Xi ▷ hidden state input
Require: H ▷ number of attention heads
Require: {WQh

,WKh
,WVh

}Hh=1 ∈ Rdh×d ▷ query, key, value weight matrices
1: for h = 1 to H do
2: Qh ← XiW

T
Qh

, Kh ← XiW
T
Kh

▷ compute query and key vectors
3: Vh ← XiW

T
Vh

▷ compute value vectors

4: Ah ← Softmax
(

QhK
T
h√

dh

)
▷ compute attention probabilities

5: Ch ← AhVh ▷ compute context vectors
6: end for
7: Z ← concat(C1, C2, . . . , CH)WT

O ▷ compute attention output
8: LayerNorm(Z ′ ← Z +Xi) ▷ apply layer normalization and residual connection
9: Xo = σ(Z ′WT

1 )WT
2 ▷ two-layer feed-forward network with activation

10: return Xo

This approximation is optimal in the Frobenius norm sense, meaning it minimizes ∥PQ−UrΣrV
T
r ∥F .

Consequently, we can approximate P and Q with rank-r matrices, (UrΣ
1/2
r ) ∈ Rd×r and

(Σ
1/2
r V T

r ) ∈ Rr×d′
, which we refer to as spectral matrices.

However, this may not be the most optimal rank-r approximation with respect to a given dataset
and task. For instance, if the model applies a transformation f(X|M), our goal is to minimize
∥f(X|P,Q)− f(X|P ′, Q′)∥F . Hence, these matrices are further fine-tuned on a small dataset.

To facilitate task adaptation during fine-tuning and to avoid being stuck in the original model’s local
minima, we concatenate rank-l LoRA [12] matrices to the spectral matrices. The LoRA matrices,
Al ∈ Rd×l and Bl ∈ 0l×d′

, with l≪ r, are fine-tuned simultaneously.

Thus, we define the AdaPTwin replacement of (P,Q) as

(P,Q)← (P ′, Q′) such that P ′ = [UrΣ
1/2
r , Al], Q

′ = [Σ1/2
r V T

r , Bl] (2)

where P ′ ∈ Rd×(r+l) and Q′ ∈ R(r+l)×d′
. Both P ′ and Q′ are subsequently fine-tuned.

This replacement results in compression by a factor of (r + l)/dh. This technique is applied in
Sections 3.2 and 3.3 to compress the weight matrices in a transformer layer, as illustrated in Figure 1.

3.2 Low-rank approximation of attention weight matrices

Algorithm 1 provides the operations performed in the forward pass of a single Transformer layer.
Combining lines 2 and 4 in Algorithm 1, we obtain

Ah = Softmax

(
(XiW

T
Qh

)(XiW
T
Kh

)T
√
dk

)
= Softmax

(
Xi(W

T
Qh

WKh
)XT

i√
dk

)
(3)

We note that if we replace WQh
and WKh

with W ′
Qh

and W ′
Kh

such that WT
Qh

WKh
= W ′T

Qh
W ′

Kh
,

the value of Ah remains the same and the output of the Transformer layer remains unchanged. Thus,
(WT

Qh
,WKh

) are product twins.

Next, WO can be partitioned into H components, each corresponding to the transformation applied
by an attention head, i.e.,

WO =

 WO1 WO2 . . . WOH

 (4)

where WOh
∈ Rd×dh . Then, line 7 in Algorithm 1 can be written as

Z =

H∑
h=1

ChW
T
Oh

(5)
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Using lines 3 and 4 in Algorithm 1 to replace Ch, we write

Z =

H∑
h=1

AhXiW
T
Vh
WT

Oh
(6)

Similar to our previous observation, (WT
Vh
,WT

Oh
) are product twins.

