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Abstract
With the increasing prevalence of voice-activated devices and
applications, keyword spotting (KWS) models enable users to
interact with technology hands-free, enhancing convenience
and accessibility in various contexts. Deploying KWS mod-
els on edge devices, such as smartphones and embedded sys-
tems, offers significant benefits for real-time applications, pri-
vacy, and bandwidth efficiency. However, these devices of-
ten possess limited computational power and memory. This
necessitates optimizing neural network models for efficiency
without significantly compromising their accuracy. To ad-
dress these challenges, we propose a novel keyword-spotting
model based on sparse input representation followed by a lin-
ear classifier. The model is four times faster than the previ-
ous state-of-the-art edge device-compatible model with better
accuracy. We show that our method is also more robust in
noisy environments while being fast. Our code is available at:
https://github.com/jsvir/sparknet.
Index Terms: keyword spotting, low-resource model, sparse
learning

1. Introduction
Keyword spotting (KWS), also known as wake word detection,
plays a crucial role in enabling voice-activated applications on
micro-controllers and edge devices. These compact models
are designed to continuously listen for specific trigger words
or phrases like ”Hey Siri,” ”Okay Google,” or custom com-
mands in constrained environments. Given the limited com-
putational resources, memory, and power available on such de-
vices, KWS models are optimized for efficiency and low latency
without compromising accuracy. Edge devices are designed to
be always operational, constantly listening for specific trigger
phrases. Upon detecting these wake-up words, the system can
activate a more sophisticated speech recognition model, either
locally on the device or remotely in the cloud. This workflow,
inherent to edge computing, offers several advantages, includ-
ing reduced power consumption, minimized bandwidth usage,
enhanced privacy, improved reliability, cost efficiency, and de-
creased response times [1].

The optimization of KWS models involves leveraging
lightweight neural network architectures, such as small-
footprint Convolutional Neural Networks (CNNs) or Recurrent
Neural Networks (RNNs), and techniques like quantization and
pruning to reduce model size and computational demands. To
be able to run KWS models on microprocessors, e.g., STM32,
two main requirements should be fulfilled. The first one is the
limited memory footprint: the random-access memory (RAM)
is used to store input/output, weights, and activation data while
running. The size of on-chip RAM (SRAM) varies from 20 KB

to 512 KB. The second one is the limited computing speed: the
number of operations per second is limited. The CPU (Cortex-
M) frequency is typically between 72 MHz and 216 MHz.
These hardware constraints limit the neural network models in
two ways: the parameter count and the number of operations.
To address overcome this limitation, small-footprint deep neu-
ral networks were proposed, e.g., [2, 3, 4, 5, 6, 7].

In this work, we leverage the sparse binarized represen-
tation learning for the KWS model. We design a fast neural
network, SparkNet, that yields accurate results that are on par
with those produced by state-of-the-art (SOTA) small models
but with much fewer multiplications. While these models uti-
lize the two-dimensional convolutions [3] or attention blocks
[5] to achieve accurate predictions, we get SOTA results with
reduced computation burn by learning binary sparse represen-
tation based on one-dimensional convolutions. Intuitively, we
propose to learn a dynamic binarization model that discards the
non-informative features in the signal and preserves those that
are helpful for prediction. Inspired by the recently proposed
SG-VAD model [8] for voice activity detection task, we learn a
sample-wise binary representation with a tiny neural network.
However, instead of jointly training the auxiliary classifier that
is fed with the binary representation multiplied by input sam-
ples, our classifier is a single linear projection layer onto the
target space and is fed by the predicted binary representation.
Learning such a binarization of the data could be viewed as
a hard compression of the input signal into a sparse represen-
tation with limited values in the [0, 1] range. In addition, we
test the model robustness at different SNR scenarios, analyze
its performance with a further decrease in the number of pa-
rameters, and provide an ablation study on model components.
In the following sections, we present the model in detail and the
experimental results for applying the method to the commonly
used KWS benchmarks.

