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Rate-Adaptive Modulation and
Low-Density Parity-Check Coding for
Optical Fiber Transmission Systems
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Abstract—We propose a rate-adaptive optical transmission
scheme using variable-size constellations at a fixed symbol
rate and variable-rate forward error correction (FEC) codes
with soft-decision decoding (SDD), quantifying how achievable
bit rates vary with transmission distance. The scheme uses
outer Reed–Solomon codes and inner extended irregular
repeat-accumulate low-density parity-check (LDPC) codes to
vary the code rate, combined with single-carrier polarization-
multiplexed M-ary quadrature amplitude modulation with
variable M and digital coherent detection. LDPC codes are
decoded iteratively using belief propagation. Employing M =
4,8,16, the scheme achieves a maximum bit rate of 200 Gbit/s
in a nominal 50-GHz channel bandwidth. A rate adaptation
algorithm uses the signal-to-noise ratio (SNR) or the FEC
decoder input bit-error ratio (BER) estimated by a receiver
to determine the FEC code rate and constellation size that
maximize the information bit rate while yielding a target
FEC decoder output BER and a specified SNR margin.
We simulate single-channel transmission through long-haul
fiber systems with or without inline chromatic dispersion
compensation, incorporating numerous optical switches, eval-
uating the impact of fiber nonlinearity and bandwidth
narrowing. With zero SNR margin, we achieve bit rates of
200/100/50/20 Gbit/s over distances of 960/2800/4400/9680 km
and 1920/4960/8160/19,360 km in dispersion-compensated and
-uncompensated systems, respectively, corresponding to an
increase of about 50% in reach compared to a reference system
that uses a hard-decision FEC scheme. Compared to an ideal
coding scheme, the proposed scheme exhibits a performance
gap ranging from about 4.0 dB at 960 km to 2.7 dB at 9680 km
in compensated systems, and from about 3.9 dB at 1920 km
to 2.9 dB at 19,360 km in uncompensated systems. Observed
performance gaps are about 2.5 dB smaller than for the
reference hard-decision FEC scheme, close to the improvement
expected when using SDD.

Index Terms—Adaptive modulation; Coherent detection;
Forward error correction; Information rates; Optical fiber com-
munication; Quadrature amplitude modulation; Variable-rate
codes.

I. INTRODUCTION

M odern wireline and wireless communication systems
use rate-adaptive transmission, trading off spectral

efficiency for reliability. Depending on the channel conditions,
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which are often time varying, the link parameters are adjusted,
including the constellation size, forward error correction (FEC)
code rate, used bandwidth and power allocation. In contrast, to
date, commercial optical transmission systems have employed
fixed bit rates.

Rate-adaptive optical transmission techniques can enable
increased bit rates over shorter links, while enabling transmis-
sion over longer links when regeneration is not available. They
are likely to become more important with increasing network
traffic and a continuing evolution toward optically switched
mesh networks with flexible transceivers and switches [1],
which make signal quality more variable. Rate-adaptive
optical transmission could help improve network robustness,
flexibility and throughput.

Variable-rate transmission using variable-rate codes with
fixed constellations was proposed in [2], and was extended to
variable-size constellations in [3]. References [2,3] report the
use of hard-decision FEC decoding. FEC schemes in optical
communications have evolved over several generations [4],
starting from a single block code with hard-decision decoding
(HDD), followed by concatenated block codes and more
recently iterative soft-decision decoding (SDD) of various
constituent codes [5,6], seeking the highest possible coding
gain. In this paper, we propose variable-size constellations
and variable-rate FEC codes with SDD, achieving higher
coding gain than in [3]. Variable-rate transmission using
SDD FEC was recently studied in [7], employing quasi-cyclic
low-density parity-check (LDPC) codes with rates from 0.67
to 0.92, combined with variable-size quadrature amplitude
modulation (QAM) constellations. In our FEC scheme, instead
of using LDPC codes only, we concatenate them with outer
HDD codes in order to mitigate potential error floors of SDD
FEC codes, similar to [8,9]. We also provide a wider range of
code-rate variation and use a different method for constructing
LDPC codes than in [7]. In systems with or without inline
chromatic dispersion (CD) compensation, we quantify the
achievable information bit rate versus distance and estimate
the performance gap between the proposed scheme and an
ideal coding scheme that achieves information-theoretic limits.
We also compare the results of this paper to those in [3] in
order to quantify performance improvements between hard-
and soft-decision FEC schemes.

