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Abstract: We proposed and implemented a sound recognition system for electric equipment control.
In recent years, industry 4.0 has propelled a rapid growth in intelligent human-machine interactions.
User acoustic voice commands for machine control have been examined the most by researchers.
The targeted machine can be controlled through voice without the use of any hand-held device.
However, compared with human voice recognition, limited research has been conducted on nonhuman
voice (e.g., mewing sounds) or nonvoice sound recognition (e.g., clapping). Processing of such
short-term, biometric nonvoice sounds for electric equipment control requires a rapid response with
correct recognition. In practice, this could lead to a trade-off between recognition accuracy and
processing performance for conventional software-based implementations. Therefore, we realized a
field-programmable gate array-based embedded system, such a hardware-accelerated platform, can
enhance information processing performance using a dynamic time warping accelerator. Furthermore,
information processing was refined for two specific applications (i.e., mewing sounds and clapping)
to enhance system performance including recognition accuracy and execution speed. Performance
analyses and demonstrations on real products were conducted to validate the proposed system.

Keywords: dynamic time warping; field-programmable gate array; mel-scale frequency cepstral
coefficients; short-term processing; equipment control; information processing

1. Introduction

Technological advances in industry 4.0 have propelled rapid growth in intelligent human-machine
interactions [1]. People are not satisfied with traditional methods for electric equipment control and
more convenient approaches have been investigated [2]. In recent years, voice recognition-controlled
machines have generated considerable interest. Such human-machine interactions mainly include
system parameter adjustments or remote functional operations [3-8]; accordingly, we implemented
a sound recognition and control system. The proposed system enables users to control the targeted
machine through sound without the use of any hand-held remote control device. In addition to
voice recognition, we incorporated nonhuman voice and nonvoice sound detection for two specific
applications. The enhancement of recognition accuracy and execution speed for the short-term
nonvoice sounds was the major contribution of this study.

In practice, the mel-frequency cepstral coefficients (MFCCs) parameter [9] is commonly used for
extracting and recording sound characters [5,6,8,10]. MFCC was used in this study after refinements
such as the following: (1) Adjusting sample parameters, (2) checking the frequency variation, and (3)
verifying the energy distribution, which can enhance nonhuman voice or nonvoice sound recognition
for a specific application. Dynamic time warping (DTW) [11,12] is an efficient method to measure
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the similarity between two temporal sequences and has been applied to voice [13] and image [14]
character recognition, biometric signature verification [15], and in recent years, data mining analyses
for a financial trading system [16] and satellite image time series analyses for earth observation [17].
We implemented the DTW algorithm to function as a hardware accelerator using the Verilog hardware
description language (HDL) and executed the algorithm in a field-programmable gate array (FPGA)
embedded system [18-20]. Thus, two real-product demonstrations are provided in this paper; the first
is a feeder controlled by a nonhuman voice (i.e., a new sound), and the second is a music player
operated by a nonvoice sound (i.e., hand clapping). Processing such short-term and nonvoice sounds
for electric equipment control requires a rapid response with accurate recognition. In practice, this
could result in a trade-off between recognition accuracy and processing performance. This trade-off
has been addressed in this paper.

The rest of this paper is organized as follows: In Section 2, a background of sound control systems
is explained. The design methodology, including information processing, sound recognition, and
a hardware and software co-design architecture, of the proposed system is introduced in Section 3.
Experimental results with performance analyses and demonstrations are described in Section 4. A brief
discussion is presented in Section 5. Finally, we conclude the paper in Section 6.

2. Background

Possible applications of the sound control system are first reviewed and anticipated. Next, a basic
understanding about extraction of sound characters is provided in Section 2.2. In Section 2.3, we
propose a preprocessing method for the generated sound characters which is performance-efficient
especially for short-term and nonvoice sounds. Finally, the DTW method used for recognizing different
characteristic vectors is introduced in Section 2.4; additionally, literature surveys for discussions on
hardware accelerations are included.

2.1. Applications of Sound Control System

Sensing and control are crucial components of industry 4.0, which has propelled rapid growth
in intelligent human-machine interactions [1]. Such human-machine interactions can be achieved
by constructing appropriate sensors and recognizing user biometric sounds. In recent years, voice
recognition-controlled machines have generated considerable interest. Kil et al. [3] presented a
speech control mechanism for humanoid robots; to increase robustness and noise tolerance, the
authors used zero-crossing binaural mask estimation for speech segregation and recognition. Similarly,
Zinchenko et al. [4] provided a speech recognition mechanism to control robotic endoscope holders for
medical applications. Gatka et al. [5] presented a voice biometric access system that can further
support secured controls such as a door lock and safe deposit box. Park et al. [6] improved
voice recognition performance by suppressing acoustic interferences for smart television controls.
Furthermore, Ding et al. [7] improved the speech recognition performance of Microsoft’s Kinect sensor
and remotely operated a two-wheel mobile car and multimedia player. Recently, we implemented
a sound recognition system to control operations of a toilet and its attached washlet [8]. Voice and
nonvoice sounds, such as speaking and hand clapping, were used to provide convenient water flush,
nozzle, and seat heating control as demonstrated in [8]. Furthermore, the proposed sound control
method was extended to enable the detection of nonhuman voices. Enhanced recognition accuracy
and execution speed are the major contributions of this paper.

