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Abstract

In recent years, artificial intelligence (AI) has advanced significantly in speech
recognition applications. Speech-based interaction with digital systems, partic-
ularly AI-driven digit recognition, has emerged as a prominent application.
However, existing neural network-based methods often neglect the impact of
noise, leading to reduced accuracy in noisy environments. This study tackles
the challenge of recognizing the isolated spoken Persian numbers (zero to nine),
particularly distinguishing phonetically similar numbers, in noisy environments.
The proposed method, which is designed for speaker-independent recognition,
combines residual convolutional neural network and bidirectional gated recurrent
unit in a hybrid structure for Persian number recognition. This method employs
word units as input instead of phoneme units. Audio data from 51 speakers of
FARSDIGIT1 database are utilized after augmentation using various noises, and
the Mel-Frequency Cepstral Coefficients (MFCC) technique is employed for fea-
ture extraction. The experimental results show the proposed method efficacy
with 98.53%, 96.10%, and 95.9% recognition accuracy for training, validation,
and test, respectively. In the noisy environment, the proposed method exhibits
an average performance improvement of 26.88% over phoneme unit-based LSTM
method for Persian numbers. In addition, the accuracy of the proposed method
is 7.61% better than that of the Mel-scale Two Dimension Root Cepstrum Coef-
ficients (MTDRCC) feature extraction technique along with MLP model in the
test data for the same dataset.

Keywords: Spoken Digit Recognition, Data Augmentation, Convolutional Neural
Network, Bidirectional Gated Recurrent Unit
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1 Introduction

With the rapid advancement of technology, artificial intelligence (AI) has found its
applications in various signal processing fields, including audio and speech processing,
image processing, and machine vision [1–3]. One of the most natural and intuitive ways
for humans to communicate is through alphabets and numbers. Numbers hold signifi-
cant importance in everyday speech, such as in financial transactions, phone numbers,
reservation systems, and credit card passwords. To enhance human interaction with
digital systems, AI has been leveraged to recognize spoken numbers, eliminating the
need for physical inputs such as pressing number keys. Consequently, AI-based speech
and digit recognition, has garnered considerable attention.

Numerous research studies have been conducted in the field of spoken number
recognition. Homayounpour et al. [4] presented a comprehensive review in 2003, explor-
ing methods based on hidden Markov models (HMMs) and MLP neural networks,
and their combinations to recognize Persian numbers for both continuous and dis-
crete cases. The best recognition accuracy was achieved using the HMM-based neural
network, with 99.1% for discrete numbers and 83.7% for continuous numbers in the
FARSDIGIT1 database [5].

In 2008, the application of Hierarchical Temporal Memory (HTM), traditionally
used in the image processing, was explored for automatic isolated digit recognition [6].
The results, including a 8.57% Word Error Rate (WER), demonstrate an initial
promise. Also, in [7], researchers introduced a novel voice recognition system for Ara-
bic digits to facilitate the use of special electronic reading devices for individuals with
limited or no visual ability. This system, based on a Gaussian mixture model (GMM)
classifier and Delta-Delta Mel-Frequency Cepstral Coefficients (MFCC) for feature
extraction, achieved a digit recognition accuracy of %99.3.

In recent years, speech recognition powered by deep neural networks (DNN) has
gained significant interest. Danashri et al. [8] presented a discrete number recognition
system in 2016 based on a DNN, initializing it with a Deep Belief Neural Network
(DBN). The system achieved recognition accuracy of 86.06% on English data from the
TIDIGIT database [9]. In 2020, a Convolutional Neural Network (CNN) was employed
to recognize Pashto discrete numbers [10]. The method employed the MFCC technique
to generate feature vectors from audio data and constructed a neural network archi-
tecture with four deep convolutional layers using the ReLU activation function and a
maximum pooling layer. The average recognition accuracy of 84.17% was reported for
Pashto numbers.