This paper is organized as follows. In Section II, we
describe the proposed scheme using variable-rate codes and
variable-size constellations, and a rate adaptation algorithm
that uses the measured signal-to-noise ratio (SNR) or bit-error
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ratio (BER) to determine the maximum information bit rate
that can be supported. In Section III, we describe simulations
of the rate-adaptive scheme in a model terrestrial network. In
Section IV, we present simulation results, including achievable
information bit rates as a function of distance, with or without
CD compensation. In Section V, we discuss observed trends
of SNR versus distance and compare the performance of the
proposed scheme to information-theoretic limits. We present
conclusions in Section VI.

II. RATE-ADAPTIVE MODULATION AND CODING

SCHEME

A. Variable-Size Constellations

We use polarization-multiplexed M-ary QAM (PM-M-QAM)
with modulation orders M = 4,8,16. We use Gray mapping
for 4- and 16-QAM square constellations and an optimal bit
mapping [10] for the 8-QAM cross constellation, as shown in
Fig. 1.

B. Variable-Rate FEC Coding Scheme

Our FEC scheme uses concatenated Reed–Solomon (RS)
codes and LDPC codes, referred to as RS–LDPC codes
throughout the remainder of this paper. An LDPC code is a
linear block code defined by a parity-check matrix containing
a low density of one bits, and which can achieve performance
approaching information-theoretic limits [11]. At very low
error rates, LDPC codes exhibit error floors that become
more difficult to avoid at high code rates and moderate block
lengths [12], so we add a high-rate outer RS code to reduce
error floor effects, as in [9]. An RS code is a linear block
code with strong capability to correct both random and burst
errors [13]. In an RS–LDPC code, the inner LDPC code
provides most of the coding gain.

We employ a family of variable-rate LDPC codes that
are used in second-generation digital video broadcasting
(DVB-S2), which broadcasts high-speed data from satellites
to mobile devices [8]. The DVB-S2 LDPC codes are designed
using an extended irregular repeat-accumulate (eIRA) method
that is suitable for producing high-rate codes offering good
performance and reduced encoding complexity (which can be
high for general LDPC codes) [14]. The DVB-S2 standard
provides ten codes with codeword lengths of 16,200 bits and
code rate ranges from about 0.25 to 0.9. We choose six codes,
where the highest rate code, with code rate 0.89, offers a
net coding gain of about 10.5 dB at a decoded BER of
10−13, comparable to third-generation FEC codes for optical
communications [4]. Here, we perform iterative SDD using
the belief propagation (BP) algorithm [15]. The rates of our
constructed codes and their performance for M = 4,8,16 on an
additive white Gaussian noise (AWGN) channel are shown in
Fig. 2, where nLDPC and kLDPC indicate the lengths in bits of
the codeword and message word, respectively.

There are several options for generating variable-rate LDPC
codes. First, one can use different codes for different code rates.
This approach increases encoder/decoder hardware complexity.
Second, one can puncture a low-rate mother code to generate

Fig. 1. QAM constellations with bit-to-symbol mappings. (a) Square
4-QAM. (b) Cross 8-QAM. (c) Square 16-QAM.

