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Abstract

Objectives. The aim of the study is to improve road safety by developing an emergency call device for drivers of two-
wheeled vehicles, as the most vulnerable road users, and improving their technical equipment.

Methods. In the course of the study, the characteristics of the acoustic signal transmission channel and the
processes accompanying its propagation were analyzed. When studying the parameters of voice communication,
noise reduction, echo cancellation and echo compensation methods were used, as well as algorithms for converting
acoustic information implemented in the hardware and software of the device.

Results. The results of practical implementation are presented: the design of a prototype device, its integration
into the dashboard of a two-wheeled vehicle. During the design of the device, the control features of a two-wheeled
vehicle, the influence of external factors and climatic conditions were taken into account. An implementation of the
interface of interaction between the driver of a two-wheeled vehicle and the operator of the ERA-GLONASS system
is proposed, taking into account the specifics of its use. Structural schemes of an echo compensator and a dual
speech signal detector using an adaptive filter are presented. The algorithms implementing these processes and the
possibility of theiradaptation to the tasks of the emergency call device are considered. The procedure for automatically
adjusting the amplification of the acoustic signal of the speech range is described, an analytical description of the
technical problem and the applied methods of digital processing are given. A structural diagram of the test stand,
software for qualitative analysis of the acoustic signal, visualization of the test results of the prototype are presented,
and the effectiveness of the proposed solution is evaluated.

Conclusions. The results of a study on the design of an emergency call device have shown that the use of analog
and digital speech signal processing algorithms implemented in the device’s codec and modem will ensure a high-
quality level of voice communication between the driver and the emergency services operator.

Keywords: two-wheeled vehicle, acoustic signal, duplex voice communication, echo cancellation algorithm, noise
reduction algorithm, normalized least squares algorithm, digital signal processor, LMS algorithm, NLMS
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Pesiome

Lenu. Lenbio nccnenoBaHus siBNseTcs noBbilleHne 6e30MacHOCTM J0POXHOIO ABMXKEHUS 32 CHeT pa3paboTku
YCTPOICTBA BbI30BA 3KCTPEHHBIX ONEPaTUBHbIX CYX0 A1 BoAUTENel ABYXKOIECHbIX TPAHCMOPTHBLIX CPEACTB, Kak
Hanbosnee ysa3BUMbIX YHACTHMKOB AOPOXHOr0 ABVXEHUS, U YIIYHLLIEHUS X TEXHUYECKOW OCHALL,EHHOCTU.

MeTopabl. B x0ne nccnenoBaHus npoaHann3MpoBaHbl XapakTEPUCTUKKM KaHana nepenayn akyCTu4eckoro curHana
1 NPOLLECCOB, CONPOBOXAALLMX €ro pacnpocTpaHeHuve. Npu nccnenosaHnm napamMeTpos rosoCoOBOM CBA3U Npu-
MEHSIMCb METOAbI LLUYMOMNOAABIIEHMS, 9XOMNOAABMIEHMS U 3XOKOMMEHCALMN, a Takke anropuTMbl npeobpa3oBaHus
aKyCTnyeckom nHdopmMauum, peann3oBaHHble B annapaTHO-nporpaMMHON 4acTu YCTPONCTBA.

PesynbTatbl. B X04e NpoOeKTMPOBaHUSA YCTPOMCTBA Y4TEHbI OCOOEHHOCTU YNpPaBMEHUST OBYXKOJIECHBIM TPaHC-
NMOPTHLIM CPEACTBOM, BAUSIHNE BHELLHMX BO3AEMCTBYIOLMX GAKTOPOB U KIMMATUYECKMX YCNoBuiA. pegnoxeHa
peanundaumsa nHTepdenca B3anMOLENCTBUA BOOUTENS OBYXKOJIECHOrO TPAHCMOPTHOro CpeacTBa C OnepaTtopom
cuctembl «9PA-TJTIOHACC», yuuTbiBaoLwas cneumduky ero Mcnosib3oBaHus. NpreBeaeHbl CTPYKTYPHbBIE CXEMbI 9X0-
KOMMeHcaTopa 1 AeTeKTOpa ABOMHOro PeYeBOro CUrHana C UCMofb30oBaHMEM afanTuBHOro éounstpa. OnmncaHa
npoLenypa aBTOMaTMyYeCKOM PErynnpoBKM YCUNEHNS akyCTUYECKOro CUrHana peyeBoro avana3doHa. PaccmMoTpeHsl
anropuTMbl, peannaytoLme 3T NPoLEeCcChl, 1 BO3SMOXHOCTb VX aaanTaLmm K 3aia4aM YCTPOMCTBA BbI30BA 3KCTPEH-
HbIX OrepaTuBHbIX CNyx6. MNMokasaHbl pe3ynbTaThl NPaKTUYECKOW peanraaumm onbITHOro 06pasua yCTpoiCTBa: KOH-
CTPYKUMS, ero MHTEerpaums B npMbopHY0 NaHesb ABYXKOJIECHOIO TPaHCMNOPTHOro cpeacTsa. MNpuBeneHsl CTPYKTYP-
Hasi cxema TeCTOBOro CTeHAa, NporpaMMHoe o6ecrneyeHre A Ka4eCTBEHHOMO aHanM3a akycTMYeckoro curHana,
oueHeHa 3P HEKTUBHOCTb NPEAJIOKEHHOIO PeLLEeHMS.