2.2. Sound Character Extraction

MEFCC [9] is a set of parameters commonly used for recording data in sound character
extraction [5,6,8,10]. MFCC contains 13 characteristic vectors to identify a voice frame, in which
one vector records the voice energy in a logarithmic value and the other 12 mel-scale cepstral
coefficients that represent the voice characters. The process to extract an audio frame into MFCC
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characteristic vectors includes steps of pre-emphasis, signal framing, hamming windowing, fast Fourier
transform, triangular bandpass filter, and discrete cosine transform, as illustrated in Figure 1.
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Figure 1. MFCC (mel-frequency cepstral coefficients) characteristic vectors extraction flow.

2.3. Sound Character Preprocessing

Generally, MFCCs are first used to extract characteristic parameters from the raw data of the
audio stream. Next, the extracted characters are compared with a set of prerecorded samples using
the popular and effective DTW method [12], as depicted in Figure 2a. For example, Muda et al. [10]
devised a voice recognition method that used MFCC and then DTW. The DTW algorithm is an efficient
method to measure the similarity between two temporal sequences. DTW was first introduced in
1960s [11]. The algorithm has been applied to voice [13] and image [14] recognition, biometric signature
verification [15], and in recent years, data mining analyses for a financial trading system [16] and
satellite image time series analyses for earth observation [17].
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Figure 2. (a) DTW (dynamic time warping) character comparison and (b) EVT (energy variation trend)
energy distribution check.

In addition to the techniques for distinguishing frequency distribution features for general voice
recognition, one of the major contributions of this paper is that the proposed method can be applied to
increase the accuracy of recognizing short-term, biometric nonvoice sounds such as hand clapping,
as illustrated in Figure 2b. The figure shows that because of the short-term property [21], the signal
energy distribution of a nonvoice sound (e.g., red line) has a higher degradation than that of a voice
sound (e.g., blue line). Therefore, we proposed a signal character recognition scheme that can not
only compare the characteristic parameters in the frequency domain (using DTW) but also evaluate
the energy distributions in the time domain by the proposed energy variation trend (EVT) method
(introduced in Section 4.1.2), which is introduced in more detail in the experimental results section.
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2.4. Sound Character Recognition

DTW [12] is a well-known algorithm for measuring similarity between two temporal sequences.
In experiments, we applied DTW to calculate an optimal match between two given sequences (i.e.,
MEFCC characteristic vectors). The implemented DTW program compares the characteristic vectors
of the input signal and a prerecorded sample, and calculates the distortion amount. For example,
suppose we have two characteristic vectors X and Y of lengths n and m, respectively, as follows:

X:xl,xl,...,xn (1)

Y:yllyZI*"/ym (2)

Consequently, in an n-by-m matrix of vectors X and Y, the two points x; and y; exist at a distance
d(x;, y;) that can be calculated using the Euclidean distance as follows:

d(x;, ;) = /(xi—y;)? ®3)

In DTW, each matrix element (i, j) corresponds to an alignment between the points x; and y;. Then,
an accumulated distance is measured using a dynamic programming method as follows:

D(i,j) =d(i,j) + min{D(i—1,),D(i,j—1),D(i—1,j - 1)} 4)

Consequently, the DTW distance between the two characteristic vectors X and Y is the accumulated
distance started from the element (0, 0) to the ended element of (1, m) as follows:

DTW(X,Y) = D(n,m) ®)

When comparing time series, a major advantage of using DTW as similarity measure is related
to the possibility of applying it for sequences of different lengths (i.e., n # m). Accordingly, the DTW
distance can be more suitable for measuring the similarity between two similar characteristic vectors,
which may slightly vary in the time domain. We provided a simple example of computation for the
DTW distance of the matrix elements with two sequences, ‘1,1,1,10,2,3" and ‘1,1,1,2,10,3". Figure 3a
depicts that the summary of one-on-one element distances is 16 between the two characteristic vectors
X and Y, calculated as follows:

1T-1+1-1+1-1+[10-2|+2-10[+[3 - 3] = 16 (6)

By contrast, Figure 3b illustrates that the DTW distance between X and Y is a relatively small
value of 2, as measured in the following calculation:

1-14+1-1+1-1+1-2+10-10+2 - 3|+3-3| =2 (7)
-y
y 1 1 1» f"’ 3 y 1 1 1
10
Y 1 1 1 2 ’ Y 1 1 1
(a) (b)

Figure 3. Characteristic distance between vectors X and Y measured using (a) one-on-one element
distance and (b) DTW distance.