higher-rate codes [16]. Puncturing is effective typically over
only a small range of code rates, and puncturing patterns
must be carefully chosen to prevent performance degradation.
Third, one can shorten a high-rate mother code to generate
lower-rate codes [17]. Shortening results in a code with a
shorter message word length as compared to codes having the
same code rate but having codeword length equal to that of
the mother code, which prevents construction of very high-rate
outer RS codes that have a fixed error correction capability.
Shortening also reduces the codeword length (as compared to
the mother code), which mandates higher decoder throughput
requirements at lower information bit rates. Fourth, one
can employ various puncturing-and-extending methods, as
proposed in [18,19], but these exhibit some limitations, such
as limited supported code rate ranges and increased decoder
complexity. Based on these considerations, we have chosen to
use different LDPC codes for different rates, utilizing verified
good codes at each different rate, avoiding a long search time
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Fig. 2. Performance of inner LDPC codes on an AWGN channel with
six different rates, in terms of LDPC decoder output BER versus SNR
per symbol. The BP algorithm uses 50 iterations. The SNR per symbol
is measured at the equalizer output (i.e., the LDPC decoder input)
and Pb,out,LDPC is measured at the LDPC decoder output (i.e., the
RS-encoder input). (a) M = 4. (b) M = 8. (c) M = 16.

to find good puncturing patterns, minimizing the overheads
when concatenating with outer RS codes, and minimizing the
decoder throughput requirements.
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Fig. 3. Performance of outer RS codes with six different rates, in
terms of input and output BERs of the RS decoder. The Pb,in,RS and
Pb,out,RS values are measured at the input and output of the RS
decoder, respectively.

We employ, as outer codes, RS codes offering an error
correction capability of 25 symbols. A family of variable-rate
RS codes in GF(211) is constructed by shortening a mother
code that has a highest rate of 0.98. Note that the RS
shortening does not induce any additional decoder throughput
requirements, which is determined by the length of the inner
LDPC codeword. We employ HDD of the RS code [13]. The rates
and performance of our constructed codes are shown in Fig. 3,
where nRS and kRS indicate the length of the codeword and
message word in units of 11 bits, respectively, and Pb,in,RS and
Pb,out,RS are input and output BERs of the RS decoder. The
curves in Fig. 3 have been calculated analytically assuming
independent errors and no decoding failures [20].

We linearly interleave RS-encoded bits prior to LDPC
encoding. To align the number of RS-encoder output bits (nRS)
to the number of LDPC-encoder input bits (kLDPC), we perform
a shortening of DVB-S2 LDPC codes (by less than 11 bits).
The code parameters for RS and LDPC codes are listed in
Table I, where km denotes the length of the message word for
the mother code (the codeword length for the mother code, nm,
can be calculated as nm = km +n− k). The encoding procedure
of RS–LDPC codes is illustrated in Fig. 4.

We assume that line encoding and RS–LDPC encoding are
performed on a single serial bit stream, after which bits are
mapped in round-robin fashion to the 2 log2 M tributaries of
the PM-M-QAM signal as in [3].

C. Rate Adaptation Algorithm

Given a symbol rate Rs, an RS–LDPC code rate rC , a line
code rate rL, and a modulation order M, the information bit
rate Rb can be calculated as

Rb = 2rLrCRs log2 M, (1)

assuming PM transmission.
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TABLE I
RS AND LDPC CODE PARAMETERS: LENGTHS OF MESSAGE WORD AND CODEWORD

Code kRS(kRS,m) nRS kLDPC(kLDPC,m) nLDPC rC

1 1259 (1997) 1309 14,399 (14,400) 16,199 0.855
2 1095 (1997) 1145 12,595 (12,600) 16,195 0.744
3 833 (1997) 883 9713 (9720) 16,193 0.566
4 604 (1997) 654 7194 (7200) 16,194 0.410
5 440 (1997) 490 5390 (5400) 16,190 0.299
6 244 (1997) 294 3234 (3240) 16,194 0.166

Notes.
The notation is defined in the text.
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Fig. 4. Constructing variable-rate inner RS and outer LDPC codes by
shortening the mother codes. The overall RS–LDPC encoding process
is also illustrated.