BbiBOAbI. Pe3ynbTathl UCCea0oBaHUs Mo KOHCTPYMPOBAHWUIO YCTPONCTBA BbI30BA 3KCTPEHHbIX ONEPATUBHBIX CIyX0
nokasasnu, 4To NMPUMEHEHME anropUTMOB aHaIOroBoOM 1 UMdpPoBoO 06PabOTKN PEYEBOrO CUrHana, peann3yemMbix
B KOAEKE U MOJeMe YCTPONCTBA, MO3BOJIUT 0OECNEYNTH KAYECTBEHHbIN YDOBEHb FO/IOCOBOI CBSI3V BOAUTENS C One-
paTopPOM 3KCTPEHHbIX ONEPATUBHBIX CIYXO0.
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KnioueBble cnoBa: 4BYXKOIECHOE TPAHCMOPTHOE CPEeACTBO, aKyCTUYECKUI CUTHAI, AyMNIeKCHas ronocoBas CBs3b,
ANropuTM 9XOKOMMEHCALMKN, anropuTM LUYMOMNOAABAEHNS, HOPMANN30BaHHbIA anropuTM HaVMMEHbLUVX KBAApPAaTOB,
uMdPOBON CUrHANBHbIN Npoueccop, anroputm LMS, anroputm NLMS

Ana unTUpoBaHuS:

Hukntnn B.B., YearicoB C.Y., bacos [1.B. YCTPOMCTBO BbiI30Ba 3KCTPEHHbIX OMNEpaTuB-

HbIX CNYX0 AN o6ecrnevyeHms rosloCoBOM CBA3M BOAUTENS OBYXKOMECHOro TPaHCMOPTHOro cCpeacTBa M oneparto-
pa cuctembl «39PA-IJIOHACC». Russian Technological Journal. 2025;13(6):63-77. https://doi.org/10.32362/2500-
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MpospayHocTb hMHAHCOBOM AeATENbHOCTU: ABTOPbI HE UMEIOT PUHAHCOBOI 3aMHTEPECOBAHHOCTM B MPEACTaB/EH-

HbIX MaTepuanax nin MetToaax.

ABTOpbI 329BNASI0OT 06 OTCYTCTBUN KOHDNINKTA MHTEPECOB.

INTRODUCTION

Ensuring road safety remains a critical and pressing
concern, a challenge amplified by the evolving road
network and infrastructure. This complexity is further
heightened by the growing variety and number of
vehicles using the roads on a daily basis. A crucial
element of road safety lies in comprehending the
nature of accidents, including the number of casualties
and injured individuals, in order to provide the best
possible aid and support for those affected. Accidents
involving two-wheeled vehicles are especially high
risk due to the lack of a protective structure for riders,
unlike car drivers. As a consequence, eyewitness
accounts and, if possible, statements from those
involved offer valuable insights, beyond automatically
detecting accidents. To this end, two-wheeled vehicles
should be equipped with emergency communication
systems (ECS) allowing for two-way communication
with a designated operator.

The wunique characteristics of the human-
vehicle system (consisting of a driver and a two-
wheeled vehicle) pose specific challenges for
implementing ECS. During development, the
significantly smaller size and mass of the vehicle
compared to a car needs to be considered, as well as
the driver’s helmet which muffles speech and may be
difficult to remove in an emergency. Additionally, the
system must function in all weather conditions and
account for variable distances between the speaker and
microphone. The high noise levels inherent in traffic
situations also pose a challenge.

In order to ensure a clear and reliable voice
connection with emergency operators, the use of
advanced analog-to-digital voice processing systems is
crucial (GOST 34788-2021"). This includes effectively
minimizing noise, eliminating echo, and dynamically

1 GOST 34788-2021. Interstate Standard. Motor vehicles.
Call emergency services systems. Speakerphone quality. Technical
requirements and test methods. Moscow: Russian Institute of
Standardization; 2021. 20 p. (in Russ.).

adjusting microphone and speaker gain levels based on
the surrounding environment (GOST 33468-20152).

Due to the inherent delay in signal propagation
caused by digital processing, a balance must be
found between the desired processing quality and the
acceptable signal transmission time [1].

Contemporary  speech  processing algorithms
typically use digital signal processors (DSP) which
are often integrated into cellular modems. Improving
processing efficiency and reducing latency can be
accomplished by distributing individual calculations
across other circuit components, such as the codec and
microcontroller.