While these DNN-based methods have demonstrated substantial progress, an
aspect that was not received sufficient attention is the impact of noise on the speech
recognition accuracy. In [11], an LSTM-based network was presented that investigates
the effect of noise on the number recognition. The method categorizes discrete numbers
into groups with similar phonetic characteristics and trains an LSTM neural network
for each class, independently. The quality of number recognition is 91.7% in noise-free
conditions, but it drops to an average of 69.22% when various noises are added to the
audio data.

Recently in 2022, the combination of multi layer perceptron (MLP) and Mel-scale
Two Dimension Root Cepstrum Coefficients (MTDRCC) feature extraction method
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was used for number recognition in the noisy conditions [12]. The method of the
MTDRCC feature extraction includes pre-processing, audio segmentation, Hamming
window, discrete Fourier transform, Gaussian filter, cosine transform and inverse
Fourier transform, respectively. The recognition accuracy of this method for Persian
numbers was reported 98.85% in noise-free conditions and 88.49% in noisy conditions.

Building on the capabilities of neural networks, Viriri et al. [13] combined a recur-
rent neural network (RNN) and an LSTM, in 2022, achieving an impressive accuracy
of 99% on English numbers data. Similarly, Sotisna et al. [14], utilized transfer learning
networks, like AlexNet and GoogleNet, for speech recognition, reporting recognition
accuracies of 72% for AlexNet and 66% for GoogleNet.

In a more recent development in 2023, a deep CNN architecture was proposed
for isolated spoken digit recognition in Bengali [15]. This model, utilizing a unique
hybrid feature extraction, including MFCC, Spectral Sub-band Energy (SSE), and
Log Spectral Sub-band Energy (LSSE), achieved a test accuracy of 98.52%.

On the other hand, to tackle the challenge of limited data for many non-English
languages, the data augmentation has been found as an effective approach. Lunas
et al. [16] employed data augmentation techniques, including adding white noise and
changing the sound’s length, to increase the number of input data. They used the
Markov model for recognition after applying their augmentation methods to 100 raw
data. Tom Ko et al. [17] also worked on data augmentation by incorporating noise and
room simulation techniques to expand their input dataset. Their approach involved
increasing an original 300-hour dataset to 900 hours and using MFCC and BiLSTM
for audio recognition.

In this paper, we introduce a novel approach for Persian digit recognition. Our work
focuses on the challenges posed by the Persian language, particularly in recognizing
digits. The significant aspects of our proposed method are as follows:

• Data Augmentation for Robustness: We employ data augmentation techniques
to increase the robustness of our system, even with limited inputs.

• MFCC Technique for Feature Extraction: The MFCC technique is utilized
for effective feature extraction.

• Word Unit usage: Instead of traditional phoneme units, we use word units as
input. This choice aims to decrease the effect of similar phonemes, leading to a
better recognition accuracy.

• Hybrid Network Architecture: We propose a hybrid network architecture that
combines Residual CNN and bidirectional gated recurrent unit (GRU), using the
strengths of both architectures to improve the overall performance in Persian digit
recognition.

In addition to addressing the problem of digit recognition in the Persian language,
our method investigates the effects of various noises, including monotonous horns,
nature sounds, vehicle movement sounds, humming sounds, and factory sounds, on
the speech recognition performance.

The rest of this paper is organized as follows: Section 2 describes the audio data
generation method used for training and testing the proposed DNN. Section 3 delves
into the architecture of the DNN used in the study and implementation of the proposed
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method. Section 4 presents the results of the experiments, which are analyzed in detail.
Finally, Section 5 concludes by providing summaries and key takeaways from the study.

