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Abstract
Due to the rapid development of computing hardware re-

sources and the dramatic growth of data, pre-trained models
in speech recognition, such as Whisper, have significantly im-
proved the performance of speech recognition tasks. However,
these models usually have a high computational overhead, mak-
ing it difficult to execute effectively on resource-constrained de-
vices. To speed up inference and reduce model size while main-
taining performance, we propose a novel guided knowledge dis-
tillation and quantization for large pre-trained model Whisper.
The student model selects distillation and quantization layers
based on quantization loss and distillation loss, respectively. We
compressed Whispersmall to Whisperbase and Whispertiny levels,
making Whispersmall 5.18x/10.48x smaller, respectively. More-
over, compared to the original Whisperbase and Whispertiny,
there is also a relative character error rate (CER) reduction of
11.3% and 14.0% for the new compressed model respectively.
Index Terms: speech recognition, knowledge distillation,
quantization, model compression, speech pre-training.

1. Introduction
Pre-training models on large amounts of data and then fine-
tuning them on specific downstream tasks has emerged as a
powerful approach for speech recognition. Several pre-trained
audio encoders, such as Wav2vec [1], Wav2vec2.0 [2], and Hu-
bert [3], have achieved impressive results in various ASR tasks.
However, these encoders are trained in an unsupervised or self-
supervised manner, and lack decoders with comparable perfor-
mance for generating useful outputs. As a result, a fine-tuning
phase is required to map these learned representations to the
task at hand, which can be a complex process. While pre-
training provides high-quality speech representations, the need
for fine-tuning limits its practical usefulness and impact.

To solve this problem, Whisper [4], a Transformer based [5]
encoder-decoder model, was trained on massive amounts of
multilingual weakly supervised data and achieved high-quality
recognition results on various benchmarks without fine-tuning
on specific datasets. However, Whisper has a large number of
parameters and long inference times, making it unsuitable for
resource-constrained edge devices like mobile phones [6]. Re-
cent studies [7, 8] have identified redundant parameters in pre-
trained models, highlighting the need to reduce the model size
and speed up inference while maintaining performance. The
most commonly adopted approaches include knowledge distil-
lation (KD) [9, 10, 11, 12], model quantization [13, 14, 15, 16],
model structure pruning [17, 18, 19, 20], and parameter shar-
ing [21].

†

Knowledge distillation (KD) is a technique that helps trans-
fer knowledge from a large, teacher model to a smaller, stu-
dent model by selecting appropriate representational informa-
tion such as intermediate hidden layer features or output logits.
This technique has been shown to be effective in various mod-
els, including DistilBERT [22] and TinyBERT [10]. Another
popular technique for model compression is model quantiza-
tion, which involves replacing high-precision parameters with
low-precision parameters to reduce storage requirements and
improve inference speed. Two primary methods for quantiza-
tion are Post-training Quantization (PTQ) [13] and Quantiza-
tion Aware Training (QAT) [23], with the latter being the focus
of this paper. Model structure pruning is another technique that
involves identifying redundant or unimportant parameters and
removing them to reduce the number of model parameters and
speed up inference. Pruning can be applied to various parts of
the model, including entire layers [24], heads, intermediate di-
mensions [25], and blocks of the weight matrix [26]. Finally,
parameter sharing is a technique that compresses the model by
identifying parameters that can share weights. Transformer pa-
rameter sharing method has received much attention due to its
outstanding performance and ease of implementation [27].

In this paper, we present a novel approach to compress the
Whisper model for efficient inference on resource-constrained
edge devices by combining knowledge distillation and model
quantization. Our method selects optimal layers for distillation
and quantization using mutual guidance between the two tech-
niques. Specifically, the distillation layers are selected based
on the quantization loss, while the quantization layers are se-
lected based on the distillation loss. Our approach achieves
significant compression on the Whisper model, reducing its
size by 5.18x/10.48x from Whispersmall to Whisperbase and to
Whispertiny, respectively. The compressed models exhibit a rel-
ative CER reduction of 11.3% and 14.0% for Whisperbase and
Whispertiny, respectively, compared to their original counter-
parts. Our contributions can be summarized as follows: (1) We
propose a method to compress the Whisper model for resource-
constrained edge devices. (2) We propose three layer selection
strategies for knowledge distillation and quantization. (3) We
propose mutual guidance for distillation and quantization to re-
strain performance degradation during model compression.