Electronics 2019, 8, 924 50f 18

Because DTW performs a nonlinear and elastic transformation to calculate the optimal alignment
(i.e., minimization of distance) between two points of separated characteristic vectors even if they are
out of phase in the time domain, in our opinion, the computational burden of a processor should be
reduced using dedicated hardware support, especially for applications that require real-time responses
for the recognition results. Although Sart et al. [22] investigated a DTW hardware acceleration using a
graphics processing unit for hardware realizations of DTW processing, they did not provide an actual
HDL design and its FPGA synthesis result. Tai et al. [23] designed a pure DTW processing unit in
very high-speed hardware description language (VHDL); however, the performance was simulated
using MATLAB. Mariano et al. [15] implemented the DTW algorithm, which was applied to a FPGA
embedded system for biometric online signature verification. Pandey et al. [13] realized the DTW
algorithm using VHDL design and Xilinx FPGA [24] to accomplish voice recognition. By contrast, we
designed DTW to function as an accelerator using Verilog HDL, which was attached to a system-on-chip
bus and evaluated on an Intel FPGA [18]. Moreover, the DTW accelerator was integrated and applied
in the proposed sound recognition system for electric equipment control. We introduce the design
methodology and provide performance evaluation in following sections.

3. Design Methodology

In this section, we first provide a global view of execution flow of the proposed sound recognition
and control system. Next, the execution flow including signal reception, data sampling, and character
extraction are introduced in detail (especially, the analyses of the necessary hardware acceleration).
Finally, the implemented system architecture and framework are provided.

3.1. Global Sound Recognition and Control System

The execution flow of signal processing and sound recognition of the implemented control system
is depicted in Figure 4. In the implemented system, a microphone was used to constantly receive sounds
and transmit the analog signals to an audio codec using WM8731 [25], which samples the input signal
into digital data for further processing. A volume threshold was set (using programming registers of
WMS8731) in the proposed design to filter low-volume background noise to the processor and allow the
system to enter in the sleep mode to save power and then process data on receiving an interrupt signal
from WM8731. Next, the MFCC process was executed using a Nios II microprocessor (1P) [19]; in this
step, we provide additional designs to refine the performance for nonhuman voices and nonvoice
sounds. Last, the DTW algorithm was designed using Verilog HDL and implemented in an Intel
FPGA to considerably accelerate the processing speed of characteristic vector comparisons. Finally, the
recognition results are used to operate appropriate electric equipment. Detailed introductions for each
execution step are provided in the following sections.

Sound ADC sampling N MFCC extraction N DTW recognition Equipment
signal @ WM8731 Codec @ Nios II Processor @ Inte] FPGA control

Figure 4. Execution flow of the proposed sound recognition and control system.

3.2. Sound Reception and Signal Conversion

To capture the sound signal, we applied WM8731 [25] as an audio codec connected to the Intel
FPGA [18] on the system development board, as illustrated in Figure 5a. The WM8731 codec provides
a 24-bit multibit sigma delta analog-to-digital converter (ADC) with oversampling digital interpolation
and decimation filters controlled using a two-wire serial interface (i.e., I2C bus), which is used to
access registers for functional controls including volume, mute, de-emphasis, and extensive power
management, as partially listed in Figure 5b.
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Connection with FPGA Control Registers
REGISTER BIT LABEL DEFAULT DESCRIPTION
ADDRESS
0000000 4.0 LINVOL[4:0) 10111 Left Channel Line Input Volume
Left Line In (0dB) Control

11111 = +12dB . . 1.5dB steps down

us to 00000 = -34.5dB

7 | LNMUTE 1 Left Channel Line Input Mute to ADC
WM8731 1= Enable Mute
AUD_XCK 0 = Disable Mute
L KTUMGLIC ‘M‘I 8 | LRINBOTH |0 Left to Right Channel Line Input
. ® AUD_BCLK Volume and Mute Data Load Control
I n tel BCLK 1= Enable Simultaneous Load of
AUD_DACDAT LINVOL[4:0] and LINMUTE to
= DACDAT Line In RINVOL[4:0] and RINMUTE
AUD_DACLRCK 0 = Disable Simultaneous Load
C Yc Lo N E ® = DACLRCK 0000001 40 | RINVOL[4:0] | 10111 Right Channel Line Input Volume
AUD_ADCDAT Right Line In (0dB ) Control
. . o = ADCDAT Line Out _ | 11111 = +12dB . .1.50B steps down
inside AUD ADCLRCK | 10 00000 = -34.548
— ADCLRCK 7 RINMUTE 1 Right Channel Line Input Mute to
ADC

1= Enable Mute

0 = Disable Mute

8 RLINBOTH 0 Right to Left Channel Line Input
Volume and Mute Data Load Control

1 = Enable Simultaneous Load of
RINVOL[4:0] and RINMUTE to
LINVOL[4:0] and LINMUTE

Ref. https://www.cirrus.com/products/wm8731/ 0 = Disable Simultaneous Load

(a) (b)

Figure 5. WMB8731 audio codec with (a) external connections and (b) controller registers.