2 Datasets

The audio data used in this research, consists of recordings from 51 speakers in the
FARSDIGIT1 database [5]. This database contains both discrete and continuous Per-
sian numbers ranging from zero to nine. The recordings were made using a telephone
system, with a signal-to-noise ratio (SNR) of approximately 8.8 dB. The audio files
were prepared using telephone software and a sound card with a sampling rate of
11025 Hz. The conversations were recorded over normal telephone lines, both intra-
city and inter-city (long distance). The recordings used were from 31 male speakers
with ages ranging from 12 to 61 years, and 20 female speakers with ages between 14
to 52 years. Each speaker recorded the numbers zero to nine discretely, in one to two
sessions, with a time interval of 7 to 30 days. There are 10 repetitions of each number
from each speaker, resulting in a total of 510 audio data samples for each number.

To prevent the overfitting of the neural network, in this work, we do the data
augmentation on the dataset. To this end, several data augmentation methods are
employed, including:

• Changing Sound Speed [16]: The speed of sound is decreased or increased.
• Reverb Filter [17]: A reverb filter is applied to simulate different acoustic environ-
ments.

• Background Noise [18]: Various background noises are added to the audio data.
• Hall Environment Simulation [19]: The hall environment is simulated to introduce
additional variations.

The data augmentation methods were applied with different probabilities: 70% for
applying the noise, 15% for changing the sound speed, 7.5% for applying the reverb
filter, and 7.5% for simulating the hall environment.

The selected noises added to the input data encompassed horn noise, nature sounds,
car and engine sounds, buzzing sounds, and industrial center sounds. For each type of
the noise, 10 samples with SNRs of 0, 5, 10, 15, and 20 dB were used.

Specific considerations drive the selection of probabilities for applying various data
augmentation methods. A 70% probability for applying noise was chosen to introduce
diversity in background noise levels, allowing for a broad range of Signal-to-Noise
Ratios (SNR). Setting a 15% probability for changing sound speed aimed to explore
variations in audio characteristics. Additionally, a 7.5% probability for applying the
reverb filter and another 7.5% for simulating the hall environment were selected based
on the similarity in their shape features. This deliberate distribution ensures a proper
division of augmentation techniques, contributing to a comprehensive exploration of
diverse audio scenarios in the dataset.

After applying the data augmentation techniques, the number of input data sam-
ples increased by a factor of 5. Consequently, the augmented dataset consisted of 2550
data samples for each digit, leading to a total of 25,500 data samples. Figure 1 shows
the abundance chart of the resulting data augmentation.
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Fig. 1 Input data count after data augmentation.

This augmented dataset allows for more robust training of the DNN, taking into
account various real-world scenarios and challenging noise situations that can occur
during the spoken digit recognition.

3 The Proposed Spoken Digit Recognition Method

The proposed method includes three main stages:

• Data augmentation technique described in Section 2.
• Speech feature extraction using the MFCC technique.
• The proposed neural network architecture.

3.1 Speech Feature Extraction using the MFCC Technique

Feature extraction is a crucial step in the speech recognition process. Raw audio data
is not directly used in the model training process due to the presence of noise and
other unnecessary parameters that can affect the model’s accuracy [20].

A list of feature extraction techniques commonly employed in speech recognition
are as follows [21]:

1. Mel-Frequency Cepstral Coefficients (MFCCs): Widely used, MFCCs effec-
tively capture both spectral and temporal characteristics of speech.

2. Perceptual Linear Prediction (PLP): Similar to MFCCs, PLP incorporates a
non-linear step to better approximate human auditory perception.

3. Mel-Frequency Discrete Wavelet Coefficients (MF-DWC): MF-DWC
applies discrete wavelet transform to the speech signal in the mel-frequency domain
for feature extraction.
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4. Spectrogram: This 2D representation displays how frequencies change over time
in the audio signal.

The MFCCs stand as the primary choice for speech feature extraction. This
preference stems from their remarkable capacity to closely emulate human auditory
perception. MFCCs excel in capturing both spectral and temporal characteristics
of speech, while reducing the dimensionality of the data, thus offering an efficient
representation of speech signals. Their resilience to noise, versatility across various
applications, and extensive research backing are other reasons for this choice [21].