2. Related Work
2.1. Pre-trained Model Whisper

Whisper model is trained with 680k hours of weakly supervised
data, which are mainly derived from audio and text pairs on
the Internet. Due to a large number of below-standard tran-
scripts exist in the original dataset, several automatic filtering
methods are also proposed to improve text quality. Because
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the capability of large-scale supervised speech recognition pre-
training is only studied, the general and widespread attention-
based encoder-decoder (AED) architecture is used. The stan-
dard transformer layer in the AED architecture mainly contains
two main sub-layers: multi-head attention (MHA) and fully
connected feed-forward network (FFN).

MHA(WQ,WK ,WV ) = Concat(head{1,··· ,n})WO, (1)
FFN(H) = GELU(HW1 + b1)W2 + b2, (2)

where headi = attention(W i
Q,W

i
K ,W

i
V ) is the output of at-

tention head i,WO is a linear layer to transform the output after
gathering and GELU [28] is an activation function. In this pa-
per, we focus on quantifying WQ,WK ,WV ,WO and W1,W2.

2.2. Knowledge Distillation

The purpose of knowledge distillation (KD) is to transfer
knowledge from the large teacher model to the small student
model, where the student model is trained to mimic the repre-
sentation of the teacher model. Let RT and RS denotes the
representation functions of the teacher model and the student
model, respectively. The goal of the representation function is
to convert the network input into some information represen-
tation, which can be defined as the output of any layer in the
network. During the distillation, the information in the interme-
diate hidden layer or the logits layer can be used as a represen-
tation function. Formally, KD can be modeled as minimizing
the following objective function:

LKD =
∑
x∈X

L(RT (x), RS(x)), (3)

where L is the loss function, in order to regularize the teacher
and student representation function information.

3. Methodology
3.1. Transformer Distillation

The proposed transformer distillation is mainly divided into log-
its layer and intermediate hidden layer distillation. Both distil-
lation methods are designed to make the student model better
mimic the teacher model and thus transfer the knowledge to the
student model.

3.1.1. Prediction Layer Distillation

The distillation of the prediction layer is mainly a regularization
of the output of the student model and the teacher model, we use
the prediction layer of the teacher model to fit the prediction
layer of the student model so as to pull in the distance between
them, where the loss of the distillation of the prediction layer is:

Lpred = KLD(zT /t, zS/t), (4)

where zT and zS are the logits vectors predicted by the student
and teacher respectively and t means the temperature value.

3.1.2. Intermediate Hidden Layer Distillation

Since Whisper has multiple transformer layers, we need to
know which layers of the student model match which layers
of the teacher model before the intermediate hidden layer dis-
tillation. Suppose the student network has M transformer lay-
ers and the teacher network has N transformer layers, where
N ≥ M . We need to select M layers from the N layers in the
teacher network to correspond with the student network. Then

a function Nj = f(Mi) is defined to match the layer Mi of the
student network with the layer Nj of the teacher network, that
is, the layer Mi of the student network learns the knowledge of
the layer Nj of the teacher network. Formally, the student can
acquire knowledge from the teacher by minimizing the follow-
ing objective:

Lhidn =
1

M

M∑
i=1

λiMSE(HS
i , H

T
f(i)), (5)

where HS
i and HT

f(i) denote the hidden layer feature vectors of
layer i and layer f(i) of the student model and teacher model
respectively, and λi is the hyper-parameter that represents the
importance of the i-th layer’s distillation. For the mapping func-
tion f(i) there are the following three:

1. static matching: In this thesis we set to f(i) = d i×N
M
e.

2. dynamic matching: We select the layer f(i) with the min-
imum MSE from the teacher model for each layer i of the
student model.

f(i) = argmin
j
||WAH

T
j −HS

i ||2, (6)

where WA is a linear transformation matrix.
3. restrained dynamic matching: On the basis of eq. (6) we

restrict f(i) to be a monotonically increasing function.