Hence, as discussed in Section 3.1, we perform the AdaPTwin replacements (WQh
,WKh

) ←
(W ′

Qh
,W ′

Kh
) and (WVh

,WOh
) ← (W ′

Vh
,W ′

Oh
) where {W ′

Qh
,W ′

Kh
,W ′

Vh
,W ′T

Oh
} ∈ R(ra+la)×d

and (ra + la) < dh.

In standard implementations of the Transformer, the per-head weight matrices are stacked into a
single matrix for parallelization of operations as follows.

WQ =


WQ1

WQ2

...
WQh

 ,WK =


WK1

WK2

...
WKh

 ,WV =


WV1

WV2

...
WVh

 (7)

Here, {WQ,WK ,WV } ∈ Rd×d since Hdh = d.

Substituting the SVD-PC replacements into Equations 4 and 7, we obtain the compressed weight
matrices {W ′

Q,W
′
K ,W ′

V ,W
′T
O } ∈ R(H(ra+la))×d resulting in a compression factor of (ra + la)/dh.

3.3 Low-rank approximation of feed-forward weight matrices

Weight matrices in the feed-forward network are not product twins due to the activation layer between
the two linear layers. Hence, we perform separate low-rank approximations for each weight matrix.

Similar to Equation 1, each weight matrix W ∈ Rd×d′
is approximated using rank-rf spectral

matrices as:

W = UΣV T ≈ (UrfΣ
1/2
rf

)(Σ1/2
rf

V T
rf
) (8)

With the inclusion of LoRA matrices Alf ∈ Rd×lf and Blf ∈ Rlf×d′
, we perform the replacement

W ← (UrfΣ
1/2
rf )(Σ

1/2
rf V T

rf
) +AlfBlf , resulting in a compression factor of (rf+lf )(d+d′)

dd′ .

3.4 Layer-wise fine-tuning of the compressed transformer

Let Tθ represent the transformation applied by the transformer layer in Algorithm 1, such that the
hidden state at the output of the layer is given by Xo = Tθ(Xi). Here, θ represents the layer
parameters including the attention and feed-forward weight matrices. To compress the layer, we
replace weight matrices with their low-rank approximations as discussed in Sections 3.2 and 3.3,
resulting in a new transformation Tθ′ .

We then perform layer-wise fine-tuning on the hidden states {Xi, Xo} generated by the original
Transformer layer for a small set of input samples. Specifically, the fine-tuning objective is given by

min
θ′

E{Xi,Xo}[∥Tθ′(Xi)−Xo∥2F ] (9)

Every layer in the encoder and decoder of the transformer is fine-tuned following the same procedure.
We hypothesize that layer-wise fine-tuning allows each weight matrix to remain close to its original
value, thus preventing loss of generalization from fine-tuning with a small dataset. Additionally,
this allows layers to be fine-tuned independently and in parallel, which improves fine-tuning speed.
Besides, compressed layers contributing to greater prediction error can be replaced with their original
counterparts, thus allowing greater control over the compression-accuracy tradeoff from a single
round of fine-tuning.
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4 Experiments

4.1 Setup

We apply our adaptive compression technique to Whisper (Apache 2.0 License) and Distil-Whisper
(MIT License) models of various sizes. We build upon the PyTorch implementations of these models
from the HuggingFace Transformers [42] library and run our experiments on T4 GPUs deployed
on AWS. We tested various combinations of spectral and LoRA ranks while maintaining a fixed
level of layer compression to determine the optimal settings. The best results are obtained when
the compression factor for the attention layer is 0.7 times that of the feed-forward layer, due to the
smaller size of the attention weight matrices. Within each layer, we use the ratios ra:la = 4:1 and
rf :lf = 9:1.

We fine-tune the compressed models for 40 epochs using the Adam optimizer on 8 hours of speech
data (3,000 samples) from the LJSpeech [43] dataset (CC0 License) which contains speech samples of
a single speaker labeled with English transcriptions. We evaluate the performance of our compressed
models on the target speaker using a separate subset of LJSpeech and their generalization to other
speakers on the LibriSpeech [13] dataset (CC-BY 4.0 License). We plan to release our code and
compressed models.