2. Proposed Method
2.1. Method Overview

In a recent study [8], the authors introduced a network that uses
binary masking to reduce noise in an input signal for a classifi-
cation task. They also demonstrated that the network’s learned
gates can detect voice activity. Inspired by this idea, we devel-
oped a model that learns to binarize the input time-frequency
representation to enable efficient and accurate Keyword Spot-
ting (KWS). The model is optimized to predict local gates that
depend on the input samples. These gates open for informative
features in the input representation space and close for noisy or
irrelevant features. Surprisingly, the binary gates are sufficient
for predicting keywords with high accuracy, even with a single
linear classification layer.
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Figure 1: The proposed SparkNet model learns a binary rep-
resentation z by using reparameterization trick. The random
noise is added to the predicted µ ∈ [−1, 1]F×T and approx-
imate binary z is obtained by centering the values on 0.5 and
clipping n the interval [0, 1]. Only most informative features for
classification task get positive values in z.

The proposed model utilizes a small neural network as an
input binarizer that comes equipped with a single linear projec-
tion layer. This layer allows the network to project the binarized
representation into the target categories space. Unlike other dy-
namic sparsification methods such as [9] and [8], our model pre-
dicts the target without the need for element-wise multiplication
of input samples and gates during training. Instead, it relies on
the learned approximate binary representation. This reduces the
computational complexity while preserving accuracy.

The local binarizing module predicts binary z = z(x) of
the same size as its input x while the linear classifier predicts ŷ
based on average pooling of predicted z in the time dimension.
The model’s design is based on the results we present in the ab-
lation study, where we found that z themselves conditioned on
the input samples x are sufficient for the classifier to produce
accurate results. This observation is consistent with the infer-
ence architecture of the SG-VAD model, where only the binary
mask serves as a classifier for the speech detection task.

2.2. SparkNet Architecture

The architecture of our model, SparkNet, is presented in Table
1. The main building block of the model is a time channel sep-
arable convolution [10], an implementation of the depth-wise
separable convolutions. One-dimensional (1D) time channel
separable convolutions can be separated into two layers. The
first layer is a 1D depth-wise convolutional layer with a kernel
length of K. This layer operates on each channel individually
across K time frames. The second layer is a point-wise con-
volutional layer that operates on each time frame independently
but across all channels. By using these two layers, the model
can process data in time-frequency format (T × F ). This com-

pletely separates the time and channel-wise parts of the convo-
lution.

The model includes 4 blocks with a 1D time-channel sep-
arable convolution layer followed by batch normalization and
rectified non-linearity. The last three blocks also include the
residual connections. To increase the model effective size of
receptive fields, the convolutions are equipped with kernels of
widths K ∈ {11, 15, 19, 29}. In addition to the first 4 blocks,
a 1×1 convolution layer is used as an output layer, followed by
batch normalization and tanh activation.

The proposed model accepts an input sample constructed
from Mel-frequency cepstral coefficients (MFCC) features ma-
trix xi ∈ RF×T , where F is the number of frequency bins,
and T is the number of overlapping time frames. The output
linear layer projects the averaged representations across time to
12 keyword categories, where 10 are target words, one is an
”unknown” category, and one is a ”silence” category.

2.3. Sparse Binarized Representation Learning

The convolutional neural network backbone learns a repre-
sentation µi ∈ [−1, 1]F×T which is then converted to the
approximate Bernoulli variables zi, or binarized version of
x. To achieve that, we utilize a Gaussian-based relaxation of
Bernoulli variables [11]. The relaxation relies on the reparame-
terization trick [12, 13] and was demonstrated effective in sev-
eral applications [14, 15, 16]. During the training, the conver-
sion is done by adding random noise matrix ϵF×T

i to the shifted
xi and clipping the values by range [0, 1]:

zi = max(0,min(1, 0.5 + µi + ϵi)), (1)

where each value in the matrix ϵi is drawn from N (0, σ2) and
σ = 0.5 is fixed throughout training. To encourage the model
to produce sparse zi matrix, it is trained with the regularization
loss term Lsparse(zi) = ||zi||0. The loss term is approximated
using a double sum in terms of the Gaussian error function (erf)
on values of µi:

Lsparse(µi) =
1

F × T

F∑
f=1

T∑
t=1

(
1

2
− 1

2
erf

(
−µf,t + 0.5√

2σ

))
.