3.3. Signal Processing and Character Recognition

Sound recognition processing is not spontaneous. Whenever a system processes a certain length
of audiostream, the processing time is directly proportional to the length of the processing audiostream.
Short-term processing (STP) technique [21] performed in both time and frequency domains could
shorten the processing time to enable rapid recognition. We sampled the input signal per 20 ms to
develop a raw audio frame with 256 sampled data points in the implementation. The STP sound
processing and recognition system (Figure 4) was realized using a FPGA embedded system [18,20]
and a FPGA-based Nios II uP [19]. In the operation process, MFCC was used to extract characteristic
parameters from the audio frames, and then the extracted characteristic parameters were compared
with a set of prerecorded characteristic samples using the DTW method. Finally, the result obtained
using the DTW distance can be used for sound recognition.

3.4. Execution Time Analyses for Hardware Acceleration Necessary

The DTW algorithm is easy to implement in software; however, its performance in advanced
applications of dense character recognitions is limited because of its computation intensive nature
with a time complexity of O (n X m), as discussed in Section 2.4. Figure 6 depicts the ratios of execution
time of our implemented system, which reveal that the DTW process accounts for 34% of the execution
time (including signal processing and character recognition). Therefore, the execution time should be
reduced for rapid recognition results for electric equipment control. Thus, hardware-accelerated DTW
processing can be beneficial. Results of a study [15] concur with the paragraph: “Note that the DTW
stage is the most consuming element for all three embedded systems, representing more than 96% of
the total execution time.”
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Ratios of Execution Time
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Figure 6. Ratios of execution time of signal processing and sound recognition.
3.5. Implemented System Architecture and Framework

The implemented sound recognition and equipment control system is based on a hardware and
software co-design as follows.

3.5.1. System Development Board

The system was implemented on an ALTREA (Intel) FPGA embedded system [20], as shown in
Figure 7. In this system, received sounds were processed using hardware and software co-design. Then,
the generated control signals were transmitted to the targeted device. The system board depicted in
Figure 7 was used to construct a prototype for function and performance evaluation. The implemented
design can be replicated in refined system boards for cost-effective mass production.

Audio TV Decoder  2B8MHz

Audio interface and Codec ©PF¢ NSCPA Oscliabr

Ethemet Ethemat
VGA 10/100/1000M 10¥100/1000M  RS-232
Out Port D Port 1 Port

12V DC Power
Supply Connoctor
Power ON/OFF Switch
Allera USB Blaster
Controller chipset

USB Host/Slave
Controller

PS2 Port
VGA 24-bit DAC
Gigabil Ethemet PHY

Altera EPCSB4
Gurifiguration Dovive

Expansion Header (J15)
(with Protoction Diodec)

HSMC Connector

Altera 60-nm Cyclone IV E
FPGA with 115K LES

LCD 16x2 Module

50MHz Oscillator

SMA Ext Clock Out
7-sagment Displays
Programming SMA Ext Clock In
Mode Switch

IR Recoiver

18 Red LEDs 18 Shde Switches 6AMB 2ZMB 4 Push-Dutton  8MB 8 Green
SDRAM x2 SRAM FLASH LEDs

Ref. https://www terasic.com.tw/

Figure 7. ALTREA (Intel) DE2-115 development system board [20].
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3.5.2. FPGA Design Components

The system was implemented on a FPGA, as depicted in Figure 8a. A Nios II uP [19] provided by
Intel [18], was synthesized on the FPGA. Programs were written using the C language and executed
over a pC/OS-11 [26] operation system. Both the FPGA and puP programming files were stored in the
read only memory (ROM, i.e., bootloaders [27]). The audio controller continually receives the sampled
frames from the coder/decoder (CODEC) and stores them in the on-chip memory. The DTW accelerator
is controlled using the pP to accomplish characteristic vector recognition. Execution times are fetched
by accessing a timestamp application interface (API) recorded using a hardware timer implemented
in the FPGA. The timestamp is precise because the hardware timer operates simultaneously without
additional processing in the puP. Currently, electric equipment is controlled through a general input
output interface (GPIO). Moreover, the TCP/IP protocol and network interface were available for
further machine-to-machine (M2M) remote control.

DTW_Accelerator
Intel FPGA T
I EPCS ik
P <> <> ROM i
: Controller o reset_smlJ
jreset
On-chip @ Audio conduit_end
Memory E [T 7| Controller COREC || W oulf7.0 export
g -
(o3
DTW + GPIO avalon_slavel
—> > le> PI ddress(7..0
Accelerator 2 Controller L) |l o= s
writs
. .| Network rtedatal31.0]_|UC
Timer *—’I Controller PHY addata[31.0) | .-
DTW_vO1
(a) (b)

Figure 8. (a) Design components in the field-programmable gate array (FPGA) and (b) interface of the
DTW accelerator module.

3.5.3. DTW Accelerator Design

As introduced in Section 2.4, the DTW accelerator module was designed using Verilog HDL
and synthesized as a FPGA design component attached to the system bus, as presented in Figure 8b.
Accordingly, the DTW accelerator’s capacity can be relatively easy to extend such as bus width
and register number for needs in the future. FPGA layout of the DTW accelerator is illustrated in
Figure 9a. In more details, Figure 9b,c show the upper-left corner (marked with blue rectangle) and
the bottom-right corner (marked with red rectangle) of Figure 9a, they respectively provide input
and output interface signals as shown in Figure 8b. In which, except for the system bus interface
(i.e., address, read/write data, read/write control), the signal “dtw_out[7..0]” provides an 8-bit DTW
distance being valid when the signal “ack” is asserted (at high potential voltage), as shown in the
bottom-right corner of Figure 9c.