4.2 Performance on target speaker speech recognition

We report the performance of our compressed models on the target speaker in Table 1 and make the
following key observations. AdaPTwin compresses transformer encoders by 50% while maintaining
the WER on the target speaker within 2% of the original model. The increase in WER upon
compression is smaller for larger models with Whisper small showing no increase in WER at 50%
encoder compression. We attribute this to the fact that larger models have greater redundancy.
We further increase the compression level to 80% with minimal performance loss by combining
AdaPTwin with quantization which we will further explain in Section 4.6.

It is worth noting that the authors of Distil-Whisper report a large increase in WER when applying
their layer reduction technique to compress the encoder by 50% due to the importance of having
a deep encoder. Hence, our approach which maintains model depth while reducing the number of
parameters per layer offers an effective way of compressing encoders.

Comparing the WER resulting from compressing the encoder of Whisper small by 50% against the
decoder, we note that encoders are more amenable to compression using AdaPTwin, indicating that
they are over-parameterized to a greater extent. Hence, to achieve overall model compression, we
compress the encoder by a larger extent. We observe that AdapTwin compresses Whisper small and
Distil-Whisper small by 45% with very little loss in performance (< 1.2% WER).

Table 1: WER of compressed models on target speaker speech recognition. We consider compres-
sion of either the encoder alone or the whole model by compressing the encoder and decoder by
different levels. (Q) refers to components that have been compressed by combining AdaPTwin with
quantization.

Uncompressed Compressed

Model WER Component Compression (%) WER

Whisper tiny 4.63 Encoder 50 6.52 ± 0.30

Whisper base 2.99 Encoder 50 4.18 ± 0.28

Distil-Whisper small 1.92 Encoder 50 2.32 ± 0.23

Model 45 (50E + 30D) 3.12 ± 0.23

Whisper small 1.82

Encoder 50 1.82 ± 0.11

Decoder 50 2.60 ± 0.17

Encoder 80 (Q) 2.22 ± 0.19
Model 45 (60E + 30D (Q)) 2.10 ± 0.19
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4.3 Generalization performance compared to other compression techniques

Table 2 compares AdaPTwin against other compression techniques for ASR models based on their
word error rate on the LibriSpeech-test-clean dataset. Despite being fine-tuned on just 8 hours of
single-speaker speech data from LJSpeech, AdaPTwin outperforms most of the competing compressed
models of similar size both in terms of WER and the increase in WER compared to the uncompressed
model. This performance is achieved even though the other models have been fine-tuned on 100 or
more hours of the LibriSpeech-train dataset.

While Distil-Whisper small achieves a lower WER in comparison to our model of similar size,
its training procedure is substantially more expensive requiring 21,170 hours of speech data from
18,260+ speakers including Libripseech-train, and several hours of training time. Besides, applying
our method to further compress all layers of Distil-Whisper small leads to a model that is 45% smaller
and yet retains its generalization capabilities.

We attribute the training efficiency and generalization performance of AdaPTwin to the fact that while
other techniques use knowledge distillation to learn a new student model, we derive training priors
from the original model using low-rank approximation while providing flexibility for adaptation
using LoRA matrices. This means that while the other approaches incur a large loss of information
and require more training data to recover the teacher model’s representations, our approach reuses
the original model’s knowledge more effectively.

Table 2: Comparison against other ASR model compression techniques based on approximate
model size (in MB), amount of fine-tuning data used (in hours and number of speakers), WER
on LibriSpeech-test-clean and the increase in WER (∆WER) from the original model. All of the
compressed models except ours (AdaPTwin) have been fine-tuned on LibriSpeech-train.

