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Distil-DCCRN: A Small-footprint DCCRN
Leveraging Feature-based Knowledge Distillation in

Speech Enhancement
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Abstract—The deep complex convolution recurrent network
(DCCRN) achieves excellent speech enhancement performance by
utilizing the audio spectrum’s complex features. However, it has a
large number of model parameters. We propose a smaller model,
Distil-DCCRN, which has only 30% of the parameters compared
to the DCCRN. To ensure that the performance of Distil-
DCCRN matches that of the DCCRN, we employ the knowledge
distillation (KD) method to use a larger teacher model to help
train a smaller student model. We design a knowledge distillation
(KD) method, integrating attention transfer and kullback-Leibler
divergence (AT-KL) to train the student model Distil-DCCRN.
Additionally, we use a model with better performance and a
more complicated structure, Uformer, as the teacher model.
Unlike previous KD approaches that mainly focus on model
outputs, our method also leverages the intermediate features
from the models’ middle layers, facilitating rich knowledge
transfer across different structured models despite variations
in layer configurations and discrepancies in the channel and
time dimensions of intermediate features. Employing our AT-
KL approach, Distil-DCCRN outperforms DCCRN as well as
several other competitive models in both PESQ and SI-SNR
metrics on the DNS test set and achieves comparable results
to DCCRN in DNSMOS. Audio samples are available at https:
//rdhan3.github.io/Distil DCCRN demo/

Index Terms—speech enhancement, knowledge distillation

I. INTRODUCTION

SPEECH enhancement (SE) aims to remove the interfer-
ence and preserve the speech from the noisy mixture.

With the advent of data-driven deep learning approaches, SE
models can directly learn the relationship between speech and
noise from large paired clean-noisy speech datasets and gain
a strong ability in noise suppression. More recent approaches
prefer using time-frequency (TF) domain models [1], [2], [3],
which have achieved excellent performance by enhancing the
noisy speech’s real and imaginary components. DCCRN [1]
is a popular model for TF domain speech enhancement, and
many subsequent works focus on refining this model [4], [5],
[6], [7], [8], [9], [10], [11], [12].

While the approaches above have achieved remarkable
performance, they rely on complicated module designs that
improve the model’s feature extraction capabilities. However,
these designs involve a large number of parameters, making
them unsuitable for many parameter-limited small-footprint
applications.
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In this paper, we aim to design a model with significantly
fewer parameters than DCCRN yet achieves comparable per-
formance. Knowledge distillation (KD) methods, which trans-
mit knowledge from a larger teacher model to a smaller student
model, are widely used to decrease model size while main-
taining comparable performance. Recently, KD has evolved
from focusing solely on models outputs [13], [14], [15],
[16] to using intermediate features, the outputs from models’
middle layers, which hold richer information than model
outputs [17], [18], [19], [20]. Using a more complicated and
high-performing teacher model generally yields better results.
However, it also creates significant structural discrepancies and
variations in the dimensions of intermediate features between
the teacher and student models. To fully distil intermediate fea-
tures with inconsistent dimensions, several methods have been
proposed [21], [22], [23], [24]. However, these approaches are
primarily aimed at addressing the variations in the channel
dimensions. In the case of audio, the information in the time
dimension is also critically important.

TF domain SE models, including DCCRN, require convert-
ing audio from the time domain to the TF domain using short-
time-fourier-transform (STFT). Due to different requirements
of latency time in applications, the teacher and the student
models may have different STFT configurations, particularly
in hop lengths, which leads to variations in the time dimension
of intermediate features. Previous KD methods like attention
transfer (AT) [25] are less effective when both channel and
time dimensions are compressed. This complexity makes the
features too intricate for the student model to learn directly. To
overcome this, we design a new KD method, AT-KL, which
combines AT with Kullback-Leibler (KL) [26] divergence.
Incorporating KL divergence offers the advantage of aligning
the student model’s intermediate features distribution with the
teacher model, improving the learning process. This AT-KL
approach enables the student model to learn the probability
distribution of the teacher’s compressed features more effec-
tively, significantly enhancing its performance.

By adopting the AT-KL KD method, we propose a small
model, Distil-DCCRN, as the student model, which effectively
learns the knowledge from a larger and more complicated
teacher model, Uformer [2]. Experiments conducted on the
DNS dataset show that our proposed Distil-DCCRN achieves
DNSMOS [27] comparable to that of DCCRN, with only 30%
of the parameters of the DCCRN. Remarkably, the PESQ [28]
and SI-SNR [29] of Distil-DCCRN surpass those of DCCRN
as well as several other state-of-the-art (SOTA) models.
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Fig. 1. The overall structure of our proposed AT-KL knowledge distillation method. We use Uformer [2] as the teacher model and Distil-DCCRN as the
student model. For STFT configuration, their hop lengths are µ and ν, respectively.