KEY MEASURES OF EFFECTIVE
TWO-WAY VOICE COMMUNICATION

The ECS employs a duplex hands-free
communication method when interacting with
emergency operators from the subscriber’s end. In order
to ensure the clarity of voice data, the terminal device
must possess the following attributes [2]:

1) speaker signal level sufficient to exceed the total
noise level,

2) microphone signal level sufficient to exceed the total
noise level,

3) wide dynamic microphone range, in order to ensure
stable operation in a noisy public road environment;

4) low in-channel noise;

5) automatic gain control;

6) noise reduction;

7) echo cancellation;

8) addition of comfortable noise to the communication
channel.

Items 1 to 4 are accompanied by a circuit design which
includes a speaker of suitable power, an audio amplifier,
a high-sensitivity microphone featuring a broad dynamic

2 GOST 33468-2015. Interstate Standard. Global navigation
satellite system. Road accident emergency response system.
In-vehicle emergency call device/system. General technical
requirements. Moscow: Standartinform; 2016. 74 p. (in Russ.).
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range and built-in amplification. Additionally, there is
a bandpass filter which only allows the transmission of
useful speech frequencies (300-3400 Hz), as well as
filters to suppress narrowband interference (harmonics
from electrical equipment and GSM?).

Items 5 to 8 are implemented using digital speech
processing algorithms. The ECS specific configuration
determines whether DSP is an independent component
or integrated into a cellular modem.

The device is designed using a printing unit
meticulously crafted with advanced computer-aided
design software.

AUTOMATIC VOICE GAIN CONTROL

Automatic voice gain control is a difficult task to
implement using digital signal processing. Thus, in
most cases, the method involves transferring analog
circuitry algorithms into a digital signal. However,
modern speech processing systems use digital signal
processing techniques in automatic gain control systems
by calculating based on the analytic signal. Each sample
of the digital analytic signal, x(n), is a complex number:

x(n) =Re{x(n)} + ilm{x(n)},

wherein 7 is the sample number.
The normalized digital waveform has the following
form:
O

= . 1
norm[n] | x(n) | ( )

When dealing with signals composed of harmonic
oscillations and noise, or a combination of harmonic
oscillations, normalization can lead to signal distortion.
In order to ensure that the signal aligns with formula (1),
the denominator should not represent a fixed reference
point, but rather the average value of the signal envelope.
This average amplitude can be determined using a finite
impulse response (FIR) filter, in order to average the
absolute value of the signal rather than the signal itself.
Following this procedure, the normalization formula
ultimately assumes the following form:

__x(n)

'x b
Xay (n)

norm (n)

wherein  x, (n) is the average signal modulus
value calculated using the moving average method:

N-1

xav<n>=%2|x<n—k)|,

k=0

3 Global System for Mobile Communication (GSM) is the
second-generation mobile communication standard.

wherein N is the length of the averaging window and & is
the summation index.

Several key considerations arise when this speech
processing technique is applied. Firstly, the pauses
inherent in speech between words and phrases can lead
to elevated noise levels in the digitized audio signal. This
noise includes in-channel interference from electrical
circuitry and external noise, along with quantization
noise generated during the conversion process. In order
to address this issue, two strategies can be implemented.
One approach is to deactivate automatic gain control
when the speech is absent. A speech detector is used
to identify these pauses. This prevents the gain control
from amplifying noise during these silent periods. The
second strategy entails incorporating a DC component
into the average signal envelope, with its parameter
values set above the maximum noise levels observed
during pauses. This guarantees that the calculated
average signal remains uncontaminated by noise present
in those areas. In this scenario, the equation to calculate
the average signal would be:

__ X

norm () = xav(n)+L'

The L constant is chosen empirically during the
system tuning process for specific noise conditions.

NOISE REDUCTION

The ERA-GLONASS system operator frequently
encounters noisy speech signals due to the vehicle’s
design. As a two-wheeled vehicle lacking an enclosed
cabin, there is a significant level of ambient noise
intrusion. Intense background noise can significantly
disrupt the accuracy of speech analysis and recognition
processes. Several noise reduction methods are
utilized, in order to eliminate unwanted noise. While
some techniques can work in real time with minimal
impact on the signal’s delay, a key difficulty in noise
reduction lies in the fluctuating volume and character
of noise over time. The most prevalent noise reduction
techniques operate under the assumption that speech and
noise signals are independent of each other [3]. Their
widespread adoption stems from their proven ability
to effectively diminish background noise and enhance
speech recognition performance.

Let speech signal x(n) be distorted by additive
noise v(n). Then, the noisy signal y(n) can be expressed
as follows:

y(n) =x(n) + v(n).

The general goal of noise reduction is to reconstruct
the signal X(n) as close as possible to the original
signal x(n), based on the observed noisy signal y(n). In
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order to achieve this, adaptive algorithms have been
developed which utilize noise estimation and suppression
techniques.