In the proposed method, features are extracted from the input data, instead of
using raw audio signals. To extract spectral frames from speech signals, the widely
used MFCC technique is employed. To account for and mitigate the impact of facet
similarities on the recognition rate, the input data is first separated based on words
and numbers and the MFCC technique is subsequently used to extract features from
the speech signals for further processing.

Figure 2 shows the block diagram of the MFCC technique. As shown in the figure,
the MFCC structure involves several steps in audio signal processing. Initially, the
input audio signal goes through a pre-emphasis filter to enhance high-frequency com-
ponents. Next, it is divided into overlapping frames, and a window function is applied
to each frame to minimize the spectral leakage.

Fig. 2 MFCC block diagram [21].

Following frame segmentation, a Short-Time Fourier Transform (STFT) is applied
to each frame to calculate the power spectrum. Subsequently, a filter bank is con-
structed to represent the signal’s frequency content in a manner that mimics human
auditory perception. This involves filtering the power spectrum through a set of
triangular filter banks.

To obtain the actual MFCCs, a Discrete Cosine Transform (DCT) is applied to
the log-filter bank energies. The DCT decorates the filter bank coefficients and retains
a selected number of resulting coefficients, typically discarding higher-order coeffi-
cients as they contain less perceptually relevant information. Finally, the MFCCs are
mean-normalized to ensure that they have a consistent scale across different audio
samples [20].

In this paper, MFCC is configured with an α-parameter for pre-emphasis [21], set
to 0.97, a sample rate of 16,000 Hz, a frame size of 25 milliseconds, and an NFFT
(Number of Fast Fourier Transform points) of 512, tailoring MFCC to the specific
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characteristics of the audio data. To capture crucial acoustic information, the number
of the MFCC coefficients was set to 13, and the number of cepstral coefficients was
set to 13, ensuring a comprehensive representation of the spectral content.

3.2 The Proposed DNN Architecture

The architecture of DNN in the proposed digit recognition method is derived with
inspiration from the DeepSpeech2 model [22] with tailored modifications to address the
challenges of recognizing Persian digits. The proposed DNN architecture consists of the
CNN layer, residual CNN blocks, the Fully Connected (FC) layer, and Bidirectional
GRU (BiGRU) blocks, as shown in Figure 3. Each section plays a crucial role in the
learning process and adapting to the Persian language.

Following the DeepSpeech2 architecture, the CNN layer[3] is employed to extract
features and transform input audio data into a feature vector while simultaneously
adjusting the dimensions of the input matrix. Subsequently, residual CNN blocks [23],
serving as powerful mechanisms for delving into finer details of the audio data, are uti-
lized three times to obtain sufficient features. It is noted that word units are employed
instead of phoneme units in the proposed method. Except the number of residual
CNN blocks, another notable difference from DeepSpeech2 lies in the choice of the
loss function. Instead of the Connectionist Temporal Classification (CTC) loss func-
tion used in DeepSpeech2, we opted for the Cross-Entropy Loss function. Following
these modifications, the FC layer [24] is introduced to adjust the dimensions of the
feature matrix generated by the preceding layers. This layer, added specifically for
the loss function, constitutes another difference from the DeepSpeech2 architecture.
As opposed to the LSTM architecture used in DeepSpeech2, the proposed method
employs BiGRU blocks [25]. This modification is motivated by GRU’s advantage of
having fewer parameters than that of the LSTM, resulting in a reduction in the network
weights and the computational resource consumption while often achieving superior
performance. In addition, the BiGRU’s configuration enables the network to process
each frame by considering data from both previous and next frames, leading to more
accurate predictions. These blocks are used five times to classify the features. At the
end, two FC layers with the softmax function are used to select the result.

Overall, the proposed DNN architecture reflects innovative modifications on
DeepSpeech2 for refining and optimizing this architecture for robust Persian digit
recognition in real-world, noisy environments. Subsequently, we will delve into four
critical sections with detailed explanations, including CNN, residual CNN Blocks, the
FC layer, and BiGRU blocks.