II. METHODS

A. Overall Structure

To better validate the effectiveness of the KD method we
proposed, AT-KL, we choose Uformer [2] as the teacher
model and a dimensionally compressed DCCRN [1] model
as the student model, which is named Distil-DCCRN. Their
model structures, along with the sizes of the channels and
time dimensions of intermediate features, are all different.
As shown in Figure 1, Uformer is a well-designed model
that successfully integrates the U-Net structure with attention
and performs excellently in speech enhancement. The overall
structure of the student model, Distil-DCCRN, is similar to
the original DCCRN, using a U-Net structure with long-short-
term-memory (LSTM) layers inserted between the encoder
and decoder. In Distil-DCCRN, the number of channels in
some convolutional and deconvolutional layers of the encoder-
decoder and the number of hidden neurons in LSTM layers
are decreased compared to the original DCCRN, which is
a standard method for decreasing the model’s number of
parameters.

The AT-KL method implements KD layer by layer between
the encoders and decoders of teacher and student models and
employs standard distillation between the output of the two
models [13].

B. Attention Transfer

As mentioned in [25], the absolute value of a hidden neu-
ron’s activation can indicate the neuron’s importance regarding
the specific input. Hence, by considering the absolute values
of elements in tensor X , we can construct an activation map
by calculating statistical measures of these values along a
particular dimension. Based on this principle, compressing
tensor X along a particular dimension can still preserve a
significant amount of useful information. Therefore, we use AT
to compress a specific dimension of the model’s intermediate
features, aligning the dimensions of intermediate features
between the teacher and student models while retaining a large
amount of useful information from the teacher model to guide
the student model.

In our study, teacher and student models have misaligned
time and channel dimensions. To fully leverage the features of
the teacher model in both the time and channel dimensions,

we design separate attention transfer mechanisms for each
dimension.

1) Time Dimension: In TF domain models, audio signals
must first undergo the STFT to transition from the time domain
to the TF domain. However, throughout the training phase of
the model, the application of varying scenarios necessitates
different STFT hop lengths for different models. This leads
to a misalignment in the time dimensions of the intermediate
features across models. To address this issue, we propose a
time dimension AT method that aligns the time dimensions
of the teacher and student models while preserving useful
information, thereby facilitating KD.

We define the activation map of the intermediate features
in the teacher model as XT ∈ CN×F×T , where N , F ,
and T represent the channel, frequency, and time dimensions,
respectively. The time dimension AT takes the activation map
XT as input and compresses the time dimension, which is
defined as Ft:

Ft : CN×F×T → CN×F (1)

Ft(X
T ) =

T∑
i=1

|XT
i |λ (2)

where XT
i = XT (; ; i) represents activation maps with differ-

ent time dimensions for the teacher model and the student
model. λ representing the mapping strength for the time
dimension is set to 2, as done in previous works [25], [21].
The absolute value of the activation map can be used as an
indicator of importance, as suggested in [25]. Therefore, we
employ this method to compress the time dimension, facilitat-
ing knowledge transfer between the teacher and student. We
apply an l2− norm to Ft(X

T ) to obtain the time dimension
compressed activation map Y T : Y T = F (XT )

||F (XT )||2 .
Similarly, we define the activation map of the intermediate

features in the student model as XS ∈ CN×F×T , using the
same method to compress the time dimension, which results
in the dimension compressed activation map Y S .

2) Channel Dimension: Effective U-Net structured SE
models often have more channels in convolution and decon-
volution layers in their encoder-decoder modules [1], [2]. This
is because an increase in the number of channels enables
the model to extract richer features, which aids in capturing



JOURNAL OF LATEX CLASS FILES, VOL. 14, NO. 8, AUGUST 2015 3

complicated information within the input signal [5]. Each
layer of the encoder can be seen as a feature extractor
that, with increased depth, can extract higher-level features.
However, this inevitably results in a more significant number
of model parameters. A standard method to reduce the model’s
parameter count is by decreasing the number of channels in
both the encoder and decoder. Based on this, we propose a
channel dimension AT, which aligns the channel dimensions
of the teacher and student models while ensuring that valuable
information in the channel dimension of the teacher model’s
intermediate features is preserved.