. . .

(a) static matching

(b) dynamic matching

(c) restrained dynamic matching

. . .

. . .. . .

. . . . . .

. . .. . .

. . . . . .

. . .. . .

Figure 1: Three proposed mapping functions mentioned in Sec-
tion 3.1.2 for intermediate hidden layer matching. Red denotes
teacher layer and Green denotes the student layer.

3.2. Model Quantization

Model quantization aims to replace the parameters of the origi-
nal model at full precision with parameters that take up less stor-
age space at lower precision, such that the entire model takes up
less space while inference is faster.

3.2.1. Uniform Quantization

For n-bit uniform quantization, the set of integers N that can be
selected by the quantization matrix in the model is defined as:

N ∈
{
0,±1,±2, . . . ,±2n−1} , (7)

For Transformer, we can construct a quantization table for each
of its linear layers. For example, the l-th linear layer of the



model, the value range of the quantized parameter Ql is shown
as follows:

Ql = αlN l ∈
{
0,±αl, . . . ,±αl (2nl−1)} , (8)

where αl represents the scaling factor of l-th layer, it flexibly
scales the parameter coverage of the current layer after quanti-
zation according to the original parameters, nl is the quantiza-
tion precision number of l-th layer.

3.2.2. Additive Power-of-Two Quantization

In recent, [29] proposes Additive Powers-of-Two (APoT) quan-
tization. In APoT quantization, each level is the sum of n
Power-of-Two (PoT) terms as shown below in (9).

Ql(αl, kn) = γl × {
n−1∑
i=0

pi}, (9)

where pi ∈ {0, 1
2i
, 1
2i+n , ...,

1

2i+(2k−2)n
}, and γl is a scaling

coefficient to make sure the maximum level in Ql is αl. k is
called the base bit-width, which is the bit-width for each addi-
tive term, and n is the number of additive terms. The quantiza-
tion operation is defined as:

g
(
W l
)
= argmin

Ql

∣∣∣W l −Ql
∣∣∣ , (10)

where g denotes the quantization operation. In the training ses-
sion of the quantization model, the quantization parameter Ql

of the l-th layer should be as close as possible to the parameter
W l of the full-precision model of the l-th layer.

3.3. Distillation and Quantization Mutual Guidance Layer
Selection

We further proposed a novel knowledge distillation and quan-
tization (KDQ) mutually guided layer selection method. Since
hidden layer requires the selection of suitable layers for dis-
tillation, we envision that the quantization loss can be used to
guide the selection of distillation layers so that the layers suit-
able for quantization can be distilled from the teacher network.
We define the quantization loss Lquan of layer l of the student
network according to eq. (10) as follows:

Ll
quan = |W l

S −Ql
S | ≈ |WAW

f(l)
T −Ql

S |, (11)

where WA and f(l) are the same as eq. (6). WS and QS are
the weight of the student network before and after quantization,
respectively. l denotes the l-th layer. Therefore, we guide the
selection of distillation layers by quantization loss, defining the
mapping function as follows:

f(i) = argmin
j
|WAW

j
T −Q

i
S |, (12)

Meanwhile, we guide the selection of the quantization layer
by distillation loss, which is obtained according to eq. (4) and
eq. (5) as follows:

Ll
kd = Lpred + βLl

hidn, (13)

where Ll
kd denotes the distillation loss of the l-th layer of stu-

dent model. We sorted Lkd = {L1
kd, L

2
kd, ..., L

m
kd} set in in-

creasing order and select the top 50% of layers and all layers
for quantization, respectively.

Eventually, the joint distillation and quantization are trained
together and the loss function for the whole model training as
follows:

Lmodel = αLkd + γLquan + (1− α)CE(ŷs, y), (14)

where ŷs and y are the output probability distribution of the
student model and the label, respectively.