Compressed Uncompressed
∆WER

Technique Size(MB) Data(Spkr) WER Model WER

FitHuBERT 88 960h (2.3k) 12.1 HuBERT base 6.4 +5.7
DistilHuBERT 94 960h (2.3k) 13.4 HuBERT base 6.4 +7.0
StructuredPruning 108 960h (2.3k) 10.6 WavLM base 6.2 +4.4
FitW2V2 128 960h (2.3k) 11.4 Wav2Vec base 6.4 +5.0

Shrinking Bigfoot 365 100h (251) 16.5 Wav2Vec large 2.6 +13.9
DPHuBERT 381 960h (2.3k) 6.2 HuBERT large 3.6 +2.6
AdaPTWin 45% 365 8h (1) 6.2 Distil-Whisp. sm. 4.2 +2.0
Shrinking Bigfoot 665 100h (251) 6.6 Wav2Vec large 2.6 +4.0
Distil-Whisper sm. 664 21kh (18k) 4.2 Whisper small 3.4 +0.8
AdaPTwin 80%E 568 8h (1) 5.1 Whisper small 3.4 +1.7
AdaPTwin 45% 677 8h (1) 5.6 Whisper small 3.4 +2.2

4.4 Variable degrees of compression

One of the advantages of our layer-wise fine-tuning approach is that it enables varying degrees of
compression from a single compressed and fine-tuned model by replacing any number of layers from
the original model with their compressed counterparts. This means that the level of compression
can be chosen to balance against the required performance for a given task, unlike many existing
compression techniques that necessitate re-training entirely new models.

In Figure 2, we present the performance of Whisper and Distil-Whisper models with encoders
compressed using our approach. The extent of encoder compression is increased by compressing
increasing numbers of successive encoder layers while keeping the spectral and LoRA ranks consistent
for each compressed layer. Firstly, we note that transformer encoders are highly compressible using
our method, with a maximum increase in WER of 1.9% in the case of Whisper tiny at 50% encoder
compression. Secondly, the relatively flat curves observed for larger models suggest that they are
more amenable to compression due to higher redundancy in their weight matrices. Moreover, the
absence of a rapid accumulation of errors with successively compressed layers suggests that our
approach can effectively compress encoders in even larger models. For example, in the case of
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Whisper small, the WER of the compressed model decreases to 1.64 at 45% encoder compression
compared to 1.82 for the original model. This reduction is due to the model’s adaptation to the
fine-tuned speaker. However, as compression increases, the decrease in representational power leads
to an increase in WER.

0 10 20 30 40 50

Encoder Compression %

1

2

3

4

5

6

7

W
or

d
E

rr
or

R
at

e
(W

E
R

)

Model performance with successively compressed encoder layers

Whisper tiny
Whisper base

Distil-Whisper small
Whisper small

Figure 2: WER comparison of Whisper and Distil-Whisper models on LJSpeech with varying levels
of encoder compression, while the decoder remains uncompressed. The level of compression is
increased by compressing successive encoder layers (starting from the first layer) while maintaining
consistent spectral and LoRA ranks. Larger models show greater encoder compressibility.

4.5 Ablation study on spectral adaptation and LoRA

To study the effect of using spectral and LoRA matrices for compressing Whisper models, we perform
an ablation study by comparing four different strategies for compression: (i) rank-s spectral and
rank-l LoRA (our approach), (ii) rank-(s+ l) spectral without LoRA, (iii) rank-(s+ l) LoRA without
spectral, and (iv) rank-s spectral and rank-l LoRA with only LoRA matrices being trainable.

From Table 3, we observe that although the level of compression is consistent across all four strategies,
our method, which combines spectral adaptation and LoRA, outperforms the other approaches. In case
(iii), weight matrices are essentially trained from scratch without utilizing low-rank approximations.
The poor performance underscores the effectiveness of our method in preserving the original model’s
knowledge by deriving training priors from low-rank approximations, thereby maintaining high
performance under significant compression and avoiding overfitting from fine-tuning on limited
samples.