When using the Lsparse term, the model tries to sparsify
time-frequency bins that are associated with nuisance input fea-
tures. This helps to simplify the data and make the model more
efficient. Additionally, the classification layer propagates gra-
dients to the binarization module for features that are necessary
to accurately predict the targets.

Table 1: SparkNet layers with input shape of frequency×time,
(F × T ), the number of output channels c, stride s and dilation
d. The model consists of 4 blocks with time-channel separable
(TCS) convolutions followed by batch normalization and ReLU
activation, and an additional 1×1 convolution with batch nor-
malization, tanh activation, and output linear layer. For the
base model, we use C = 16.

Input Layer c s d residual

F×T Conv1D TCS (K=11)-BN-ReLU C 1 1 ×
C×T Conv1D TCS (K=15)-BN-ReLU C 1 1 v
C×T Conv1D TCS (K=19)-BN-ReLU C 1 1 v
C×T Conv1D TCS (K=29)-BN-ReLU C 1 1 v
C×T Conv1D (K=1)-BN-Tanh F 1 1 ×
F×T avgpool F - - -
F×1 Linear 12 - - -



2.4. Classification Learning

We propose to train a linear classifier based on the sparse binary
representation learned by a neural network. We apply average
pooling in the time dimension and project the obtained repre-
sentation vector onto the target space by a single linear layer.
The binarizer learns class-wise patterns in the original F × T
dimension that correlate with target labels. Additionally, in our
ablation study presented in Sec. 3.3, we found that the auxiliary
classifier or decoder training on binary mask multiplied by the
original input sample is redundant in the KWS task.

L = Lsparse(z) + λLce(ŷ,y) (2)

To conclude, we train the model to minimize the loss in eq.
(2) where Lce(ŷ,y) is the cross-entropy loss between the model
prediction ŷ and target y. By learning the binary representation
as a basis for the linear prediction layer, the model can be more
robust to noisy environments because it focuses on the indica-
tive time-frequency regions in MFCC representation. Table 2
shows that our model is more robust than the recently proposed
BC-Resnet state-of-the-art model at different signal-to-noise ra-
tios (SNRs), and we attribute this improvement to the sparse
binarized representation learning. Additionally, in section 3.2,
we demonstrate that while being as accurate or slightly better,
our model is much faster in terms of multiply-accumulate oper-
ations (MACs). This makes it more suitable to be run on very
low resource edge devices.

3. Experiments
3.1. Experimental Setup

Datasets We evaluate our method on Google Speech Com-
mands versions 1 (SC1) and 2 (SC2) datasets [17]. Version 1
contains 64,727 utterances from 1,881 speakers for 30 word
categories and version 2 has 105,829 utterances from 2,618
speakers for 35 words. Each utterance is 1 sec long, and the
sampling rate is 16 kHz. We divide the both datasets into
training, validation and testing set based on the validation and
testing file lists [17]. The datasets are pre-processed following
[3, 4, 17] for the keyword spotting task where only 10 words are
interesting targets, specifically: “Yes”, “No”, “Up”, “Down”,
“Left”, “Right”, “On”, “Off”, “Stop”, and “Go with two addi-
tional classes ”Unknown” (words from remaining twenty cate-
gories our of 35) and ”Silence” (silence or background noise).
We follow the common settings of [3, 17] and re-balance the
“Unknown Word” and “Silence” with the average number of
utterances in the remaining ten classes. The audio segments
are processed by extracting Mel-frequency cepstral coefficients
(MFCC) features with F = 32 bins.

Evaluation We use the top-1 accuracy metric to evaluate
the model efficacy and we compute multiply accumulate opera-
tions (MACs) to evaluate the efficiency of the method1.

Robustness to noise We evaluate the model’s robustness
to noisy environments. For that goal we train the model on
the SC2 train set without background noise augmentation and
prepare a noisy version of the SC2 test set by adding random
background noise to the original clean test set obtained from
Freesound [18] and consists of 35 categories of noises, in total
about 2,100 variable-length audio segments, such as ”motorcy-
cle,” ”Bus,” and ”Static”. For each sample in the test set, we
randomly pick noise and add it with SNR value in [0, 5, 10,
15, 20] decibels. We repeat this process 10 times with different

1Calculated by https://github.com/Lyken17/pytorch-OpCounter/

random seeds. We use the same noisy test set to evaluate the
BC-Resnet-0.625 trained on the same data as our model.