3.2.1 CNN Layer

The CNN layer is utilized to transform the input audio data into the original feature
vector and adjust the dimensions of the input matrix.

The CNN layer plays a crucial role in the initial processing of input audio data.
We employ a single CNN layer to extract features from the raw audio input. The
configuration of this CNN layer involves one input channel, reflective of the audio data,
and 32 output channels. The choice of the output channels enables the network to
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Fig. 3 Block diagram of the proposed DNN.

capture diverse and relevant features in the initial convolutional stage, enhancing its
ability to detect complex patterns. To reinforce feature extraction, a kernel size of 3 is
utilized. In addition, incorporating a stride of 2 facilitates down-sampling, effectively
reducing computational complexity while retaining essential information.

3.2.2 Residual CNN Blocks [23]

Three residual CNN blocks are employed to learn audio features. This iterative appli-
cation of the residual CNN block significantly contributes to the depth and complexity
of the neural network, ultimately enhancing its ability to capture and recognize com-
plex patterns and details in spoken Persian digits, even in challenging and noisy
environments.

Within each residual CNN block, two normalization layers with a normalized shape
of 20 are used. These layers are used to stabilize and accelerate the training process
by normalizing the input data. Additionally, two Gaussian Error Linear Unit (GELU)
activation functions are added, known for their ability to capture complex patterns
and contribute to the non-linearity of the model. Furthermore, two CNN layers are
employed, each with both input and output channels set to 32, plus a kernel size of
3, a stride of 1, and padding of 1. Crucially, the output from these layers is summed
with the input to form the final result of the Residual CNN block. This design choice

8



enables the network to retain essential information from the input while incorporating
the features extracted through the normalization and convolutional layers.

3.2.3 FC Layer [24]

In this neural network architecture, one of the FC layers bridges the residual CNN
blocks and the BiGRU. Positioned after the flattening process, this layer optimizes the
features for input into the subsequent BiGRU layer. This FC layer is configured with an
input size of 25,600 and an output size of 512, compressing the information extracted
from the residual CNN blocks. Moreover, two additional fully connected layers are
introduced for classification, each incorporating dropout regularization, GELU, and
softmax activation functions. The first FC layer takes 1,024 inputs and produces 512
outputs, providing fewer groups to classify easily. The subsequent FC layer accepts 512
inputs and produces 10 outputs. The activation function of this layer is softmax that
transforms the network’s output into probability scores across 10 classes, aligning with
the 10 classes corresponding to the spoken Persian digits. This configuration allows
for effective classification and prediction, contributing to the overall accuracy of our
neural network in recognizing spoken Persian digits.

3.2.4 BiGRU Block [25]

In this architecture, the BiGRU block represents a component that is iteratively
applied five times. Each instance of this block is designed to capture temporal depen-
dencies in the input data, contributing to the network’s ability to recognize spoken
Persian digits. Within each BiGRU block, we incorporate layer normalization with a
parameter of 512. This normalization technique ensures stable and efficient training
by normalizing the inputs across the time steps, mitigating the vanishing gradient
problem often associated with recurrent neural networks. Additionally, a GELU acti-
vation function is applied, introducing non-linearity to the model and enhancing its
capacity to capture complex patterns. The core of the BiGRU block lies in the bidi-
rectional gated recurrent unit itself, configured with an input size of 512 and a hidden
layer size of 512. This bidirectional architecture enables the network to process input
sequences in both forward and backward directions, capturing contextual information
from both past and future time steps.

4 Results and Discussion

To implement the proposed method, the data mentioned in the previous section is
divided into three categories: training, validation, and testing. The frequency graphs
of each class of numbers in the training, validation, and testing categories are shown
in Figures 4, 5, and 6, respectively.