Similar to the principle of time dimension AT, we compress
the channel dimension. It is important to note that we only
process activation maps where the teacher and student models
have different numbers of channels. We define the activa-
tion map of the intermediate features in the teacher model,
which has already been compressed in the time dimension,
as Y T ∈ CN×F , where N and F represent the channel
and frequency dimensions, respectively. We define the channel
dimension mapping function Fc:

Fn : CN×F → CF (3)

Fn(Y
T ) =

N∑
j=1

|Y T
j |λ (4)

where Y T
j = Y (j; ), j represents the activation maps with

different channel dimensions between the teacher and student
models. λ represents the mapping strength for the channel
dimension, set to 2, the same as for the time dimension AT.
Then, apply the l2− norm to Fc(Y

T ) to obtain the time and
channel dimensions compressed activation map ZT : ZT =

Fc(Y
T )

||Fc(Y T )||2 .
Similarly, we define the time dimension compressed activa-

tion map of the intermediate features in the student model as
Y S ∈ CN×F and process the activation maps with different
channel dimensions from the teacher model using channel
dimension AT, consistent with the method described above,
to obtain ZS .

We define the loss function between the compressed acti-
vation maps of the student and teacher models as follows:

LAT =

T∑
i=1

∥∥Y T
i − Y S

i

∥∥
λ
+

N∑
j=1

∥∥ZT
j − ZS

j

∥∥
λ

(5)

where i represents the activation map of intermediate features
with different time dimensions and j represents the activation
map of intermediate features with time and channel dimen-
sions differences. λ is set to 2, as done in [21].

C. AT-KL

After AT in two dimensions, the intermediate features of the
teacher model are not easily learned directly by the student
model. Therefore, we make the student model to learn the
probability distribution of the teacher model’s intermediate
features, a task well-suited for applying KL divergence. To
make the student model’s prediction of intermediate features
as close as possible to the teacher model, thereby reducing the

difference in their distributions, we need to minimize the KL
divergence. Since KL divergence is a measure of probability,
we convert the compressed activation maps of the student and
teacher models after AT (Y S , ZS and Y T , ZT ) into probability
distributions P and Q using the softmax function in advance.
Hence, the loss function for KL divergence is defined as:

LAT−KL =

n∑
i=1

pi log

(
pi
qi

)
(6)

n represents the dimension of the frequency axis, and pi and
qi represent the probability distributions of the intermediate
features at the i th frequency bin for the student model and
teacher model, respectively.

D. Knowledge Distillation Method

When distilling intermediate features, each layer of the
encoder-decoder in both the student and teacher models needs
to be distilled. For layers with the same channel dimensions,
it is only necessary to compress the time dimension using the
time dimension AT. However, for layers with different channel
dimensions, both time and channel dimension AT must be used
to compress both dimensions sequentially. Subsequently, we
calculate the KL divergence between the intermediate features
activation maps of the teacher and student models, enabling the
student model to learn the teacher model’s feature distribution
further.

In addition to distilling the intermediate features, we also
use the teacher model’s output as soft labels to distil the
student model’s output. Since the output of the teacher network
is unbounded, it may provide confusing guidance to the student
model [21]. Therefore, we further constrain the training of the
student network using ground truth hard labels. We employ the
SI-SNR loss [29] as the loss function for the distilled model
outputs, which is represented as follows:

LSI-SNR = αLSI-SNR(hard)
+ (1− α)LSI-SNR(soft) (7)

where α and 1−α is the weight of these loss functions. When
α is set to 0.5, the model performs best.

The loss function of the overall distillation part is defined
as follows:

LKD = βLSI−SNR + γLAT + ηLAT−KL (8)

where β, γ and η represent the weight of each loss function.
To balance the numerical relationships among the three loss
functions, we set β = 1, γ = 1, η = 60 after multiple
experiments.

During the model training phase, we first pre-train the
teacher model. Then, its parameters are frozen, and the inter-
mediate features and output results are distilled. The student
model does not require pre-training.

III. EXPERIMENTAL RESULTS AND DISCUSSION

A. Datasets

We train the teacher and student models using the same
DNS dataset [30] to compare with other models. The data
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simulation method is entirely consistent with that in [1]. In
the evaluation phase, we use the test set from the DNS
dataset for evaluation and select PESQ [28], SI-SNR [29], and
DNSMOS [27] as the evaluation metrics for comparison.

B. Training Setups

In experiments, we select the Uformer as the teacher
model [2]. The STFT window length is 25 ms, with a
hop length of 10 ms. The encoder consists of 6 layers of
convolutions, with the number of output channels for each
convolution layer being [16, 32, 64, 128, 256, 256], and the
decoder has the inverse configuration.

We design a student model named Distil-DCCRN, which
has a structural resemblance to DCCRN [1] and is also causal.
Unlike DCCRN, Distil-DCCRN possesses fewer channels in
its encoder and decoder, and the number of hidden neurons in
its middle layer LSTM is also decreased. This design strategy
results in Distil-DCCRN having total parameters of only 1.1M,
which is only 30% of DCCRN’s parameters. Specifically,
the STFT window length of Distil-DCCRN is set to 25ms
with a hop length of 6.25ms. The encoder consists of six
convolutional layers, with the number of output channels for
each layer being [16, 32, 64, 64, 128, 256]. The LSTM layers
contain 64 hidden neurons.