When segmenting a signal into windows ranging
from 10 to 30 ms, it can be reasonably assumed that
both the speech signal and background noise become
stationary. Therefore, noise reduction techniques
are developed under this premise [4, 5]. Within
contemporary modem digital signal processors, the
Kochen—Berdugo algorithms for minima controlled
recursive averaging (MCRA), quantile estimation, and
its diverse variations are predominantly employed for
noise estimation [6, 7]. A contemporary adaptation
of Wiener filtering is employed specifically for noise
reduction.

ECHO CANCELLATION

In telephony, there are two types of echo:

e acoustic echo caused by the reflection of sound
waves; and

e clectrical echo due to problems with the line
matching (which is currently not a common issue).

For ECS, it is essential to eliminate acoustic echo.
This phenomenon results from the acoustic connection
between the microphone and speaker of the user
interface unit (UIU) in the telecommunications operator
system. It is also be a product of sound waves reflecting
off surrounding objects and causing reverberation.

Echo cancellation techniques can be categorized
into two types: those operating in the time domain; and
those in the frequency domain [8, 9]. In the context of
low-frequency signals, such as those found in telephone
lines, time-domain algorithms have demonstrated
superior efficiency in terms of computational resource
utilization.

Far-end signal

The adaptive echo cancellation algorithm involves
the following steps [6]:
1. Echo path modeling.
A model of the true acoustic path is created to
describe the characteristics of the echo path 0. This
model is a filter with adjustable coefficients 0.
2. Estimating the echo signal.
At each step n, an estimate of the echo Z(n) is
calculated by convolving a reference signal x with
the model coefficients vector 0 as follows:

2(n)=07 -x,

wherein T indicates transposition, and the vector
length is dictated by the digital filter length.
3. Model parameter adaptation.
The 6 model parameters are continuously adjusted
based on the analysis of the error signal e(n), which
represents the difference between the actual echo
signal z(n), and its estimated value Z(n).This
adaptation mechanism employs a coefficient
adjustment algorithm to effectively reduce this error.
4. Echo cancellation.
The final output signal with echo cancellation is
formed by subtracting the estimated echo Z(n) from
the total microphone signal m(n), as follows:

y(n)=m(n) = z(n),

wherein m(n) = o(n) + z(n), o(n) is the useful near-

end speech signal and z(n) represents the real echo.

The operation of the echo canceller is illustrated
in Fig. 1. In this figure, the far-end signal represents
the voice of the operator, while the near-end signal
indicates the voice of the user transmitted through the
speakerphone system.

Near-end signal

A4

Adaptive filter

Evaluation
of eqho path
6(n)

Estimated echo

z(n)

N

N

P
- \
~

u

Echo path
6(n)

/
/

Echo signal
v z(n)

D
Echo-compensated signal \J_/
m(n) - 2(n)

O] 5/** w(n)

Microphone signal Subscriber signal

m(n) =w(n) +z(n)

Fig. 1. Echo canceller circuit using adaptive filter
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LEAST MEAN-SQUARES ALGORITHM

The Widrow—Hoff algorithm [10], also known as
the Least Mean-Squares (LMS) algorithm, remains
one of the most effective adaptive filtering algorithms
in use today. This algorithm is widely employed in
the development of echo cancellation systems, since it
adjusts the filter coefficients 0 in order to minimize the
difference between the desired (target) input signal and
the output of the filter. Due to its simplicity in terms of
computational requirements, this algorithm has gained
widespread adoption.

NORMALIZED LEAST MEAN-SQUARES
ALGORITHM

The Normalized Least Mean-Squares (NLMS)
algorithm [11] is derived from the LMS algorithm.
The NLMS algorithm addresses the issue of the step
size changing with the input power of the adaptive
filter. When the input power changes over time, the
step size between adjacent filter coefficients also
changes which can affect the convergence rate of
the algorithm. At low signal levels, the convergence
rate slows down due to the small signal strength.
Conversely, at high signal levels, the convergence
rate increases and can cause errors. In order to address
this issue, the step size needs to be adjusted based
on the input signal level. This new step size is called
normalized.

DOUBLE-TALK DETECTOR
Acoustic echo cancellation faces a significant

challenge in addressing the double-talk (DT)
effect [12] which arises when both far-end and

Far-end signal

near-end speech signals are active simultaneously. In
this scenario, the signal from the remote participant
becomes distorted by overlapping local speech. In
order to mitigate this issue, a double talk detector
is incorporated into the system. Its role is to halt
the adaptation process of the filtering algorithm
temporarily when a speech signal is detected at
the near end, preventing inconsistencies in the
performance of the adaptive algorithm.

The implementation of the Double-Talk
Detector (DTD) together with the adaptive filter is
shown in Fig. 2. This arrangement relies on the DTD to
evaluate three critical parameters:

1) the far-end signal x(n), which serves as the echo
reference signal;

the near-end signal m(n), representing a combination
of the desired signal and the echo;

the error signal e(n)=m(n)—Z2(n), where Z(n) is
the estimated echo produced by the adaptive
filter.

