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ABSTRACT The importance of multi-valued data transmission for improving communication throughput
has become apparent with the explosive growth o communication and computing demands. Although
modulation schemes with denser constellations can provide increased data rates, they require a higher signal-
to-noise ratio. On the other hand, sparser constellation formats offer reliable communication thanks to their
greater tolerance to noise, but the throughput is inferior to that with denser constellations. Here, we introduce
an approximate computing/communication that involves the critical notion of quality of information to
tolerate the trade-off between throughput and reliability, which will be important in future high-performance
optical communications and interconnects. In this study, we experimentally demonstrate a dynamically
configured transmission scheme where different modulation formats are adopted according to the importance
of bit sequences on the basis of Radio-over-Fiber (RoF) systems in transmitting floating-point numbers.
The proposed system demonstrated an increased gross throughput of at least 25.1 %, while errors in the
transmitted floating-point numbers were uniformly bounded.

INDEX TERMS Approximate computing, approximate network, digital modulation, floating-point number,
optical interconnection, Radio-over-Fiber.

I. INTRODUCTION impact other performance metrics such as throughput. For

A. BACKGROUND AND OVERVIEW OF THE PAPER

Digital communication systems are susceptible to non-
deterministic bit flips. However, current standards and
protocols for digital communication systems, at least those
for wired ones, require almost error-free data transfer. For
example, IEEE Standard 802.3 [1] requires a mean bit error
rate (BER) at the physical layer service less than or equal
to 1078, Reducing bit flips may require additional signal/bit
processing and consume more energy, which can negatively
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example, forward error correction (FEC) adds redundant bits
to the data bits in order to detect and correct bit flips, which
often results in increased latency [2]. Another issue is related
to linear modulation schemes [3]. Although those with denser
constellations offer greater throughput, they require higher
transmission energy to achieve a low bit error rate and tolerate
the stringent signal-to-noise ratio [3], [4].

The idea of approximate computing [5] relaxes such rigid
requirements for error-free data transfer and is suitable for
applications that can tolerate errors. Recent studies have
shown that various applications can produce results of
acceptable quality even in the presence of errors such as bit
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flips. With this resiliency to errors, many techniques have
been proposed for computing while accepting errors and
approximations [5], [6], [7], [8], [9], [10]. This approach
can be viewed as an exploitation of the gap between the
quality of the service that the user requires and the quality
that the application provides. The literature has demonstrated
that approximate computing significantly enhances improved
energy efficiency and computation speed [5].

When applications employ approximate computing, com-
munication systems do not need to be error-free. In such
cases, we can take advantage of the nature of linear modula-
tion schemes to achieve higher throughputs at the expense of
a higher bit error rate. The concept of quality of information
becomes significant in the context of approximate computing.
From the viewpoint of quality, applications demand a
certain level of data accuracy. Accordingly, the error-prone
communication link should also guarantee the accuracy of
transmission to some extent.

In many cases, the data under study contains bit portions
that have minimal impact on the overall data accuracy,
while other portions are critical. For instance, floating-
point numbers represent a critical example. Bit errors in the
exponent of the number may lead to significant errors in
the represented number, while errors in the least significant
bits in the mantissa may be negligible. Consequently, we can
transfer each portion of the data bits with different levels of
protection from bit errors based on their sensitivity to the
overall accuracy. By switching the modulation schemes bit-
sequence—by-bit-sequence, we can maintain overall accuracy
while increasing throughput. This unequal protection of
bits is feasible because, as previously mentioned, different
modulation schemes provide different bit error rates.

Against such a background, this paper experimentally
demonstrates an approximate communication scheme that
provides unequal protection to bit sequences, whereby several
modulation formats are dynamically switched based on the
information content on the basis of Radio-over-Fiber systems.

The main contributions of the present work are:
1) Proposing a scheme with higher throughput and

configurable quality of the result while the data to send
are not manipulated (Sec. II)
2) Presenting evidence that shows that the scheme exper-
imentally works (Sec. V).
Our investigation of the scheme conducted in the present
study will pave the way toward further exploration of the
ultimate optical communication and interconnect systems,
when the proposed scheme enables the use of a massive
multivalued modulation format with high bit error rates where
the trade-off between information transmission capacity and
the required signal-to-noise ratio becomes an even more
serious concern, meaning that the approach of approximate
communication approach significantly affects the overall
system.
The remaining sections are organized as follows. The
remainder of Sec. I reviews related work. Section II
summarizes the proposed transmission scheme. Section III
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analyses errors in floating-point numbers and throughputs.
Section IV describes the experimental setup. Section V
presents the results. Section VI concludes the paper.