We quantize the achievable bit rate Rb into multiple seg-
ments Rb,i , i = 1,2, . . . , Ns, where Rb,i > Rb,i+1. Each Rb,i can
be represented by a set of transmission parameters (M, rC)i ,
commonly referred to as a mode. For each transmission mode,
we define a threshold value for channel state information
(CSI), CSIth,i , at which (M, rC)i can achieve a target decoder
output BER, Pb,out,req, on an AWGN channel. The transmitter
monitors variations of CSI estimated and reported by the
receiver, and adjusts the RS–LDPC code rate and constellation
size to maximize Rb, while achieving the target BER Pb,out,req
at the RS decoder output. We consider two possible choices for
CSI: (a) SNR, which is the SNR per symbol estimated at the
equalizer output, or (b) Pb,in,RS, which is the BER measured
at the RS decoder input (LDPC decoder output). We design the
rate adaptation algorithm such that it can provide an arbitrary
specified SNR margin µ (in dB).

Figure 5 shows information bit rates and threshold values
of SNR for different combinations of (M, rC) on an AWGN
channel. Information bit rates are computed using Eq. (1),
and required SNR values are obtained by combining Figs. 2
and 3 with Pb,out,req = 10−15. The filled (M, rC) combinations
represent a possible choice of transmission modes using SNR
as CSI. The transmission modes using Pb,in,RS as CSI can be
defined as described in [2]. Figure 5 also shows the capacity of
an ideal discrete-time AWGN channel transmitting at symbol
rate Rs in two polarizations, which is computed by the formula

C = 2Rs log2 (1+SNR). (2)

M P

Fig. 5. Information bit rate versus threshold SNR per symbol for
PM-M-QAM on an AWGN channel. Information bit rates are computed
using Eq. (1), while SNR values are obtained by combining Figs. 2 and
3. The set of filled (M, code) combinations represent a possible choice
of modes for rate-adaptive transmission.

In Fig. 5, we observe that, at high SNR, the gap to capacity
increases because unshaped uniformly spaced QAM is not a
capacity-achieving modulation scheme [21,22], and that, at low
SNR, the gap to capacity increases for higher M because the bit
mappings employed here result in unequal bit-error protection
for higher-order modulation [23].

A pseudocode for the rate adaptation algorithm (similar to
II.C of [3]) is given as follows, where CSIth,i{∆i ,µ} denotes a
threshold CSI value for mode i considering SNR penalty ∆i
and SNR margin µ:

1) Initialize parameters to the highest rate mode.
• Initialize mode: (M, rC)i → (M, rC)1
• Initialize up/down counters: Cup = Cdown = 0

2) Check if rate change is necessary.
• if reported CSI satisfies CSIth,i−1{∆i ,µup}

- Cup = Cup +1

- if Cup ≥ Nup, (M, rC)i → (M, rC)i−1

• else if reported CSI does not satisfy CSIth,i{∆i ,µdown}
- Cdown = Cdown+1

- if Cdown ≥ Ndown, (M, rC)i → (M, rC)i+1

• else
- Cup = Cdown = 0

- (M, rC)i → (M, rC)i

3) Go to step 2.
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Fig. 6. FEC chain for encoding and decoding concatenated RS–LDPC
codes.

In this pseudocode, the reported CSI “satisfies” CSIth if
CSI>CSIth when using the SNR as CSI, and if CSI<CSIth
when using Pb,in,RS as CSI. The parameters µup and µdown
are SNR margins when changing the rate up and down,
respectively, and Nup and Ndown are counters when changing
the rate up and down, respectively. When using Pb,in,RS as
CSI, threshold values of Pb,in,RS may be estimated from
the curves for AWGN channels in Fig. 2, and SNR penalty
parameters are not required [2].

III. SYSTEM SIMULATIONS

We have evaluated the rate-adaptive transmission scheme
in the same model long-haul system as shown in Fig. 6 of [3],
but using a different FEC scheme, which is described in Fig. 6.