Training Setup The input was augmented with time
shift perturbations in the range of T = [−100; 100] ms and
white noise of magnitude [−90;−46] dB with a probability
of 80%. In addition, we add random background noise for
SparkNet[C = 32] with a probability of 80%. The model
was trained with the SGD optimizer with momentum = 0.9 and
weight decay = 1e − 3. We utilized the Warmup-Hold-Decay
learning rate schedule [19] with a warm-up ratio of 5%, a hold
ratio of 40%, and a polynomial (2nd order) decay for the re-
maining 85% of the schedule. A maximum learning rate of
1e − 2 and a minimum learning rate of 1e − 6 were used. We
trained all models for 200 epochs on a single NVIDIA GeForce
GTX 1080 Ti with a batch size of 128. We use the fixed value
for λ = 1e+ 2 for all experiments. The implementation of our
model is based on the NeMo toolkit [20].

3.2. Results

In the first experiment, we compare two versions of our model
with the SOTA low-resource BC-ResNet and other recently pro-
posed methods. For this comparison, we train two version of
our model, the first one with number of channels C = 16 and
in total ∼ 4.6K parameters and the second one with C = 32
and ∼ 11K parameters. The former one is compared against
BC-Resnet-0.625 which is a reduced version of BC-Resnet-
1 following the definition in [3]. The second small model is
TinySpeech-Z [5] which has no public implementation and the
results are borrowed from the published paper. For the second,
extended version of SparkNet we present the results of BC-
ResNet-1, DS-Resnet [6], res8-narrow [4] and TinySpeech-X
[5]. All models have up to 20K parameters. The accuracy and
measured MAC results are provided in Table 3. The base ver-
sion of the proposed model with C = 16 is ×4 faster than the
corresponding BC-ResNet variant while producing a slightly
improved accuracy. Our model with C = 32 is ×3 faster than
BC-ResNet-1 and ×5 - than DS-ResNet10. Additionally, the
base version SparkNet[C = 16] is more accurate than corre-
sponding BC-ResNet version and ×4 faster than it in terms of
MACs.

In the second experiment we test our model and BC-ResNet
with ∼ 4.6K parameters on noisy test set where noises are
added with varying SNRs. The mean and std accuracy results
over 10 versions for each SNR are presented in the Table 2. It
could be seen that our model is more robust to the noise than
BC-ResNet.

Finally, we challenge our model by reducing its size further
by reducing the number of output filters down to C = 4 in
the intermediate layers. We train all versions on both SC1 and
SC2 and test on the official test sets. The accuracy results are
provided in Table 4. The tiny version of the model with only
∼ 1.4K parameters and 105K MACs is able to produce a mean
accuracy of 83%.

3.3. Ablation Study

To verify the essence of different parts of the proposed model
we run experiments on the modified version of SparkNet on
SC2 dataset. For all experiments we use SparkNet[C = 16]. In
the first experiment we check how an auxiliary larger classifier
influences the training of the main model similarly to the SG-
VAD model. We train SparkNet together with MatchboxNet-
4x1x64 [2] which is fed by x ⊙ z and predicts target labels
as our main model. In this case, the loss becomes: L =



Table 2: We compare our model against BC-Resnet for robustness to noisy environments while being ∼ ×4 faster. The noisy tests are
generated at different SNRs and present the mean accuracy on each test and standard deviation on 10 test variants for each SNR.

Model / SNR 0 db 5 db 10 db 15 db 20 db clean

BC-ResNet-0.625 75.72 ± 2.73 84.47 ± 1.82 90.68 ± 1.35 92.67 ± 0.45 94.18 ± 0.20 95.40 ± 0.31
SparkNet[C = 16] 75.98 ± 2.66 85.05 ± 1.76 91.37 ± 1.16 93.58 ± 0.33 94.63 ± 0.30 95.70 ± 0.17

(a) (b)

Figure 2: 5 randomly chosen words from 5 categories in MFCC representation (a) and the predicted binary representation (b).