B. RELATED WORKS
Here we review related work in the literature.

1) Most approximate communication techniques can be
categorized into compression, relaxed synchronization,
and value prediction as surveyed extensively in [6]. The
present study does not exploit these conceptual aspects.

2) Approximation of baseband processing is relevant
regarding the dynamic reconfiguration of signals [7].
However, the present study does not exploit stochastic
computing [7] principles.

3) Data transmission over error-prone networks has been
discussed in the literature [8], [9], [11]. In particu-
lar, [11] explores the impact of changing the mod-
ulation format in view of ultrafast optical networks.
However, concrete designs for applications such as
floating point number transmissions and experimental
demonstrations of optical networks have yet to be
examined.

4) Unequal protection of a datum has been discussed
in the literature [10], [11], [12]. In particular, [10]
demonstrated approximate computing by transferring
important data at a high supply voltage, while trans-
ferring non-critical data at a lower supply voltage.
In contrast, the present study does not involve dynami-
cally configuring the voltage level of data transmission;
instead, it reconfigures the modulation format.

5) Floating-point number approximation has been dis-
cussed in various contexts, including, for exam-
ple, unconventional computer arithmetic [13] and
reduced-precision computing [14]. As mentioned ear-
lier, whereas ways of dynamically changing the
modulation format depending on the importance of data
have been examined in the literature [11], concrete
implementations in the case of floating-point numbers,
as well as implementations in RoF-based experimental
apparatuses, have not been explored in the literature.

Il. PROPOSED TRANSMISSION SCHEME

Figure 1 shows a conceptual diagram of the proposed
scheme. When information is transferred over a digital
communication channel, the received information may differ
from the sent information. If the difference is too large,
the received information cannot be considered to be the
same as the sent information. An information representation
typically has parts where errors during transmission lead
to significant differences in the overall information (critical
parts), and other parts where errors do not make much
difference (non-critical parts). The scheme transmits critical
parts using a reliable modulation scheme, and non-critical
parts using a high-capacity modulation scheme. With this
unequal protection, the overall information can be transmitted
in less time with acceptable errors. To ensure acceptable
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FIGURE 1. Concept of the proposed scheme. Information content is
divided into critical and non-critical parts. The critical parts are handled
using a high-reliability modulation scheme, while the non-critical parts
are handled using a high-capacity scheme.

errors, it is important to choose where to separate critical and
non-critical parts based on the information being transmitted.

The proposed scheme is designed for transmitting floating-
point numbers, which approximate real numbers. The double-
precision floating point format (FP64) defined in [15]
consists of a sign bit, 11 bits allotted for the exponent
(exponent bits), and 52 bits for the trailing significand field
(also known as the fraction or the mantissa). Let B = {0, 1}
and represent the sign bit as s € B, the bits for the exponent
ase = {ei}z{l € B!! and the bits for the trailing significand
field as b = {b;}!=}* € B2. The exponent E, fraction T and
the real value x assumed by a given FP64 datum are:

11
E = Ze,»z“—" —1023,
=1

52
T=> b2
i=1
x = (=11 + T)2F. (1)

The payload format in the proposed scheme, as shown in
Fig. 2, follows the basic idea of [11]’s: it sends the sign,
exponent, and several bits of the significand of floating-point
numbers with a slower, lower-BER modulation scheme,
while the remaining bits are sent with a faster, higher-BER
modulation scheme. We call the former modulation scheme
and its bits-symbol map “Mod 17 and the later “Mod 2”.
It is important to note that the transmission scheme in the
proposed approach does not modify the order of the bits
in the data. This means that all 64 bits of an FP64 datum
are transmitted in their original order, without any lossy
compression, truncation, or reordering of bits.