The error signal e(n) represents an echo-compensated
output generated by subtracting the simulated echo from
the microphone input. This signal typically arises in two
key scenarios:

e during the initial phase of operation when the
adaptive filter has not yet converged;

e when there is a change in the room’s acoustic
properties, such as repositioning the microphone.
The DTD assesses the signal strength of x(n), m(n),

and e(n), evaluates the signal-to-echo ratio, and
determines whether to update the filter coefficients.
This ensures adaptation when no double talk is
present or halts updates when overlapping speech is
detected [13].

Various DTD algorithms exist, with the most widely
used being the Geigel algorithm and those reliant on

2)

3)

Near-end signal

A4

Adaptive filter /
Evaluation
of eqho path Echo path
o(n) 6(n)
//
il ‘ _ : |
Estimated echo z(n) Echo signal
Filter update e« - v z(n)
Detector A4
+

< ‘ * /\1 O] <+«— (n)
Echo-compensated signal \J Microphone signal Subscriber signal

m(n) - 2(n) m(n) = w(n) + z(n)

Fig. 2. Connection diagram of the double-talk detector in conjunction with an adaptive filter
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cross-correlation calculations, such as Benesty and
Normalized Cross-Correlation (NCC) [14].

The Geigel algorithm fundamentally works by
analyzing and comparing the power levels of two
signals: the microphone signal, which may include echo
and/or near-end speech; and the far-end reference signal
transmitted to the loudspeaker. When the microphone
signal consists solely of echo without near-end speech,
its power is lower than the reference signal due to
attenuation along the acoustic path. However, when near-
end speech is introduced alongside the echo, the overall
power of the microphone signal rises substantially. This
increase in signal strength enables the algorithm to
identify effectively the presence of double talk.

In contrast to the Geigel energy method, the Benesty
algorithm employs a normalized -cross-correlation
coefficient to analyze the relationship between the far-
end signal (reference echo) and the microphone signal
(a combination of echo and near-end speech). A higher
correlation coefficient signifies that the microphone
signal is predominantly influenced by echo, whereas
a drop in the correlation suggests the emergence of
near-end speech. This technique delivers more precise
detection when compared to basic power comparison
methods.

The normalized cross-correlation algorithm
computes decision statistics by examining the
interplay between the microphone signal and the error
signal which represents deviation between the actual
echo and its estimated counterpart. This approach
relies on assessing the dispersion of the near-end
signal (the useful signal) and evaluating the cross-
correlation between the microphone and error signals.
By normalizing with respect to signal power, the
algorithm maintains robustness against fluctuations in
signal levels, a crucial attribute in dynamic acoustic
environments.

PRACTICAL IMPLEMENTATION
OF THE PROTOTYPE USER INTERFACE

A prototype UIU has been designed to facilitate the

modeling and testing of algorithms. The appearance of
the device is shown in Fig. 3.

_ Protective lid

Speaker
_ SOS Button
Miprophone
— Color
indicator

Fig. 3. Appearance of the designed UIU

The device is positioned on the steering apparatus of
a two-wheeled vehicle, within easy reach of the driver.
It features a microphone, speaker, an SOS button for
contacting emergency services, a status indicator for
the device, and a protective cover to avoid unintentional
activation. The device layout and the UIU components
are shown in Fig. 4.

Fig. 4. ECS placement on a two-wheeled vehicle

Since the speaker and microphone are housed within
the same unit and positioned closely together, acoustic
echo tends to manifest quite prominently [15]. In order
to mitigate this issue, the use of a digital signal processor
within the modem is suggested, while auxiliary
computations can be handled by the microcontroller in
the main unit. The UIU functional diagram is shown
in Fig. 5.

The pathway of the acoustic speech signal as it
passes through the UIU is shown in Fig. 6. Within the
codec housed in the UIU, the analog signals from the
microphone and speaker are transformed into digital
data. The reverse process (via the I2S interface®)
is also performed at this stage. The signal is then
transmitted via the RS-485 interface’ to the main unit,
the primary function of which is to ensure robust noise
immunity. Subsequently, the main unit microcontroller
transfers the signal to the IS interface, directing
it toward the modem. Given that the I°S interface is
designed for short-range transmission, integrating
the RS-485 interface proves to be a highly effective
solution [16].

The ECS main unit consists of the Telit
LE910 modem (manufactured by Telit Cinterion,
Italy) and the NAU8810 codec (produced by Nuvoton
Technology Corporation, Taiwan). The modem
operates on a Qualcomm chipset and integrates a digital
signal processor developed by the same company.
Configuration of the digital processor parameters is
managed via the user interface of the Qualcomm QACT
software (Qualcomm, USA).

4IPS (Inter-Integrated Circuit Sound) is a standardized
electrical serial bus interface for connecting digital audio devices.