We simulated a single channel in a wavelength-division-
multiplexed system with a center wavelength of 1550 nm
and nominal 50-GHz channel spacing. The modulation is
single-carrier PM-M-QAM using non-return-to-zero pulses at
a symbol rate of Rs = 30.156 Gsymbols/s. Each modulator
is a quadrature Mach–Zehnder device. Each drive waveform
is a train of rectangular pulses filtered by a five-pole Bessel
low-pass filter having a 3-dB bandwidth of 1.4Rs = 42.2 GHz.
Percentages of 90%, 95% and 99% of the modulated signal
energy are contained in bandwidths of 29.3, 33.7 and 41 GHz,
respectively. We employ line coding at rate of rL = 64/66,
yielding an information bit rate of Rb = 200 Gbit/s for the
highest overall code rate of rC and M = 16.

The fiber network comprises multiple 80-km spans of stan-
dard single-mode fiber. In dispersion-compensated systems,
dispersion-compensating fiber is used to pre-compensate the
CD down to 3.1% residual dispersion per span (RDPS) using
the same fiber parameters as provided in Table I of [3]. We use
the same parameters for two-stage inline amplifiers, reconfig-
urable optical add–drop multiplexers (ROADMs) (inserted at
every third span), and the multiplexer and de-multiplexer as
provided in [2]. While typical networks would not have such
a high density of ROADMs, especially over ultra-long-haul
routes, we choose a homogeneous high-density distribution of
ROADMs to be conservative and to obtain simple trends of
achievable bit rate versus transmission distance.

The receiver employs a fifth-order Butterworth anti-aliasing
filter of 3-dB bandwidth Rs, samples at a rate of 2Rs complex
samples per polarization and performs digital compensation
of CD and polarization-mode dispersion using finite impulse
response time-domain filtering, as described in [24].

Signal propagation is simulated by numerical integration
of the vector nonlinear Schrödinger equation by the split-step
Fourier method [25].

We run the BP algorithm for LDPC decoding with 50
iterations. Then we measure Pb,in,RS at the RS decoder input
(i.e., the LDPC decoder output). We simulate a sufficient
number of symbols such that the true value of Pb,in,RS does
not exceed 130% of the estimate with 95% confidence down to
measured BERs of Pb,in,RS,95,M = 1.9× 10−4,1.3× 10−4, and
9.5×10−5 for M = 4,8,16. We estimate that the uncertainty in
measured Pb,in,RS corresponds to 0.1-dB uncertainty in SNR.

At each transmission distance, the launched power is
optimized with 1-dB resolution to minimize the value of
Pb,in,RS. When the measured Pb,in,RS is below Pb,in,RS,95,M ,
the launched power is optimized to minimize the value
of Pb,in,LDPC (or BER at the equalizer output) that is
computed as described in [3]. We have found that in cases
when the measured Pb,in,RS is above the threshold value,
minimizing Pb,in,RS and minimizing Pb,in,LDPC result in the
same optimized power in about 85% of the cases, and only a
1-dB difference in the remaining cases.

IV. SIMULATION RESULTS

In order to evaluate the rate-adaptive scheme, at each
transmission distance, for each modulation order, and for each
RS–LDPC code, after the transmit power is optimized, the
received SNR per symbol and RS decoder input BER are
recorded. The SNR per symbol is estimated by calculating
the ratio between the average symbol power and the noise
variance, which is empirically measured at the equalizer
output.