We now define the Modulation Switching Point (MSP) for
each FP64 datum. The MSP indicates that the first MSP bits
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FIGURE 2. Structure of FP64 and payload format for an FP64 datum. The
data is divided into two sets at the index MSP. Dummy bits and paddings
are added to each set in order to eliminate the effect of modulation

switching and to ensure that the bit length is an integer multiple of bits
per symbol.

of an FP64 datum are mapped and modulated in Mod 1,
while the next (64 — MSP) bits are in Mod 2. Since the
MSP may differ among FP64s, we add MSP bits (6 bits)
immediately before the sign bit, which are then mapped
to the symbols by Mod 1. To ensure that the bit length is
an integer multiple of the bits per symbol provided by the
modulation scheme and to account for the time it takes to
switch between the two modulation schemes, the proposed
scheme inserts dummy bits and paddings into the points
where the modulation scheme changes. Specifically, it inserts
“dummy bits 1”* before the MSP bits and “padding 1°* after
the first MSP bits of the FP64 datum, which are then handled
by Mod 1. For the remaining bits, the scheme adds “dummy
bits 2”” between ‘“padding 1" and the last (64 — MSP) bits of
the FP64, and “padding 2 after the FP64 bits. Mod 2 then
maps and modulates these bits. Therefore, the scheme maps
and modulates dummy bits 1, MSP bits, the first MSP bits of
an FP64, and padding 1 by Mod 1, while dummy bits 2, the
last (64 — MSP) bits of the FP64, and padding 2 are mapped
and modulated by Mod 2, as shown in Fig. 2.

IIl. ERROR ANALYSIS

Errors in transmitted data originate from data manipulation,
such as lossy compression, the transmission setup, and
the characteristics of transmission channels. As stated in
the previous section, we do not manipulate data during
transmission. Therefore, any errors in transmission depend
solely on the latter two factors.

A. ERRORS IN FLOATING-POINT NUMBERS

We will now analyze the relationship between errors in
the received FP64 datum and the probability of bit errors.
To begin, we define some notation. Suppose that an FP64
datum is sent through an erroneous transmission channel.
The received datum has the sign bit s, exponent bits
{€], e, ..., €|}, and significand bits {b), b}, ..., b5, }. Inthe
same way as (1), we define E’, T, and m’ as follows:

11
E' ="' — 1023,
i=1
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52 )
T => b2,
i=1
X = (=171 +52F )

With these notations, we can represent the absolute error
between the values represented by the sent and received FP64
datum as follows:

e — x| = 2E|(= 1)’ +T) — (=1’ A + T)2E-E|. (3)

Now we define bit masks F' € B, {G{, G2, ...,G1} €
B'!, and (H;, H;, ..., Hs:} € B> by
F=s5s®5¢,
Gi=e@e; fori=1,2,...,11,
H; =b; ® b, fori=1,2,...,152, 4)

where @ is the bit-wise xor operator B x B — B. Note
that if a bit mask is 1, the corresponding bit has been flipped
during the transmission. A useful property of the bit-wise xor
operator would be that for any a, b € B, the following hold:

b=a® (a®db),
b(—1)'=a®b—a. o)

Using this property, for example, |T — T’| can be written as
52
> Hi(—1)27 (©6)
i=1

Considering the probabilistic nature of bit errors during
transmission, we can treat all the values regarding the
received FP64 as random variables. This probabilistic behav-
ior can be reduced to bit flips, which are directly represented
in F', G;, and H;. Therefore it is enough to define the notation
of the probabilityof F =1, G=1, andH = 1 by

p=PiF =1),
¢g=PrG;=1) fori=1,2,..., 11,
r=Pr(H;=1) fori=1,2,...,52, @)

where Pr(X) denotes the probability of the event X.

For the remainder of the discussion, we assume that the
sign bit does not flip; that is, s = s’. Equation (3) provides a
trivial upper bound of the error

b — | < 2B ®)
If E = E’ we can get a tighter bound

Ix—x'| = 21T — T/

52
=281 > Hi(—1)"27|
i=1
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B. THROUGHPUT OF THE PROPOSED SCHEME

Now we assume that we use for modulation phase shift
keyings (PSKs), which represent each symbol by the phases
of signals. Let Mod 1 be M-PSK and Mod 2 be M>-PSK, and
the bit length of dummy bits 1 and 2 be by, b, respectively.
Then the symbol length of an FP64 datum Sy is

_b1+m+6

b 64 —
Sf— o + m

log, M>

, 10
log, M, (10)
where m = MSP. We write the symbol rate as S. As the
number of FP64 data that can be transmitted in unit time is
S /Sy, the gross throughput Ty is

S
T, = S—(b] + by 4+ 70). (11D
f

We define net throughput 7, by the bit length of an FP64
datum multiplied by the number of FP64 data that can be
transmitted in unit time, written as