Table 1 lists the control registers of the designed DTW accelerator module in which we designed
eight 32-bit registers at address offset 0x0000 to 0x0007, thus allowing the uP to control the module
by accessing the registers to offload the DTW algorithm processing. In the operation flow of DTW
recognition (as shown the Figure 4), in practice, some application interfaces (APIs) have been designed
to facilitate the software programming.
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Figure 9. (a) FPGA layout, (b) input interface, and (c) output interface of the DTW accelerator module.

Table 1. Control registers of the DTW accelerator module.

Name Offset * Description
DtwDistance 0x0000 DTW distance b/w X and Y
MfccCharSetX0 0x0001 1st melcep data vector set X
MfccCharSetX1 0x0002 2nd melcep data vector set X
MfccCharSetX2 0x0003 3rd melcep data vector set X
MfccCharSetY0 0x0004 1st melcep data vector set Y
MfccCharSetY1 0x0005 2nd melcep data vector set Y
MfccCharSetY2 0x0006 3rd melcep data vector set Y

ExecutionStatus 0x0007 0: In progress; 1: Finish

* Address equals the offset adding base address of the DTW module.

3.5.4. Hardware-Accelerated Similarity Measurement

In our implementation, to enable that the DTW-based similarity measure applied for MFCC
characteristic vectors, an API function “dtwacc_distcalc” defined in Table 2 can be applied. For example,
in the process of MFCC characteristic vectors of our design, each of the 12 mel-scale cepstral coefficients
was converted and stored as an 8-bit data. Accordingly, in the function “dtwacc_distcalc”, first, at
steps 2—4, uP writes the 96-bit MFCC character (12 X 8 bits) of the input signal into the registers
“MfccCharSetX0/1/2”. Second, at step 5, uP checks the number “NumMfccPreSamp” of the prerecorded
samples required to be compared. Third, at steps 7-9, uP writes one of the MFCC characters of the
prerecorded samples into the registers “MfccCharSetY(0/1/2”. Next, in the original design, puP will
wait for an interrupt caused by the “ack” signal (ref. Figure 9¢) being asserted; however, to avoid the
overhead of executing the interrupt service routine (e.g., context switch by the applied multi-processing
operation system), in our implementation, we used a C language system function call “usleep(x)”
(at step 10) to make the uP sleep for x us to wait until the completion of the DTW distance calculation.
The value of x can be calculated ahead, then assigned as a number of the parameter “DtwAccExTime”
defined in Table 2. Besides, using usleep() is better than delay/() in the multi-processing system, since
during the assigned period (i.e., x), the uP can execute another task or just sleep to save power. Last,
at step 11, uP reads the calculation result from the register “DtwDistance”. In the “dtwacc_distcalc”,
steps 7-11 execute repeatedly until all assigned prerecord samples have been compared. Related
experimental results are provided in the next section.
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Table 2. Notations of function dtwacc_distcalc for hardware-accelerated DTW distance calculation.

Name Description

MfccInSign MFCC character of input signal (size: 3 words)

NumMfccPreSamp Number of MFCC character of prerecorded sample (noted as i)

MfccPreSampi MFCC characters of prerecorded samples (size: NumMfccPreSamp X 3 words)
DtwAccExTime DTW accelerator execution time (unit: pus)

DtwDistancei Calculated DTW distance (size: 1 byte)

Function Hardware-accelerated DTW Distance Calculation

dtwacc_distcalc(*MfccInSign, *MfccPreSamp, NumMfccPreSamp, *DtwDistance)
begin
dtwacc_regwr(0x01,MfccInSign0); //write MfccInSign 15t word to register 0x01
dtwacc_regwr(0x02,MfccInSign1); //write MfccInSign 2nd word to register 0x02
dtwacc_regwr(0x03,MfccInSign2); //write MfccInSign 3" word to register 0x03
for (i =0;i =1+ 1;i < NumMfccPreSamp) //execute comparison for the assigned number
begin
dtwacc_regwr(0x04, MfccPreSampi0); //write MfccPreSamp 15t word to register 0x04
dtwacc_regwr(0x05, MfccPreSampil); //write MfccPreSamp 2nd word to register 0x05
dtwacc_regwr(0x06, MfccPreSampi2); //write MfccPreSamp 3" word to register 0x06
usleep(DtwAccExTime); //make pp sleep for the assigned time period
DtwDistancei = dtwacc_regrd(0x00); //read the calculation result from register 0x00
12: end
13: end

O 0N DA RN

—_ e
- o

4. Experimental Results

In this section, simulations were run in uC/OS-II [26] with the proposed designed system
platform [18-20] coding using the C language. Next, performance analyses of experimental results are
discussed in following sub-sections.