We have employed the rate adaptation algorithm of
Subsection II.C, using Pb,in,RS as CSI, and using all possible
transmission modes. We assume a required RS–LDPC decoder
output BER Pb,out,req = 10−15, SNR margins µup = µdown =
0,1, . . . ,5 dB and counter parameters Nup = Ndown = 1
(because we assume static channel conditions). Figures 7(a)
and 7(b) present achievable information bit rates with and
without inline dispersion compensation, respectively, as a
function of transmission distance. In dispersion-compensated
systems, with zero margin, a bit rate Rb = 200 Gbit/s can be
realized up to 960 km, with the achievable rate decreasing by
approximately a factor of two for every additional 2000 km.
In dispersion-uncompensated systems, with zero margin, a bit
rate Rb = 200 Gbit/s can be realized up to 1920 km, with the
achievable rate decreasing by approximately a factor of two for
every additional 3000 km. Compared to the hard-decision FEC
scheme of [3], the transmission distances have increased by
about 50%. Our results can be compared to those in [26], where
bit rates of 200 Gbit/s, 300 Gbit/s, and 400 Gbit/s are achieved
at distances 6400 km, 3900 km, and 2100 km, respectively, but
in a more optimistic scenario, using no protection against error
floors, and using digital backward propagation to compensate
for intrachannel nonlinearities.

We used Pb,in,RS as CSI, and found that the uncertainty
of measured Pb,in,RS may result in a reduced transmission
distance by at most two spans for dispersion-compensated
systems for distances beyond 5000 km, but the penalty may
increase to three spans for an uncompensated system for
distances beyond 10,000 km.
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Fig. 7. Achievable information bit rates versus transmission distance
for different SNR margins. The set (M, code) denotes the modulation
order and type of RS–LDPC code. (a) Dispersion-compensated system.
(b) Dispersion-uncompensated system.

V. DISCUSSION

In this section, we examine how the SNR in the model
system scales with transmission distance, and estimate the
performance gap between the proposed rate-adaptive scheme
and an ideal coding scheme achieving information-theoretic
limits. We also discuss carrier phase synchronization, includ-
ing laser linewidth requirements and how to avoid cycle slips.

We consider several different measures of the SNR and
compare these to an equivalent SNR corresponding to the
information bit rate achieved by the proposed rate-adaptive
scheme. This discussion makes reference to Figs. 8(a) and 8(b),
which describe dispersion-compensated and uncompensated
systems, respectively. Each curve in Figs. 8(a) and 8(b)
is computed for the information bit rates, transmission
modes (FEC codes and modulation schemes) and transmission
distances defined for 0-dB margin in Figs. 7(a) and 7(b)

The uppermost solid curves in Figs. 8(a) and 8(b) show
SNRAWGN, which is an empirical estimate of the SNR
per symbol (in two polarizations) as limited only by the

accumulated optical amplifier noise:

SNRAWGN = Pt

Pn
. (3)

Here, Pt is the transmitted signal power, optimized at
each transmission distance, which equals the received signal
power at the de-multiplexer input, since the network is
designed to have unit signal gain. Pn is the noise power
in two polarizations, and is computed using (8) in [2]. The
dashed curves in Figs. 8(a) and 8(b) show SNRAWGN, best-fit for
dispersion-compensated and -uncompensated systems, respec-
tively, which is a power-law fit to the observed SNRAWGN as a
function of transmission distance L:

SNRAWGN, best-fit =


Ac

L1.40 , 3.1% RDPS

Au

L1.15 , 100% RDPS.
(4)

The constants Ac, Au and the exponent of L have been found
by curve fitting. We obtained trends of SNRAWGN similar to
those in [3]. In the dispersion-compensated system, SNRAWGN
scales as L−1.40, a slightly weaker dependence than in systems
using a fixed polarization-multiplexed quadrature phase-shift
keying constellation [2], where the dependence was found to be
L−1.55. In the dispersion-uncompensated system, the L−1.15

dependence is consistent with [27], where the optimized SNR
was found to scale as L−1.