S
T, =64—. (12)

Sy
Compared with the case where all the data are transmitted in
Mod 1, the ratio of net throughput becomes

64S/Sr 64
_— = (13)
S Sy

C. TRUNCATED MOD 2

We now consider the case where a portion of the bits that
are to be modulated in Mod 2 is cut from the data and is not
transmitted. This operation is a form of lossy compression,
which appears in [16]. We call this operation “Trnc”, as bits
in Mod 2 are truncated. On the receiver side, an FP64 datum
is recovered by padding the received bits with Os to the length
of an FP64 datum. If bits in Mod 1 do not contain errors, we
can calculate the error in an FP64 datum truncated at MSP by

52
28 D7 b2

form > 12, (14a)
(error) = 11
2EN+T —2FE| forl>m>12, (14b)
where
11 _
E—E = z ai. (15)
Jj=m—1

If MSP is fixed, the throughputs of the Trnc case are written
as

T, =log, M3,
log, M1 S
T, =64—"—. 16
n (MSP) (16)

This suggests that implementing the truncation operation can
improve the throughput performance, but at the expense of
exponentially increased error.
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FIGURE 3. Schematic diagram of the experimental system consisting of
Radio-over-Fiber (RoF), software-defined radio (USRP), and precision time
synchronization modules by wireless two-way interferometry.

IV. EXPERIMENTAL SETUP

To evaluate the proposed scheme we conducted experiments
using the apparatuses depicted in Fig. 3. We utilized two
software-defined radios (SDRs) programmed with National
Instrument’s NI-USRP and LabVIEW Field-Programmable
Gate Array (FPGA) modules, with each SDR connected to
a host computer. The Tx and Rx antennas of the SDRs were
connected to Radio-over-Fiber (RoF) modules via electrical
cables. We inserted a 20 dB attenuator between the Tx of the
USRPs and the Rx of the RoFs, except for the measurement
of BER of BPSK, where a 30dB attenuator was used. The
optical Rx and Tx of the RoFs were wired with 10 m single-
mode optical cables. We transferred symbols at a rate of
5 x 10° symbols/s with a carrier frequency of 2.4 GHz.

The wireless two-way interferometry (Wi-Wi) system
is capable of synchronizing clocks with picosecond-level
precision [17]. We utilized its 10 MHz clocks and 1 PPS
signals as references for the USRPs since the current
proposed system requires a common reference clock to
operate.

We chose Mod 1 and Mod 2 from the set of M-ary
differential phase shift keying (Differential M-PSK) tech-
niques. The details of the modulation and demodulation
operations are described in B, while the characteristics of
the transmitter and receiver are outlined in C. We tested
two methods to switch between modulation schemes: one
that modulates/demodulates all the bits/signals in each
scheme and combines the resulting signals/bits afterward,
and the other that switches the symbol-bit map defining
the correspondence between bits and symbols according to
the bit/signal index during a single modulation/demodulation
process. Ultimately, we chose the latter method due to its
shorter required dummy bit length.

The parameters we varied in our experiments were the
output power of the transmitter, as well as the modulation
schemes, which included Mod 1, Mod 2, and MSP. The output
power can be used to adjust the signal-to-noise ratio, but due
to the inherent instability of channel noise, this ratio cannot
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be uniquely determined by the output power. As a result, the
output power is related to errors in FP64 data through the
BER of the channel, and is not related to the throughput.
In contrast, Mod 1, Mod 2, and MSP are related to both errors
and throughput.

Finally, the length of the dummy bits n and n; are decided
using the following formula:

nj = lngMi, (17

where M; represent the number of symbols that M;-PSK can
generate.

V. RESULTS

A. DATA DEPENDENCY OF ERRORS AND THEIR
DISTRIBUTION

As discussed in the analysis presented in Sec. III, the upper
bound of the absolute error in a received FP64 datum
increases as the exponent of the datum becomes larger.
Figure 4 plots the experimentally observed distributions
of absolute error for different exponents of the original
FP64 data. In addition, for reference, Fig. 4 shows the mean
absolute error when the bits in Mod 2 are truncated. Mod 1,
Mod 2, MSP and the output power are set to QPSK, 8-PSK,
12 and —1.387 dBm with a 20dB attenuator (typical SNR
per bit was 9.60dB), respectively. No bit error is observed
at the sign bit and the exponent bits, which are transmitted in
QPSK. The exponents of the transmitted data are uniformly
distributed from —5 to 4, while the mantissas are randomly
chosen from the uniform distribution. The maximum error
increases by roughly a factor of 2 for each increment in the
exponent, and the mean error grows at almost the same rate.
It should be noted that data with no error, which are invisible
in Fig. 4, accounted for 54.0 % of the total data. For the Trnc
case, the errors are as large as the maximum error observed
in the case when Mod 2 is 8-PSK. Also as (14a) implies, the
errors in the Trnc case converge to their mean. It depends on
the application whether such accuracy loss is critical.