4.1. Sound Recognition Enhancement Based on Sound Characters of Applications

In addition to common voice recognition, we further proposed and implemented both
enhancements of function and performance, for a nonhuman voice (e.g., mewing sounds) and a
biometric nonvoice sound (e.g., clapping), as described in the following sections:

4.1.1. Recognition Performance Enhancement for Nonhuman Voice

In recent years, an increasing number of people keep pets. However, they cannot feed their pets
when they leave home for work. To relieve pet owners from the task of having to feed their pets, we
implemented a cat voice-controlled smart feeder. The feeding flow of our system, named the mew-mew
feeder, is illustrated in Figure 10 and a demonstration video link is provided on YouTube [28].

(e

5 @3\» @lﬁ

, Cat is hungry Mew -mew to the feeder Prov1de food to the cat

Figure 10. Feeding flow of a mew-mew feeder.



Electronics 2019, 8, 924 11 of 18

The mewing sound recognition uses the commonly used voiceprint analyses in both time and

frequency domains. Furthermore, to avoid acoustic interferences such as human voices or short-term
nonvoice background noises [3,6], we proposed and implemented a sound recognition scheme that is
specifically designed for identifying a mewing sound, especially when a cat is hungry. This mewing
sound recognition consists of the following steps:

1.

Energy Level

'
(=)}

—
N N O

|
)

un
o

Energy Level

Confirming whether the input signal is not broken during a predetermined period: Figure 11a

shows a signal variation of a voice “ * R - (i.e., the weather is fine) in Chinese. We observed
that there were less energy amplitudes (marked with red circles) between each word. Figure 11b
illustrates another signal recorded from a cat. The signal of the mewing sound is as continuous as
singing and is different from people speaking (i.e., breaks exist between words); generally we
observed that the cat cannot “speak” but is “singing”. To increase the recognition correctness and
reduce the processing overhead, a break within 0.8 second of the input sound is regarded as a
background noise and excluded from comparison with the prerecorded samples.
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Figure 11. Voiceprint analyses of (a) vocal speech and (b) mewing sound in the time domain.

Checking whether the input signal has a valid frequency variation: We observed a frequency
variation in the continuous mewing sound. Figure 12a,b presents the recorded signal in time
and frequency domains, respectively. Two resonance peaks were observed at approximately
1.5 and 2 kHz. The resonance peak moved from 2 to 1.5 kHz progressively, as demonstrated
in a video provided by a YouTube link [29]. To increase the recognition correctness and reduce
the processing overhead in our design, if the frequency variation degree is less than 300 Hz,
the input signal is regarded as a non-mewing sound and excluded from comparison with the
prerecorded samples.
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Figure 12. Voiceprint analyses of mewing sound in the (a) time domain and (b) frequency domain.
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3. Determining whether the characteristics of the input signal are similar to one of prerecorded
samples: By using the aforementioned signal processing steps, the system can accurately determine
whether the input signal is the mewing sound of a hungry cat. Thus, the feeder can supply cookies
to the cat, as depicted in Figure 13. A precise recognition result is a crucial design requirement for
the feeder to avoid overfeeding or deprivation in facilitating the good health of the cat.

G

Character is
matched

Signal length
>0.8s

Freq. variation
>300H

Input signal

* + * Don't

give feed

Figure 13. Sound recognition flow of the designed mew-mew feeder.
4.1.2. Recognition Performance Enhancement for Nonvoice Sound

Clapping could be the most convenient method of electric equipment control for people.
For example, to play music, in general, we must to push a button either on the control panel or
on a remote controller. Therefore, people have to move toward the music player or to search for the
(possibly missing) remote controller. Sound control can be used rather than physical touch. That is,
when users want to listen music, they could just clap. The music player could identify the sound and
play music. In practice, for electric equipment control using nonvoice sounds such as clapping, the
most and common acoustic interferences in the environmental background are vocals from people,
such as speaking, singing, laughing, and chatting. In addition to the techniques commonly used for
distinguishing frequency distribution features for voice recognition, one of the major contributions of
this paper is that the proposed STP mechanism can be applied to further increase short-term nonvoice
sound recognition accuracy. By analyzing the difference in sound characters between people speaking
and clapping, we introduced the following improvements:

e Frequency range: The frequency range of clapping is much lower than that of vocal speech.
Accordingly, in experiments, we changed the commonly used mel-frequency filtering range
(0-8 kHz) to 0-500 Hz, which led to the error rate of sound recognition of vocal speech being
increased because the range of some voice characters is more than 500 Hz. On the other hand,
this reduced the error rate of sound recognition of clapping because of the frequency range of
clapping sound characters is less than 500 Hz, and this resulted in a higher quality MFCC vector
extraction, which contained more and dense clapping sound characters from the used triangular
bandpass filters.