4. Experiments
4.1. Experiment Setup

Our training dataset is from the 500 hours CSJ [30], and the
test set is from an 10 hours in-house Japanese (IHJ) test set and
a subset of 3 CSJ test sets mixed together for 5 hours. Our
Whisper teacher model mainly utilized Small version due to
the limited GPU memory in our hardware setup, which consists
of 12 encoder layers and 12 decoder layers with 3072 hidden
units. Each encoder and decoder layer is a transformer block
with 12 heads of 768 dimension self-attention [5]. The struc-
ture of the Base and Tiny models is shown in Table 1. We
use an 80 dimensions log Mel-Frequency Cepstral Coefficient
with 25ms window length computed every 10ms as inputs of au-
dio encoder. SpecAugment [31] as a data augmentation policy
is also used during model training. The Adam [32] optimizer
is adopted with 3e-5 initial learning rate and 10,000 warmup
steps. In eq. (14) α is 0.5 and γ is 1.0. We use 8-bit quan-
tization. Due to the limitations of GPU storage, we froze the
parameters of encoder in the training process and trained only
the decoder part. We use the same byte-level BPE text tokenizer
used in GPT-2 [33, 34] for the multilingual models. All models
are trained with in-house speech recognition toolkit Pytorch-asr
until convergence.

Table 1: A detailed description of the architecture of the three
scales of Whisper models used in this paper and their initial de-
coding results CER (%) on two test sets without any fine-tuning.

Model Layers Width Heads Size CER (%)

Tiny 4 384 6 72MB 43.08/52.58
Base 6 512 8 139MB 34.88/48.70
Small 12 768 12 461MB 21.94/44.32

4.2. Experiment Results and Analysis

4.2.1. Results of knowledge distillation

In Table 2, the first row shows the result of direct inference of
the teacher model Small without any fine-tuning, and the sec-
ond and third rows show the result of direct inference and fine-
tuning of the student model, i.e. Base and Tiny respectively.
It can be observed that Whisper can also lead to a significant
performance improvement after fine-tuning. This indicates that
Whisper’s encoder has learned better representations, and after
fine-tuning the decoder, it can map these learned representations
to the corresponding downstream tasks.

Table 2’s third block illustrates the model compression with
KD. The fourth row shows the distillation of the logits layer,
while the following three lines indicate the addition of various
layer matching methods. The compressed new model by KD
logits (fourth row) exhibited a 7.7% and 10.2% relative CER
reduction compared to the third row on Base and Tiny, respec-
tively. Moreover, combining the compressed new model by KD
logits with our proposed three hidden layer matching methods,



Table 2: CER (%), Model Size and Compression ratio comparison of different setups on CSJ corpus. Logits denotes distillation
of only logits layer, and uniform indicates uniform quantization of all layers. The two numbers in this column of IHJ/CSJ are the
CERs (%) of IHJ and CSJ test sets respectively. Avg indicates the averaged CER (%) on these two test sets. Compres. denotes the
compression ratio compared to the teacher model. Size indicates the storage of the model on the disk. Small→Base/Tiny means that
Small is compressed to Base or Tiny size.

Method Small→ Base Small→ Tiny
IHJ/CSJ Avg Size Compres. IHJ/CSJ Avg Size Compres.

1. Teacher w/o fine-tuning 21.94/44.32 33.13 461MB 1.0× 21.94/44.32 33.13 461MB 1.0×

2. Student w/o fine-tuning 34.88/48.70 41.79 139MB 3.32× 43.08/52.58 47.83 72MB 6.40×3. + fine-tuning 29.07/39.10 34.09 35.05/42.17 38.61

4. KD logits 25.04/37.87 31.46

139MB 3.32×

30.01/39.34 34.68

72MB 6.40×5. + static matching 23.39/37.78 30.59 29.85/38.90 34.38
6. + dynamic matching 24.53/38.87 31.70 30.39/38.94 34.67
7. + restrained dynamic matching 23.24/36.54 29.89 29.23/37.99 33.61

8. KDQ logits APoT-all 31.90/43.17 37.54

89MB 5.18×

43.16/46.37 44.77

44MB 10.48×9. + static matching 31.18/42.24 36.71 42.98/44.23 43.61
10. + dynamic matching 32.21/44.24 38.23 43.28/45.64 44.46
11. + restrained dynamic matching 30.36/41.27 35.82 41.76/43.69 42.73