B. THROUGHPUT AND ERROR

As pointed out in Sec. III, throughput is related to Mod 1,
Mod 2 and MSP, while absolute error is related to the
signal-to-noise ratio. Thus when we examine the relationship
between the throughput and the error, we should fix the
signal-noise ratio, or at least the output power. We set the out-
put powers for each Mod 2 as listed in Table 1. For the
remainder of this subsection, Mod 1 is set to QPSK and unless
otherwise noted, MSP is set to 12. Mod 2 and the output
power are set according to Table 1. Bit errors in the sign and
exponent bits were not observed.

Figure 5 illustrates the mean error in received FP64 data
and throughput as a function of the modulation format in
Mod 2 when the exponent is specified by E = —1. For
Trnc, as it truncates all the fraction bits when MSP = 12, the
mean error becomes larger. Herein, net and gross throughput
are defined by (12) and (11), respectively. When Mod 2 is
QPSK, the dummy bits and MSP bits are not added since there

VOLUME 11, 2023
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TABLE 1. The output powers for each modulation scheme to compare
errors. Mod 1 is set to QPSK.

QPSK 8-PSK 16-PSK
Output power[dBm] 0.613 0.613 1.613
Typical SNR per bit [dB] 10.0134  10.7723  10.0609
Typical BER 0 0.00036 0.064

is no switching of modulation schemes. We observed that
the modulation scheme with denser constellations provides
higher net and gross throughput, as well as larger mean error
in FP64 data. The Trnc scheme outperforms others in terms
of the net throughput. For the 8-PSK and 16-PSK cases, the
increases in net throughput compared to the QPSK case were,
in this settings of signal-to-noise ratio, 7.5 % and 24.2 %,
respectively, though those in gross throughput were 30.6 %
and 57.5 %, respectively. Therefore we confirm that when
Mod 2 is M-PSK with larger values of M, the throughputs
becomes higher while the mean errors in floating-point
numbers increases, thus the trade-off between throughput and
the error holds.

The function of MSP is now examined. Figure 6 summa-
rizes the observed mean error and throughput as a function
of MSP with respect to each exponent E£. Mod 2 is set to
8-PSK. The mean error decreases roughly by a factor of
2 as MSP increases. If MSP enters the exponential bits, the
mean error should increase since the exponent may become
larger. This occurs only at MSP = 4 in Fig. 6, where the
mean error becomes around 10'83. The plotted throughputs in
Fig. 6 indicates that, as expected, that larger MSPs decreases
both net and gross throughputs. Therefore, there is a trade-off
between larger error and higher throughput.
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C. BOUNDING ERROR BY DYNAMIC CONFIGURATION OF
MSsP

Using the property of MSP from the former subsection,
we can achieve the uniform bound of absolute errors in
received FP64 data. Let the required error bound be 2%,
as previously defined. We use (9) to determine the MSP to
satisfy |r — r’| < 2% . With adequate SNR per bit, Mod 1 can
be seen as “‘error-free’’; we can assume that no bit error occur
before MSP. In this case, the sufficient condition of MSP
would be:

Ix — x/| < 2E—n+12 < e (18)

where m is MSP. Thus, MSP = m = E — ¢; + 12 would be
enough.
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—1.387dBm and SNR per bit was 8.38 dB. Comparing the distribution with
Fig. 4, the error was bounded by 2—12.

By setting MSP as such and ¢, = —12, we observed
the distributions of absolute error as shown in Fig. 7.
Remarkably, all the errors were confirmed to be smaller than
the required bound. With E — e; larger than 52(with ¢, =
—12, E > 40, which is on the order of 10'2), we have
to set MSP to 64, transmitting all the bits in Mod 1. The
throughput of this transmission scheme depends on the data
and required error bound. FP64 data of the larger absolute
values or smaller bounds take more time to be transmitted.
The experimental case had net throughput of 1.0092 Mbit/s
and gross throughput of 1.2543 Mbit/s. Thus, in this case, the
gross and net throughput increased, compared to the QPSK
case of Fig. 5, by 25.1 % and 1.0 %, respectively. Note the
decrease of throughput depends on the data.