The data division is performed after shuffling all numbers with their respective
labels. The MFCC technique is used to extract the feature matrix of the input data.
For training the neural network, Google’s Colab service was utilized, which provides
a Tesla T4 graphics card with 15.1 GB of RAM, 78.19 GB of internal memory, and
12.68 GB of RAM for processing. All the codes utilized are produced using the Python
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Fig. 4 Frequency chart of each class in Train data.

Fig. 5 Frequency chart of each class in the Validation data.

programming language. Moreover, the library used to create and train the model is
PyTorch.

Initially, simpler networks such as the CNN and the GRU neural network are
evaluated. However, due to the small size of the networks, they struggle to effectively
learn from the noisy data, resulting in validation accuracies of 83.22% and 78.76%,
respectively. Subsequently, the performance of the LSTM neural network is tested,
and it achieves an accuracy of 87.86%, surpassing the previous two networks.

Figure 7 shows the accuracy of the proposed network in train, test, and validation
stages per epochs. As depicted in Figure 7, after testing the proposed neural network
on the data prepared with 25 training sessions, an impressive accuracy of 98.53% is
achieved for the training data, and 96.10% accuracy is obtained for the validation
data. Moreover, the network exhibits an accuracy of 95.92% on the test data. Table 1
compares the accuracy of the proposed neural network with the above mentioned
networks. As can be seen, the proposed network outperforms other networks in the
accuracy of all training, test, and validation phases.
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Fig. 6 Frequency chart of each class in the Test data.

Fig. 7 Recognition accuracy chart on training, validation, and testing data.

Table 1 Comparison of accuracy of LSTM, CNN, GRU, and the
proposed network on the prepared data.

Network Name Training Data Validation Data Test Data

LSTM 91.16% 87.45% 86.82%
GRU 76.05% 83.22% 83.49%
CNN 82.90% 80.34% 80.59%
Proposed Network 98.53% 96.10% 95.92%

Figure 8 shows the network confusion matrix in the last period of the test data.
This figure highlights that the network encounters errors on the data that have facet
similarities. However, the error rate is significantly lower compared to phonologically
based networks.

Table 2 compares the accuracy of the proposed method with some related works.
As can be seen, our method achieves 7.61% more accuracy compared to the MTDRCC
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Fig. 8 Confusion matrix for the test set.

along with MLP method and an average performance improvement of 26.88% over
phoneme unit-based LSTM method for Persian numbers, both in the noisy conditions.

Table 2 Comparison of accuracy parameter of our method and related works.

Reference Method
Reported results
(accuracy %)

2003 [4]
Combination of HMM and
MLP in noise-free condition

83.7% for continuous num
99.1% for a discrete num

2016 [8] Using DBN 86.06% in validation
2020 [10] Using MFCC and CNN 84.17% in validation

2021 [11]
LSTM in noisy and noise-free
condition

91.7% (noise-free), 69.2%
(noisy) for validation

2022 [12] Using MTDRCC and MLP
98.85% in noise-free,
88.49% in noisy conditions

2022 [13]
Combining RNN and LSTM
in noise-free condition

99% in validation

2022 [14]
Using transfer learning like
AlexNet and GoogleNet

72% for AlexNet
66% for GoogleNet

Our Method
Residual CNN and BiGRU in
noisy condition

98.53% in training
96.10% in validation

5 Conclusion

In this paper, a deep neural network (DNN) is proposed for Persian spoken digit
recognition, which utilizes CNN, residual CNN, and BiGRU neural networks along
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with fully connected layers. By employing the word unit instead of the phoneme unit,
the proposed DNN effectively deals with facet similarities of numbers, leading to a
better feature extraction and impressive recognition performance, particularly in noisy
conditions. The experimental results demonstrate that the proposed DNN outperforms
phoneme-based and LSTM-based methods in noisy environments. The proposed word
unit-based deep learning technique provides a strong solution for accurate and robust
spoken digit recognition. This work contributes to the advanced speech recognition
technology and holds potential for various real-world applications.
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7 Data availability
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