Table 3: Comparison of different methods trained on Google
Speech Commands v2 dataset and tested on the official test set
of keyword spotting task with 12 targets. While being with the
same accuracy and number parameters our model has ×4 less
multiply-accumulate operations (MACs)

Accuracy
Model Params MACs SC1 SC2

TinySpeech-X [5] 10.8K 10.9M 94.6 ± 0.00 -
res8-narrow [4] 19.9K 5.65M 90.1 ± 0.98 -
DS-ResNet10 [6] 10K 5.8M 95.2 ± 0.36 -
BC-ResNet-1 [3] 9,232 3.6M 96.6 ± 0.21 96.9 ± 0.30
SparkNet[C = 32] 11,500 1.2M 96.2 ± 0.19 97.0 ± 0.18

TinySpeech-Z [5] 2.7K 2.6M 92.4 ± 0.00 -
BC-ResNet-0.625 [3] 4,585 1.9M 95.2 ± 0.37 95.4 ± 0.31
SparkNet[C = 16] 4,636 454.5K 95.3 ± 0.33 95.7 ± 0.17

Table 4: The accuracy of the proposed model as a function
of number of parameters. The smallest model is still able to
produce ∼ 83% accuracy by using only 1.4K parameters and
105K MACs.

Accuracy
Model Version Params MACs SC1 SC2

SparkNet[C = 32] 11,500 1.2M 96.2 ± 0.19 97.1 ± 0.30
SparkNet[C = 16] 4,636 454.5K 95.3 ± 0.33 95.7 ± 0.30
SparkNet[C = 8] 2,292 190K 91.6 ± 0.76 92.1 ± 0.33
SparkNet[C = 4] 1,416 105K 82.3 ± 1.91 83.5 ± 0.60

Lsparse(z) + λLce(ŷ,y) + Laux
ce (ŷaux,y) where ŷaux are the

prediction labels of MatchboxNet-4x1x64. Then we train our
model without Bernoulli approximation by removing random
noise adding to network output µ, clipping and loss term Lsparse.
The model becomes a reduced version of MatchboxNet with
less parameters. We also try to integrate a decoder auxiliary
model that accepts x ⊙ z which is trained for reconstruction
task. The intuition, is that we would like to close the gates of
correlating features and preserve the sufficient input signal for
reconstruction task. So we add Lrecon(x̂,x) to the loss equation
2 where x̂ is the output from the decoder.

Table 5: Ablation study. Adding auxiliary classifier or decoder
doesn’t improve the model’s accuracy. In addition, learning
the binarized representation by Bernoulli approximation con-
tributes to the model’s performance.

Model Version Accuracy

SparkNet 95.7 ± 0.17
SparkNet + Laux

ce (ŷaux,y) 95.6 ± 0.26
SparkNet + Lrecon(x̂,x) 95.5 ± 0.32
SparkNet w/o Lsparse 94.7 ± 0.13

3.4. Binarized Representation Qualitative Analysis

We present in Figure 2 the binarized samples for 5 samples from
5 word categories (up, right, no, stop, go, left). We extract
MFCC features for each sample and add an additional layer of
open gates (with value 1). As it could be seen, the model learns
to localize the informative features and predicts sample-specific
binary patterns.

4. Conclusions

We proposed a fast neural network for the KWS task with in-
creased noise robustness. It’s trained easily and makes accu-
rate predictions while having a few number of parameters and
an increased inference speed in terms of multiply accumulate
operations. Our method is evaluated on two commonly used
benchmarks for the KWS task and found to slightly outperform
the previous SOTA small model in terms of accuracy measure-
ments while being ×4 faster in terms of MACs. We presented
the improved robustness of the model to the noisy environments
compared to the opponent model by testing the trained model at
different SNRs. While our method is proposed for supervised
KWS task, an interesting future extension for the model could
be in self-supervised learning tasks where random masks as pro-
posed in [21] are replaced by the learnable binary mask model.
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