5 Recommended Standard 485 is the physical layer standard
for an asynchronous interface.
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Fig. 6. Pathway of the acoustic speech signal passing through UIU

DEVICE TESTING

Figure 7 shows the block diagram of the test
bench designed for evaluating and analyzing voice
quality. The emergency communication system,
mounted on a two-wheeled vehicle, is linked to a radio
communication tester via cellular network connectivity.
Additionally, the audio input of the tester is connected
to a computer equipped with the HEAD Analyzer
ACQUA software (HEAD Acoustics GmbH, Germany).
This software provides a comprehensive suite of audio
tests for assessing the quality of speech signals. Its
operational algorithm enables voice quality testing
from both the operator’s perspective and the vehicle
driver’s viewpoint.

During operator trials, calibrated audio signals are
sent to the radio communication tester, passed through
the ECS modem, and routed along the speech path to
the UIU speaker. From there, these signals are received
by the mannequin’s artificial hearing aid and analyzed
using the HEAD Analyzer ACQUA software.

Testing on the vehicle’s driver side involves
transmitting calibrated audio signals from the mannequin’s
artificial hearing aid via the UIU microphone to the
modem. These signals are then routed through the radio
communication tester and analyzed using dedicated
software.

To replicate street ambient noise, the noise scenarios
management workplace is employed within a soundproof
test chamber.
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Fig. 7. Structural diagram of the DCS test bench

Table. Duplex DCS performance type parameters

Quality class
Parameter ! 2 2b % 3
Full duple)} Partial duplex communication Half dgple?i
communication communication
AH S, dt’ dB <3 <6 <9 <12 >12
Configuring the digital signal processor and The requirements must be fulfilled under both

microcontroller algorithms allows voice communication
performance to be attained between the emergency
operator and the wvehicle driver in compliance
with GOST 33464-2015°. Although the methods
outlined in this standard are primarily designed for
in-car testing, they can also be adapted for two-wheeled
vehicles. Below is an overview of the tests conducted on
the most critical performance indicators.

ATTENUATION IN THE TRANSMISSION CHANNEL
IN DOUBLE-TALK MODE

While subscribers engage in simultaneous
conversations, the maximum allowable decay AH’ S, dt
introduced by the DCS into the transmission channel S
is regulated by GOST 33464-2015. This is verified
using the procedures outlined in GOST 33468-2015,
specifically in paragraph 7.9.2. The level of attenuation
is dependent on the DCS performance type, categorized
by quality class for duplex communication, and must
align with the specified values detailed in the table.

6 GOST 33464-2015. Interstate standard. Global navigation
satellite system. Road accident emergency response system.
In-vehicle emergency call device/system. General technical
requirements. Moscow: Standartinform; 2017. 86 p. (in Russ.).

normal signal conditions, and when there is an imbalance
in signal levels. The following two specific signal level
scenarios should be tested:

e standard signal levels for both reception and
transmission;

e a scenario where the transmission signal level is
increased by 6 dB, while the reception signal level is
decreased by 6 dB.

The test involves two sequences of uncorrelated
composite source signals (CSS) transmitted and
received simultaneously, with a partial temporal
overlap to simulate the dynamics of concurrent
communication.

The initial segment of each CSS period (representing
a voiced sound, displayed in black in Fig. 8) moving
in one direction overlaps with the concluding segment
of each CSS period (characterized by pseudo noise,
displayed in white) traveling in the opposite direction.
The analysis is conducted during active signal instances
aligned with the transmission direction.

Prior to initiating testing, the echo canceller should
be configured to achieve maximum echo cancellation.
This is accomplished using a training sequence on the
receive channel, comprising 10-second recordings of
both male and female voices.
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Fig. 8. Test signals used to determine the attenuation range in the transmit direction during a simultaneous conversation.
The signal in the transmit direction is denoted as S(t), and the signal in the receive direction is denoted as S (1)

The signal strength of the transmission channel is
evaluated in the time domain using an integration time
constant of 5 ms. A time-based relationship for signal
strength is established. Signal attenuation within the
transmission channel is assessed by comparing the
signal strength during simultaneous double talk or
two-way conversation to that observed during one-
way conversation (specifically during reception signal
pauses), assuming that the transmission channel is fully
active. This analysis covers the complete test sequence,
beginning with the second period of the CSS signal.

Figures 9 and 10 present the measurement results.
Figure 9 illustrates near-end recordings overlaid on
a single timeline, both during silence and in the presence
of the far-end signal emitted through the loudspeaker
system. In Fig. 10, the volume level is displayed on
a linear scale with values provided in volts: these
readings were captured after processing through the
measuring system’s vocoder. This figure represents
the signal ratios derived from Fig. 9, highlighting
that the near-end signal, when accompanied by the
far-end signal, is consistently quieter compared to its
level during silence. The curve values are expressed as
negative numbers.