We choose the winning solution of DNS, DCCRN, as the
baseline for comparison, with 3.7M parameters. The output
channel numbers for each convolution layer in the encoder
are [16, 32, 64, 128, 256, 256], with the LSTM layers having
256 hidden neurons.

Additionally, we compare our models with four other
SOTA models with similar parameter counts, namely the
Subband Model [31], FullSubnet [32], GRU-512 [33], and ES-
Gabor [34]. By comparing these well-designed models, further
evidence is provided to illustrate the powerful capability of our
proposed AT-KL KD method.

During the experiments, we employ the Adam optimizer for
training, with an initial learning rate of 0.001, halved whenever
the loss increases on two consecutive validation sets.

C. Experimental Results and Discussion

As shown in Table I, the teacher model Uformer performs
the best, but its parameter count is significantly higher than
the other models, reaching 8.8M.

Compared to the structurally similar DCCRN, the student
model Distil-DCCRN, with the assistance of AT-KL KD,
achieves higher PESQ and SI-SNR, while the DNSMOS score
is also basically the same as DCCRN. Moreover, the number of
parameters of Distil-DCCRN is 70% less than that of DCCRN,
and the FLOPs are reduced from 15.7G to 7.4G, only half
of DCCRN. Furthermore, DCCRN has become an antiquated
design, while numerous contemporary designs enable models
to perform similarly to or superior to DCCRN with a decreased
number of parameters. However, with the use of AT-KL,
Distil-DCCRN matches the performance of SOTA lightweight
models, including SubbandModel, FullSubnet, GRU-512, and
ES-Gabor, with the only exception being a slight deficit of
0.03 in the WB-PESQ metric compared to ES-Gabor. This

underscores the effectiveness of our proposed AT-KL KD
approach, which enables simple structured student models to
significantly learn the teacher model’s capability in extracting
speech features.

TABLE I
COMPARISON OF THE EVALUATION RESULTS OF DIFFERENT MODELS ON

THE DNS NO REVERB TEST DATASET.
Method Params (M) WB-PESQ NB-PESQ SI-SNR DNSMOS

Uformer (Teacher) 8.82 3.02 3.50 19.09 3.41

DCCRN [1] 3.74 2.74 3.26 17.71 3.22
SubbandModel [31] 1.82 2.55 3.24 - -
FullSubnet [32] 5.6 2.78 3.30 - -
GRU-512 [33] 3.41 2.46 - - -
ES-Gabor [34] 1.43 2.83 - - -
Distil-DCCRN 1.10 2.80 3.31 17.80 3.21

D. Ablation study
Table II presents the ablation study metrics for Distil-

DCCRN, detailing the performance impact of each component
on NB-PESQ and SI-SNR. Distil-DCCRN, trained directly
without undergoing distillation, achieved an NB-PESQ score
of 3.04 and an SI-SNR of 15.78. Distilling only the output
results in slightly improved performance, and incorporating AT
increased NB-PESQ to 3.23 and SI-SNR to 17.61. Layer-by-
layer distillation using KL divergence on the encoder-decoder
also yields improvements, with increases of 0.2 and 1.93
in NB-PESQ and SI-SNR, respectively. The best results are
obtained by combining AT and KL across all layers, reaching
an NB-PESQ of 3.31 and an SI-SNR of 17.81. Additionally,
separate distillations using KL divergence only on the encoder
or decoder show performance gains, indicating the necessity
of utilizing intermediate features from both the encoder and
decoder in the KD process.

TABLE II
ABLATION STUDY RESULTS ON THE DNS NO REVERB TEST DATASET.

Method NB-PESQ SI-SNR

Distil-DCCRN (Trained directly) 3.04 15.78
Distil the model output 3.12 16.40

+ AT 3.23 17.61
+ KL (Encoder only) 3.22 17.65
+ KL (Decoder only) 3.20 17.20
+ KL (All layers) 3.24 17.71
+ AT + KL 3.31 17.81

IV. CONCLUSION

This study presents an AT-KL KD method that leverages
misaligned intermediate features across time and channel
dimensions between teacher and student models. Despite
decreasing the number of the model’s parameters by over
70%, our AT-KL approach enables the student model, Distil-
DCCRN, to achieve DNSMOS comparable to that of DCCRN.
Moreover, the PESQ and SI-SNR of Distil-DCCRN not only
meet but also exceed those of DCCRN and several other SOTA
models. Our experiments on the DNS dataset demonstrate that
the AT-KL KD method empowers our smaller, structurally
simpler student model to compete with the performance of
the latest, well-designed SOTA models. Notably, our proposed
AT-KL KD method relies on the versatile U-Net architecture,
demonstrating its wide-ranging applicability.
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