The middle solid curves in Figs. 8(a) and 8(b) show
SNRAWGN+NL,equivalent for dispersion-compensated and un-
compensated systems, respectively, which is the SNR per
symbol observed empirically at the equalizer output, and
includes all linear noise (amplifier noise and equalizer noise
enhancement) and “noise” arising from fiber nonlinearity.
At small L, SNRAWGN+NL,equivalent is about 3.1 dB and
4.2 dB lower than SNRAWGN for dispersion-compensated
and -uncompensated systems, respectively, indicating that,
at the optimum Pt, the amplifier noise and nonlinear noise
powers are roughly equal. At large L, the difference increases
to about 5.9 dB and 8.6 dB for dispersion-compensated
and -uncompensated systems, respectively. Presumably, the
increase is caused by propagation through many cascaded
ROADMs over long distances, which causes bandpass filtering
of the signal. When this filtering is compensated by the linear
equalizer, noise enhancement occurs. The noise enhancement
at large L is more pronounced here as compared to that
in [3], because the SDD FEC scheme here allows the signal
to propagate over longer distances than the HDD FEC scheme
used in [3].

The bottom solid curves in Figs. 8(a) and 8(b),
SNRrequired,ideal, are computed by inverting Eq. (2):

SNRrequired,ideal = 2
Rb
2Rs −1. (5)

SNRrequired,ideal corresponds to the SNR required for an
ideal capacity-achieving coding scheme to achieve error-free
transmission on an AWGN channel at the information
bit rate Rb achieved by the proposed scheme with zero
SNR margin in Fig. 7. The vertical separation between
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Fig. 8. Two different measures of SNR compared to the SNR
required for an ideal capacity-achieving coding scheme to achieve
error-free transmission at the information bit rate Rb achieved by the
proposed rate-adaptive scheme. (a) Dispersion-compensated system.
(b) Dispersion-uncompensated system.

SNRAWGN+NL,equivalent and SNRrequired,ideal is an estimate
of the performance gap between an ideal coding scheme
and the scheme proposed here. For dispersion-compensated
systems, the gap ranges from about 4.0 dB to about 2.7 dB
as L varies from 960 to 9680 km, as shown in Fig. 8. For
dispersion-uncompensated systems, the gap ranges from about
3.9 dB to about 2.9 dB as L varies from 1920 to 19,360 km.

A summary of the performance gaps for different FEC
schemes, channel types, and residual dispersion values is
provided in Table II. Several observations about these
performance gaps can be made.

First, the gaps at small L, where higher modulation orders
are used, are larger by about 1 dB than the gaps at large L,
where lower modulation orders are used. We expect that, at
small L, further improvement can be achieved by constellation
shaping, using either non-uniformly spaced constellations or
uniformly spaced constellations with non-uniform probability
distributions. In contrast, we do not expect shaping to be

TABLE II
COMPARISON OF GAPS TO CAPACITY FOR DIFFERENT FEC
SCHEMES, CHANNEL TYPES, AND RESIDUAL DISPERSION

VALUES

FEC
scheme

Decoding
scheme Channel Distance

RDPS
(%)

Gap
(dB)

BCH–LDPC SDD AWGN 0.9

RS–LDPC SDD

AWGN 2.0

Optical
Long 100 2.9

3.1 2.7

Short 100 3.9

3.1 4.0

RS–RS HDD Optical Short 100 6.6

3.1 6.4

beneficial at large L, where binary signaling per dimension
(such as PM-4-QAM) should be optimal.

Second, the gaps at large L are greater than for the DVB-S2
Bose/Ray-Chaudhuri/Hocquenghem (BCH)–LDPC codes on
AWGN channels, where the lowest rate codes have gaps to
capacity of about 0.9 dB [8]. We have replaced the outer
BCH codes of [8] with RS codes in order to provide stronger
error correction capability, further reducing the error floor.
Compared to the DVB-S2 BCH codes, the RS codes provide
slightly higher coding gains (about 0.1 dB), but their lower
rates, combined with the line code rate, correspond to an
increase in the gap of about 0.8 dB, computed using Eq. (5).
Accordingly, the gap to capacity for our lowest rate RS–LDPC
codes on AWGN channels is estimated to be about 0.9 dB−
0.1 dB+0.8 dB = 1.6 dB. This estimate is close to the actual
gap observed in Fig. 5, which is about 2.0 dB. The performance
gaps observed in dispersion-compensated and -uncompensated
nonlinear optical systems are about 0.7 dB and 0.9 dB higher
than the 2.0-dB gap on AWGN channels. These increases in the
performance gap can be attributed, at least in part, to residual
channel memory (for both signal and noise) caused by the
combined effects of CD and nonlinearity. We expect that these
gaps can be reduced by using digital backward propagation, as
was used in [27].