e  Samplelength: In practice, clapping is continuous and short, whereas vocal speech is discontinuous
and long. We reduced the sound sampling length from the original 1 s to 0.4 s. In experiments,
the error rate of sound recognition of vocal speech was accordingly increased because of the
voice character recognition of fewer characters. By contrast, this change did not affect the error
rate of sound recognition of clapping. Signal data processing required for sound recognition
was considerably reduced to 40% of the original requirement and therefore resulted in a faster
response for the recognition result.

e  Energy variation: We observed a considerable energy difference between vocal speech and
clapping, as depicted in Figure 14a. This experiment extracted the energy levels (ELs) from the
generated MFCC characteristic vectors of five frames (from frame #1 to #5) captured in the range 0 s
to 0.4 s. We observed that the ELs slightly increased in vocal speech, whereas the ELs considerably
degraded in clapping. This is caused by the short-term duration mentioned previously. Figure 14b
depicts the average ELs of the eight signals of vocal speech and the eight signals of clapping in
Figure 14a. Thus, EL gaps between vocal speech and hand clapping increased from 1.06 (6.35-5.29)
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of frame #1, to 2.17 (6.56-4.39) of frame #5. Using measurements of field quantities, we defined
such energy level distribution as an energy variation trend (EVT) value between sound frame #i
to sound frame #j:

EVT(i,j) =20 % loglo(i(].))dB 8)

EL(i)

where EL(j) and EL(i) are the energy levels of frame j and frame i, respectively. EVT(i, j)
levels indicate a measurement value to express the ratio of EL(j) to EL(i) on a logarithmic scale.
For example, in Figure 14b, the EVT(1, 5) of vocal speech is a positive value of 0.28 dB [20 x logg
(6.56/6.35) dB], and the EVT(1, 5) of hand clapping is a negative value of —1.63 dB [20 X log1g
(4.39/5.29) dB]. We used this EVT feature to increase short-term, nonvoice sound recognition
accuracy. A demonstration video link that demonstrates a hand clapping-controlled music player
is provided on YouTube [30].

Sound Energy Degree Energy Variation Trend
7
265
g s
o 53
g s
=45
4
1 2 3 4 5 1 2 3 4 5
Frame Number Frame Number
——————— Vocal Speech Hand Clapping ------Vocal Speech (Avg.) ——Hand Clapping (Avg.)
(@) (b)

Figure 14. Sound energy analyses for vocal speech and hand clapping in (a) energy degree and
(b) variation trend.

To provide more EVT experiments, we compared hand clapping with another nonvoice sound of
finger flicking, as depicted in Figure 15a. This experiment showed the ELs of ten frames (from frame
#1 to #10) in the range 0 s to 0.8 s. Figure 15b depicts the average ELs of the eight signals of finger
flicking and the eight signals of clapping in Figure 15a, in which we observed that the ELs of hand
clapping were continuously degrading, as well as that in Figure 14a; by contrast, all of the ELs of finger
flicking have a similar distinct drop from frame #1 to #2 in Figure 15a. Besides, from frame #3 to #10 in
Figure 15a, the ELs of finger flicking vibrated between level 3.5 and 2.5. Accordingly, as Figure 15b
shows, the average ELs of finger flicking from frame #3 to #10 are 3.20 to 2.95, which are approximately
2.96 of the average EL of the environment background noises in our experiments. By analyses, as
Figure 15b shows, the maximal EL of finger flicking (4.41 at frame #1) is less than that of hand clapping
(5.31 at frame #1); additionally, the EVT(1, 2) of finger flicking is —2.55 dB [20 X log1¢ (3.29/4.41) dB],
which means that the ELs degraded more than that of hand clapping (-0.99 dB [20 X log (4.73/5.31) dB]).
Consequently, from frame #3 to #10 in Figure 15a, the ELs of finger flicking are more susceptible to the
background noises than that of hand clapping in the experiments.
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Figure 15. Sound energy analyses for finger flicking and hand clapping in (a) energy degree and
(b) variation trend.

4.2. Sound Recognition Enhancement by Refinements of Processing Resources

Sound recognition for the targeted application can be further increased by refining processing
resources, as described in the following sections.

4.2.1. Recognition Performance Enhancement by Adjusting Length of Sampling Frame

In sound signal framing, the selection of frame length (in unit of sample point) affects the result
of further signal analyses. Assuming that the applied sample rate and time are fixed, a long frame
length results in a small number of captured frames for the identical sample time period. In general,
a longer frame could contain numerous sound characters, increasing the difficulty in observing and
distinguishing specific characters of the captured frame. By contrast, when the length of the sound
frame is short, the number of sample points for analysis is fewer; thus, the result is susceptible to
a sudden change and is less representative of the sound signal. Therefore, the length of the sound
frame is preferably determined according to the specific application, especially for nonvoice sounds.
As depicted in Figure 16, for finger flicking and hand clapping, a frame length of 256 (red line marked
with triangle) exhibits the best sound recognition performance (i.e., less error rates) in most testing
cases. In addition, a long frame length of 1024 (yellow line marked with square) and a shorter frame
length of 64 (blue line marked with diamond) cause higher error rates in sound recognition.