The poor performance in case (iv) highlights the necessity of fine-tuning spectral matrices rather than
directly using low-rank approximations obtained via SVD. As discussed in Section 3.1, although
SVD provides a Frobenius norm-optimal approximation for a given rank r, it may not be the most
suitable rank-r approximation for a given dataset and task. This can be attributed to the fact that
the d-dimensional inputs to certain model layers only occupy a subspace of Rd for a wide range of
speech samples, and fine-tuning the weight matrices to optimize performance within that subspace
leads to better performance. Comparing cases (i) and (ii), we observe that incorporating LoRA
matrices instead of solely relying on low-rank approximations leads to better WER at 50% encoder
compression, showing that our approach balances retaining the original model’s knowledge with
allowing flexibility in adaptation.

Table 3: WER comparison of Whisper base with 50% encoder compression using the four strategies
discussed in Section 4.5. ra, la refer to the spectral and LoRA ranks for the attention layer while rf ,
lf correspond to the feed-forward layer. Our method (i) leads to the smallest WER.

Case ra la rf lf Trainable WER

(i) 32 8 162 18 All (Ours) 4.18
(ii) 40 0 180 0 All 4.32
(iii) 0 40 0 180 All 95.12
(iv) 32 8 162 18 Only LoRA 13.03
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4.6 Augmenting AdaPTwin with quantization for further compression

In this section, we investigate the potential for further increasing the level of compression. In Figure
3, we report the result of compressing the Whisper base encoder by up to 70%. Unlike previous
experiments, the level of compression is varied by compressing all layers of the encoder using
different spectral and LoRA ranks. We observe that compression beyond 60% results in a sharp
increase in WER, as low-rank approximations cause significant information loss, making it difficult
to recover the original model’s representations.

To address this, we combine AdaPTwin with quantization. This approach uses larger spectral
and LoRA ranks, offset by quantization (following [11]) to achieve similar levels of compression.
However, unlike post-training quantization techniques, we incorporate our fine-tuning objective from
Equation 9 with quantization to derive more optimal quantized parameters. This is given by:

min
Q(θ′)

E{Xi,Xo}[∥TQ(θ′)(Xi)−Xo∥2F ], (10)

where Q(θ′) indicates that the parameters are restricted to values allowed by the quantization level.

We make two observations from the result in Figure 3. For lower levels of compression, using
AdaPTwin alone yields better results since the information loss from low-rank approximation is
minimal, and the fine-tuning process only needs to correct errors from a single source. However,
beyond 60% compression, AdaPTwin + Quantization results in a more gradual increase in WER due
to the preservation of critical information.
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Encoder Compression %
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e
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R

)

AdaPTwin + Quantization for higher compression levels

AdaPTwin
AdaPTwin + Quantization

Figure 3: WER of Whisper base upon compressing all layers with and without quantization.

5 Limitations

In this work, we also assume that about 8 hours of speech data from the target speaker can be obtained
and recognize that any application using our model must obtain the speaker’s consent before using
their speech data for adaptation. We have not analyzed the efficacy of model adaptation to languages
beyond English or for non-native speakers. This risk can be mitigated by validating the compressed
model’s transcriptions on speech samples from the new speaker against that of the original model
before being deployed.

6 Conclusion

In this paper, we present a method for adaptive compression of transformers that jointly compresses
product-dependent pairs of weight matrices called product twins. We approximate weight matrices
using low-rank approximation and augment them using LoRA to strike a balance between retaining
the original model’s knowledge and providing flexibility for adaptation during fine-tuning. Our
method compresses Whisper and Distil-Whisper models by up to 45% while the WER stays within
1.2% of the original model for the target speaker and within 2.2% on LibriSpeech. Our method is also
highly compute and data-efficient, requiring only 8 hours of single-speaker speech data for fine-tuning.
We hope that our work helps in reducing the carbon footprint by minimizing computational costs and
improves user privacy by enabling edge-deployed ASR models.
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