VI. CONCLUSION

The increasing demand for higher communication and
computing capacity highlights the need for multi-valued
data transmission to improve communication throughput.
Denser constellation modulation schemes can provide higher
data rates but require a higher signal-to-noise ratio, while
sparser constellation formats offer greater noise tolerance at
the expense of lower throughput. Approximate computing
introduces the concept of quality of information to balance
the trade-off between throughput and reliability, which is
crucial for future high-performance optical communica-
tions and interconnects. In this study, we experimentally
demonstrate a dynamically configured transmission scheme
where two different modulation formats are adopted based
on the importance of the bit sequence in transmitting
floating-point numbers over Radio-over-Fiber (RoF) systems
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TABLE 2. Structure of the header.

Field name Size (bits) Value | Description

Guard Bits 16 OxFFF | padding

Sync Number 16 0xE98A | unique word!

Header 32 | OxFFAAFFAA | indicates the header

Datasize 32 any | payload size in bits
1: BPSK, 2: QPSK,

Mod 8 106 | 3.5 psK, 4: 16-PSK

Reserved 8 0to64 | notused

MyID 16 any | ID of the sender

SendID 16 any | ID of the receiver

Index 16 any | packet index

Time 32 HHMMSSuu | timestamp

with Software-defined radio (SDR) and wireless two-way
interferometry (Wi-Wi). To be specific, the proposed system
transmits the sign, exponent, and most significant bits of the
mantissa with a modulation scheme that is highly tolerant
to noise, while least significant bits of the mantissa are
managed by a modulation scheme that can transmit a large
number of bits per symbol. The boundary between the modu-
lation schemes was called the Modulation Switching Point
(MSP), which is even dynamically configured in real-time
depending on the information content to be transmitted.
We experimentally confirmed and characterized the trade-off
between the resultant error of the floating-point numbers and
the throughput depending on the setting of MSP and the
modulation format employed for the less-critical information
content. Finally, we experimentally demonstrated that by
dynamically changing the MSP depending on the exponent
of the floating-point numbers, the resultant error is always
smaller than a specified bound. With these results we believe
that we have introduced a novel approximation that can be
employed in digital communication systems. The next step
would involve extending the proposed scheme to other data
structures and further speedup of the scheme.

APPENDIX A

PACKET FORMAT

Header Format: The scheme involves adding a 384-bit header
to each packet. The first 192 bits are modulated using Mod 1,
while the remaining 192 bits are modulated using Mod 2.
Both have the same structure, which is listed in Table 2.
We repeated exactly the same header because we needed it
in the other modulation/demodulation method we tested.

APPENDIX B

MODULATION SCHEME

Figure 8 shows a block diagram of demodulation executed on
a host computer. Before that, the SDR amplifies the incoming
signals, downconverts them to the baseband I/Q components,
digitizes, and then passes the signals to the host computer.
The demodulation process on the host computer can be
roughly divided into three stages, as shown by gray rectangles
in Fig. 8. The host executes the process by switching the
maps to convert symbols to bits, according to the index of
the signal they are processing. The first stage in the top gray

lThough it is not necessary, this field is allocated for extensiblity.
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FIGURE 8. Block diagram of demodulation. All the blocks are digitally
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FIGURE 9. Measured relationship between signal-to-noise ratio per bit
and BER.

rectangle is resampling and removal of “large” frequency
offsets based on the method from [18]. The second stage
in the middle rectangle performs filtering, downsampling,
and normalizing. Here the block “Max Eye” determines
from which samples symbols should be extracted using the
Max Eye algorithm. The final stage in the bottom rectangle
removes “fine”” frequency offsets, and finally the symbols go
to the Map block to be mapped to a bit stream.

APPENDIX C

TRANSMITTER AND RECEIVER CHARACTERISTICS

We measured the signal-to-noise ratio versus bit error rate for
each modulation, which is shown in Fig. 9. We confirmed

VOLUME 11, 2023

that the transmission channel noise is the sum of a DC
offset and additive white Gaussian noise (AWGN), without
correlation between the in-phase noise and quadrature-phase
noise.
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