Third, using our SDD scheme, the performance gaps at
small L are about 2.5 dB smaller than for the HDD scheme
in [3], close to the expected advantage of SDD over HDD [28].
These gaps are measured at the longest distances where the
highest information bit rate Rb (200 Gbit/s) is achievable, as
shown in Fig. 8. It is less relevant to compare the schemes at
large L, because the HDD scheme in [3] used repetition coding,
which is known to be sub-optimal.

The proposed rate-adaptive scheme enables transmission
over a very wide range of SNRs and over long distances,
where high values of accumulated dispersion can affect the
laser linewidth requirements [29]. Hence, we have evaluated
the laser linewidth requirements, applying the same analysis
as in [3]. We find worst-case linewidth requirements of
about 2.6 MHz and 800 kHz for dispersion-compensated and
-uncompensated systems, respectively. These requirements are
similar to those in [3], and can be met using commercially
available lasers [30].
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In our simulations, we have assumed perfect carrier
phase synchronization, and did not implement any specific
carrier recovery algorithm. It is of crucial importance to
mitigate cycle slips in carrier recovery. Systems using HDD
FEC typically employ differential encoding of FEC-encoded
bits at the transmitter and perform differential decoding of
hard-decision bits prior to FEC decoding at the receiver [31].
The proposed scheme, as it uses SDD FEC, cannot rely
upon differential encoding/decoding, but it can use the carrier
recovery algorithms studied in [32], which prevent cycle slips.

VI. CONCLUSIONS

We have studied a rate-adaptive transmission scheme using
variable-rate FEC codes, variable signal constellations, and
a fixed symbol rate. The FEC scheme employs a family of
concatenated RS codes (with HDD) and LDPC codes (with
iterative SDD). We have combined the FEC scheme with
single-carrier PM-M-QAM with varying M and digital coherent
detection, evaluating performance in a model long-haul system
with and without inline dispersion compensation. With zero
SNR margin, information bit rates of 200/100/50/20 Gbit/s
are achieved over distances of 960/2800/4400/9680 km and
1920/4960/8160/19,360 km for dispersion-compensated and
-uncompensated systems, respectively. Compared to an ideal
coding scheme achieving information-theoretic limits on an
AWGN channel, the proposed scheme exhibits a performance
gap ranging from about 4.0 dB at 960 km to 2.7 dB at 9680 km
for dispersion-compensated systems, and from about 3.9 dB at
1920 km to 2.9 dB at 19,360 km for dispersion-uncompensated
systems. The larger gap at short distances can be attributed
to sub-optimality of the uniform QAM constellations, as
compared to optimal Gaussian-distributed constellations.
Some of the gap at large distances may be explained by
residual channel memory (for both signal and noise), caused
by the combined effect of CD and nonlinearity. Compared to
a reference system using an HDD FEC scheme, we observed
approximately 50% increases in transmission distance, and
approximately 2.5-dB reductions in the performance gap from
an ideal coding scheme.

In this work, we have considered only a single-channel
system with intrachannel nonlinearities, in order to keep
the simulation run time reasonable. If we included effects
of interchannel nonlinearities, we would expect a reduction
in the maximum distance at which a given bit rate can be
achieved, but the results will not change qualitatively, because
interchannel and intrachannel nonlinearities scale similarly
with transmission distance. In previous work [3], we found
that, in a three-channel system, interchannel effects cause
about a 10% reduction in achievable transmission distance.
Here, we have simulated SDD in floating-point arithmetic. We
would expect a slight performance loss (less than 0.2 dB on an
AWGN channel) when implementing a fixed-point decoder [33].
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