12. KDQ logits APoT-top50% 29.17/42.36 35.77

114MB 4.04×

39.07/41.13 40.10

58MB 7.95×13. + static matching 29.02/41.79 35.41 38.83/40.84 39.84
14. + dynamic matching 30.24/42.63 36.44 39.24/42.01 40.63
15. + restrained dynamic matching 28.79/40.03 34.41 37.95/39.67 38.81

16. KDQ logits uniform 25.89/38.29 32.09

89MB 5.18×

30.53/39.55 35.04

44MB 10.48×17. + static matching 24.37/38.22 31.30 30.39/39.22 34.81
18. + dynamic matching 25.07/38.78 31.93 30.60/39.93 35.27
19. + restrained dynamic matching 23.86/36.63 30.25 28.16/38.25 33.21

such as static matching (fifth row), resulted in a relative CER re-
duction of 10.3% and 11.0% compared to the third row on Base
and Tiny. These results demonstrate that the joint distillation of
the logits layer and hidden layer enhances the student model’s
learning ability.

However, this is not always the case, and some performance
degradation may occur, for example, when dynamic matching
is left unrestricted (sixth row). Because the distillation match-
ing of the student model for the intermediate hidden layer picks
the most matching layer by minimizing MSE with the teacher
model, it may appear that the shallow layer of the student model
learns the deep layer of the teacher model and the deep layer of
the student model learns the shallow layer of the teacher model,
which is obviously unreasonable. Therefore, we add a mono-
tonically increasing restriction to the mapping function to avoid
this situation.

4.2.2. Results of mutual guidance by APoT quantization and
distillation

The fourth block in Table 2 shows the experimental results of
quantizing the full decoder layer by KD and APoT quantization.
Compared to the third row, our new model, after compressing
through distilling logits and the restrained dynamic matching
hidden layer, and quantizing the full decoder layer (eleventh
row), obtained an absolute 1.73% and 4.12% CER performance
degradation on Base and Tiny respectively. But we compressed
the Base/Tiny model from 139MB/72MB to 89MB/44MB.

To mitigate the performance degradation brought by APoT
quantization, we quantize by picking only 50% of the layers
when selecting which layers to quantize, where the quantization
layer selection strategy has been elaborated in Sec 3.3. The 5-th
block in Table 2 shows the experimental results of quantizing
50% of the decoder layers by APoT quantization. It shows that

restrained dynamic matching Base and Tiny (fifteenth row) have
almost no performance degradation compared to the third row,
but we compressed the Base/Tiny model from 139MB/72MB to
114MB/58MB, respectively. This proves that we can achieve
the purpose of mitigating the performance degradation from
model quantization by picking the right layers to quantize. For
the case of large performance degradation of APoT quantiza-
tion, we speculate that it may be that this non-uniform quanti-
zation impairs the attention of the MHA of the transformer.

4.2.3. Results of mutual guidance by uniform quantization and
distillation

The last block of Table 2 shows the results of KD and uni-
form quantization, where we quantize all layers of the student
model in decoder. Compared to the third row, the best results of
our new compressed model on Base and Tiny (nineteenth row)
obtained a relative CER reduction of 11.3% and 14.0%, com-
pressing the model from 139MB/72MB to 89MB/44MB, which
means improving the compression ratio from 3.32x/6.40x to
5.18x/10.48x, respectively. Moreover, compared to the teacher
model (first row), we compressed it from 461 MB to 89 MB and
44 MB, i.e., 5.18 times and 10.48 times smaller, respectively.
It is demonstrated that our method is effective in compressing
large models to small models.

5. Conclusions
In this paper, in order to solve the problem that the model size of
the current pre-training model Whisper is too large and not con-
venient to use, we propose a knowledge distillation and quanti-
zation mutual guidance layer selection method for compressing
the model, and also propose three matching methods for the in-
termediate hidden layer of the student model and the teacher
model during knowledge distillation. Finally, on the Japanese



CSJ dataset, our approach achieves significant compression on
the Whisper model, reducing its size by 5.18x/10.48x from
Whispersmall to Whisperbase and to Whispertiny, respectively. The
compressed models exhibit a relative CER reduction of 11.3%
and 14.0% for Whisperbase and Whispertiny, respectively, com-
pared to their original counterparts.
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