1.00
0.75

0.50 Single talk

0.25

>
S 0
-0.25

~0.50 Double talk

-0.75

-1.00

2200 2225 22502275 23.00 23.25 23.50
t,s
Fig. 9. Signal strength versus time
for a one-way and two-way conversation
in the presence of a far-end signal, integrated
with a time constant of 5 ms

As a final estimate, the value of the maximum
permissible attenuation is calculated in the following way:

5 lend

[ 1L,

start Istart

AH,S,dt = :

end

t
wherein L 5(?) is the instantaneous attenuation at time ¢
in dB, (7,4 — t,) 15 the duration of the time interval,
and 5 is the sampling step in ms.

Attenuation is defined as the average value of the
area under the curve, obtained by integrating a signal
with a time constant of 5 ms. This value is calculated by
dividing the total area across all intervals by the number
of samples used for integration, as shown in Fig. 10. In
addition, the level curve is also integrated with a 5 ms
time constant, in order to minimize the risk of distortion
in the results caused by random short-term fluctuations.

The results obtained and analyzed using the

HEAD Analyzer ACQUA software correspond to class 2a
and meet the requirements of GOST 33464-2015.

5

| T

-15

L,dB

-20

-25

-30
Double talk

-35

22.00 22.25 22.50 22.75 23.00 23.25 23.50
t,s

Fig. 10. Ratio of the signal transmitted
during a two-way conversation scenario to that
of a one-way conversation scenario over time,

integrated with a time constant of 5 ms
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Fig. 11. Acoustic signal processing and propagation delays

Similar tests are conducted under conditions where
the transmit signal level is increased by 6 dB and the
receive signal level is decreased by 6 dB. In other words,
this scenario corresponds to the near-end sound being
6 dB louder while the far-end sound, played through
the device’s speaker, is 6 dB quieter. Even at standard
volume levels, the performance measurements stay
within acceptable boundaries.

ECHO ATTENUATION STABILITY OVER TIME

When a test signal, combined with an artificial
voice signal at a nominal level, is transmitted
through the DCS reception channel, the echo signal
attenuation in the DCS transmission channel should
remain stable over an extended measurement period.
Specifically, this attenuation should not decrease by
more than 6 dB from its peak value, as outlined in the
standards set forth in GOST 33464-2015, as well as the
verification procedures detailed in GOST 33468-2015,
paragraph 7.7.3.

The first test signal consists of a periodically
repeated combined CSS signal, evaluated at two average
signal levels: =5 dBm0 and —25 dBmoO.

For the second test signal, a 10-second sequence
is used, featuring both male and female voices, each
having an average level of =16 dBm0. The analysis is
conducted across the entire duration of the signals.

The echo cancellation rate is plotted against time.
With an integration time constant of 35 ms, the system
effectively smoothes random fluctuations and reduces
the influence of short-term interference, ensuring more
accurate measurement outcomes.

The CSS signal plot represents the curve of the
ratio between the strength of the recorded signal in the
transmit direction, while the strength of the reproduced
signal in the receive direction. A key consideration is
that one of these ratio signals should be time-offset
to account for physical and software delays inherent
in acoustic signal processing and propagation. These
include: sound signal propagation delays Tqgyp, (Where
S stands for signal and SND signifies sound); delays
stemming from the software processing of the audio

signal S within the Tg-,, speech codec (where
S stands for signal and COD signifies codec); and
delays introduced by software handling during
transmission over the communication system network
Tgyg (SYS referring to system). The cumulative
propagation delay across the transmission channel,
Tssum = Tssnp T Tscop + Tsyss 18 measured as the total
time taken for the acoustic speech signal to travel from
the sound pressure level measurement point—Iocated
25 mm ahead of the human lips or the emission ring
of an artificial mouth device (referred to as the mouth
reference point, MRP)—to the point of interface (POI).
The POI marks the electrical speech signal’s connection
and level measurement reference within the receiving
and transmitting channels of a mobile communication
system simulator, following decoding. This process is
illustrated in Fig. 11.

For a CSS signal, the time-dependent behavior
of echo cancellation is illustrated in Fig. 12. The
overall curve level remains minimal because the
reproduced far-end signal contains only a low-level
echo component. From the perspective of assessing
stability in echo cancellation over time, the system
is deemed stable if the difference between the
minimum and maximum values during evaluation
stays within 6 dB. It is important to highlight that
this evaluation focuses solely on eight active sections
of the CSS signal, excluding pauses, giving the
measurement mask a toothed appearance. According
to the HEAD Analyzer ACQUA’s results, the echo
attenuation stability test is successfully passed across
different time intervals.

Figure 13 illustrates the time-dependent variation
of the echo level for an artificial voice signal. Instead
of directly comparing the artificial voice signal
with the reproduced far-end signal, the focus is on
evaluating the transmission signal stability (echo-
opening, curve /) when artificial voice signals,
representing male and female voices (curve 2), are
reproduced on the far-end side. The system is deemed
stable, if the difference between the minimum and
maximum values observed during the evaluation
remains within 6 dB.