Sound Recognition of Finger Flicking Sound Recognition of Hand Clapping

70 80
2 60 ~ 70
£ 50 g &0
et 5 )
£ 40 2
£ 30 z %
= 20 =~ 20
E 10 £ 10
= 0 = 0

1 2 3 4 5 6 7 1 2 3 4 5 6 7
Number of Compared Samples Number of Compared Samples
Frame Length —#-64 -@-128 -4-256 —512 1024 Frame Length —-64 —-128 4256 —512 1024
(a) (b)

Figure 16. Sound recognition with different sound frame lengths and prerecorded sample numbers for
distinguishing (a) finger flicking and (b) hand clapping.
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4.2.2. Recognition Performance Enhancement by Increasing the Number of Compared Samples

We can enhance recognition accuracy for hardware-accelerated DTW processing by comparing
multiple samples in a relatively short time period. That is, rather than using just one prerecorded
sample to compare with the input signal, multiple samples were applied as essential targets to be
compared. In experiments, we attempted the recognition of two similar biometric nonvoice sounds
made by a user. The first sound was finger flicking, and the second was hand clapping. In practice,
sounds of finger flicking and hand clapping made by the same user can be more easily distinguished;
however, the recognition of sounds of finger flicking (or hand clapping) made by different users
can be more difficult when just a sound of finger flicking (or hand clapping) has been recorded.
As there is no gold standard for a biometric nonvoice sound such as finger flicking, finger flicking
sounds made by a user or different users can differ considerably from case to case. Accordingly, we
prerecorded seven different sounds of finger flicking made by the same user in the experiment as
shown in Figure 16a, in which the number on the horizontal axis is the quantity of compared samples,
and when the input signal matches any one of the prerecorded samples, the sound recognition is
regarded as correct. Figure 16a depicts that the error rate of finger flicking sound recognition for
a frame length of 256 (red line marked with triangle) can be reduced from 20% (one sample) to 3%
(seven samples) using more samples. As depicted in Figure 16b, for recognizing the sound of hand
clapping, the error rate can be considerably reduced from 59% (one sample) to 4% (seven samples)
because the difference between the sounds of hand clapping made by users is more than that of finger
flicking in the test cases of our experiments. In practice, sounds of finger flicking made by humans
are all possible targets to be compared, which leads to a big challenge in implementation; a large
number of prerecorded samples is better. Consequently, the time required for comparisons between
sound characters increases; on the contrary, for electric equipment control, the response time for sound
recognition should be fast. Therefore, hardware-accelerated DTW processing can satisfy this condition
(described in the following sections).

4.2.3. Recognition Performance Enhancement Using a Hardware Processing Accelerator

To achieve a quick response time, we implemented a DTW accelerator, as detailed in Sections 2.4
and 3.5. In this section, real performances of the designed DTW accelerator were measured using
the total execution times for operations by using “pure pP” and “uP with DTW accelerator”, which
were executed on the applied FPGA development board (Figure 7). C language software program
coding was run on an Eclipse IDE for C/C++ developers kit provided by Intel [18,19]. As Figure 17a
illustrates, it takes 88.208 us to process a DTW frame recognition using a conventional pP pure software
approach. In the proposed DTW accelerator, the execution time was considerably reduced to 1.122 ps,
which is merely 1.27% (1.122/88.208 x 100%) of the pure software approach. This can considerably
benefit big-data analyses in STD, as discussed in Section 4.2.2. Additionally, we analyzed the hardware
overhead of the implemented FPGA system. As Figure 17b shows, the implemented hardware DTW
accelerator required an additional 19.05% of logic elements and 8.59% of registers compared with that
of the primitive design excluding the DTW accelerator (Figure 8a).
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Figure 17. DTW processing performance comparisons of (a) execution time and (b) hardware resource
occupation between “pure pP” and “puP with the DTW accelerator”.

5. Discussion
For short-term sound recognition processing, we list the major contributions of this paper:

1. Verifies that the software-implemented DTW processing is computation intensive and can be a
performance bottleneck for embedded systems, especially for further big-data analyses;

2. Provides the FPGA-based system platform to validate that the proposed hardware and software
co-design framework can increase the recognition accuracy by comparing additional samples in a
relatively short time period using the designed DTW accelerator;

3.  Applies the proposed method and implemented system to a nonhuman voice (mewing sounds) and
nonvoice sounds (hand clapping) recognition where only limited research has been conducted; and

4.  Implements two real products (the mew-mew feeder and a music box) with demonstration video
links on YouTube.

6. Conclusions

To ensure short-term biometric nonvoice sound recognition for electric equipment control, we
implemented a FPGA-based, STP sound control system, which can rapidly process specific sound
characters with a high recognition correction. The experiments on real products demonstrated that
the proposed method can not only detect nonvoice sounds, but also enhance performance. Currently,
the proposed sound control method is realized in the applied evaluation board. Next, the design can
be optimized as a small embedded system to reduce manufacturing cost and power consumption,
allowing for further mass production. Besides, the DTW accelerator can be refined as an intellectual
property merging into a system-on-chip design for developments of other applications that require
rapidly processing pattern recognition with big data. These will be our future work.
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