Russian Technological Journal. 2025;13(6):63-77

73



A device for calling emergency operational services to provide voice communication between
the driver of a two-wheeled vehicle and the operator of the ERA-GLONASS system

V.V. Nikitin,
S.U. Uvaysov, D.V. Basov

0
~10 e T e A e
-20
-30
i)
©
4 40
-50 | / : /
/ NAN AW
~60 i\_/‘i/_ L/ -sgnarn |
o1 ) W) C=Upperimit(2)
~70 3 — Lower limit (3) V)
-80
5.5 6.0 6.5 7.0 7.5 8.0
t,s
Fig. 12. CSS echo cancellation rate versus time
with 35 ms integration time constant
0
-10
-20
|
-30
m
©
4 -40
2
-50
Evaluation (7)
-60 — Signal (2)
3 = Upper limit (3)
=70 |1 = | o = Lower limit (4)
80 4

5.0 7.5 10.0 125 15.0 175 20.0
t,s
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OPERATION OF TRANSMISSION CHANNEL
IN ACOUSTIC NOISE

For near-end speech in background acoustic
noise conditions, the signal-to-noise ratio (SNR)
at the output of the transmission channel should be
at least 6 dB. The recommended SNR is 12 dB, as
specified by GOST 33464-2015 and GOST 33468-2015,
section 7.10.1.

Background acoustic noise around the two-wheeled
vehicle are reproduced for both normal and worst-case
noise scenarios.

When tested in noise levels greater than 50 dB (A),
the output level of speech signals should increase
by 3 dB for every 10 dB increase in noise, averaged
over time. This reflects the effect of a person in noisy
surroundings increasing the volume of their voice. The
maximum increment is 8 dB.

An artificial voice serves as the input acoustic test
signal, introduced through the mannequin’s artificial
mouth. Two sequences are employed: one representing
amale voice and the other a female voice, both containing
pauses.

The processed signal is extracted from the
electrical output of the speech codec within the radio
communication tester. In order to estimate signal and
noise levels, an integration time constant of 35 ms
is utilized. The signal strength envelope and pause
noise are then calculated to determine SNR within the
transmission channel.

The measurement outcome is represented as a graph
depicting the envelope of the signal level and the noise
in the transmission path. For active speech regions, an
integrated assessment is performed, as follows:

z
Send

S =

S

Ly (),
tsstart

wherein L p(7) is the signal level in decibels and
,t

start
This value is equal to the area under the curve

in Fig. 14 that corresponds to all active speech segments.
The score value is calculated as follows:

tg Seng M€ time limits for the speech segment.
en

t
Nend

So= [ Lepdt,

t
Dgtart

wherein 7 ar? t are time limits for the speech pause
S

n

noise. The estimzl‘fe value is determined by the area
under the curve shown in Fig. 14, which represents all
noise segments. Both estimates incorporate an integration
time constant of 35 ms, in order to filter out random

e
Yo S

-50

L,dB

-60
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Fig. 14. The envelope level of the signal
and the pause noise in the transmit direction
with a 35 ms integration time constant
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fluctuations in the signal. The operation of the
transmission channel in acoustic noise is deemed
satisfactory when the ratio of integral estimates
exceeds 6 dB. In practical terms, this corresponds to
a relatively soft signal, particularly when operating
within the GSM standard acoustic frequency range of
300-3400 Hz. Therefore, achieving SNR of at least
12 dB is recommended. Naturally, in scenarios with
more severe noise conditions, the estimate will be lower
due to elevated background noise levels, which creates
additional challenges for the system being tested.

The DCS data channel undergoes testing under
different noise conditions derived from recorded
environmental noise. For this evaluation, a street noise
recording with a volume of 68 dB is utilized. Following
the calibration of the microphone gain, speaker settings,
and the DSP algorithms, a signal-to-noise ratio of 11 dB
is achieved, thus successfully meeting the standards
outlined in GOST 33464-2015.

CONCLUSIONS

As part of the project, the DCS prototype has
been developed specifically for installation upon two-
wheeled vehicles. Its primary function is to enable
voice communication between the driver and the
ERA-GLONASS system operator in cases of emergency
or accidents. During the development process, the unique

aspects of the “human-two-wheeled vehicle” interaction
system were carefully examined, highlighting its
distinctive characteristics compared to other dynamic
systems within the broader road transport network.
A variety of system factors, operational features, and
constraints were also considered, such as weight and
size requirements, installation dimensions, and optimal
placement on the dashboard.

In the design of the device, significant focus was
placed on addressing challenges related to acoustic
signal processing, in order to ensure dependable and
high-quality voice communication. Given the close
proximity between the speaker and microphone within
the device, a crucial element was to overcome issues such
as mitigating and compensating for acoustic effects that
accompany voice signals in the communication channel.
In order to address these challenges, noise reduction,
echo cancellation, and echo compensation algorithms
were thoroughly evaluated for their applicability to the
system under development. Subsequent trials and testing
confirm that implementing both analog and digital
speech signal processing algorithms—integrated into the
codec and modem of the device—will deliver superior
voice communication quality between the driver and the
emergency operator.
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