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Abstract
In this paper, forward error correction codes in communication channels are designed
and proposed. The proposed codes facilitate self-synchronization of the digital
communication systems. By utilizing a systematic development process, forward error
correcting codes with limited the run length of zero is obtained. The filtering operations
pass the complex envelope of the received signal. To facilitate the synchronization, the
proposed codes possess good error correcting performance and self-synchronization
capability. The codes give good performance in a wide range of adjustable complexity,
and outperforms Viterbi decoding at comparable complexity. A joint regression analysis
was conducted to compute the index of code rate. The codes can be applied to various
digital communication systems.
Keywords: Forward Error Correction, Channel coding, Error correcting codes,
communication engineering, electronics

1. Introduction
In communication systems, it is required to limit the run length of zero to facilitate the
synchronization. [1] The addition of error correcting codes is indispensable to maintain
the reliability of the systems. For radio frequency communication, relatively sloppy
analog filters are used in the field and at intermediate frequencies for super-heterodyne
reception. The complex version of these filtering operations corresponds to passing the
complex envelope of the received signal through a sloppy analog complex filter, which is
a cascade of the complex baseband versions of the analog filters used in the receive chain.
The error correcting codes have the property which facilitate self-synchronization. The
codes can efficiently operate and improve the performance of digital communication
systems. Multicarrier modulation, transforms a system with memory into a system in the
frequency domain, by decomposing the channel into parallel narrowband channels, each
of which sees a scalar channel gain. The sampling rate is chosen to be an integer multiple
of the symbol rate. This provides a front end which yields a discrete signal [2-3].
We provide an introduction to some commonly used channel coding techniques. The
key idea of channel coding is to introduce redundancy in the transmitted signal so as to
enable recovery from channel impairments such as errors and erasures. We know from the
previous chapter that, for any given set of channel conditions, there exists a Shannon
capacity, or maximum rate of reliable transmission. Such Shannon-theoretic limits
provide the ultimate benchmark for channel code design.
A large number of error control techniques are available to the modern communication
system designer, and in this paper, we provide a small subset of the candidate code words.
Our emphasis is on block codes, which have been a workhorse of communication link
design for many decades, and forward error correction codes, which have revolutionized
communication systems by enabling implementable designs that approach Shannon
capacity for a variety of channel models.
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The effect of fading is mitigated using multiple codes at transmitter or receiver. The
sampled outputs of the analog filter can be processed directly by an adaptive digital filter
that is determined by the specific equalization algorithm employed. While the matched
filter is an analog filter, as discussed earlier, it can be implemented in discrete time using
samples at the output of a wideband analog filter. The matched filter is implemented in
discrete time after estimating the effective discrete time channel from the input to the
transmit filter to the output of the sampler after the analog filter.
The wireless sensor nodes are too small to accommodate multiple antennas on a single
terminal. The nodes can cooperate to obtain cooperative diversity. For the suboptimal
equalization techniques that we discuss, it is not necessary to implement the matched
filter.
The techniques developed in this paper apply to single-carrier systems in which data
are sent using linear modulation. An alternative technique for handling dispersive
channels is the use of multicarrier modulation, or orthogonal frequency division
multiplexing.

2. Forward Error Correction Codes
A channel output provides useful information about its inputs. There are many
strategies to achieve self-synchronization. [4] In forward error correcting method, the
nodes retransmit amplified versions of the signal received from source. Parallel
concatenation of convolutional codes is proposed in this paper. An information sequence
u is fed into a convolutional encoder. To get good performance, it turns out that the
encoder should be chosen to be recursive. We employ our recursive systematic code. The
information sequence is then permuted and fed to another convolutional encoder.
The information sequence and the two parity sequences [5-7] are then modulated and
sent through the channel. We use BPSK over an AWGN channel. Thus, if the constituent
encoders are rate 1/2, then the overall code thus obtained is of rate 1/3. A higher rate can
be achieved using the same construction simply by not transmitting some of the bits
generated by the encoders. This procedure is referred to as puncturing. Note that a
punctured block code can be decoded in the same manner as one without puncturing, by
interpreting the bits not sent as erasures.
We do not consider puncturing in our discussion here. In the iterative decoding both
decoders see the channel output for the information sequence. Decoder 1 sees the channel
output for the parity sequence for encoder, while decoder sees the channel output for the
parity sequence from encoder. The decoders exchange information about the information
sequence.
We provide a method to some commonly used channel coding techniques. The key
idea of channel coding is to introduce redundancy in the transmitted signal so as to enable
recovery from channel impairments such as errors and erasures. [8-11] For any given set
of channel conditions, there exists a Shannon capacity, or maximum rate of reliable
transmission. Such Shannon-theoretic limits provide the ultimate benchmark for channel
code design. Suppose, now, that we wish to estimate the parameter. The channel does not
depend on the receiver device, and does not affect the MLE in both cases. In general, we
can choose to define the density with respect to any convenient measure, to get a form
that is easy to manipulate. This is the idea we use to define the notion of a density for a
continuous time signal. We define the density as the likelihood function of a hypothesis
corresponding to the model with respect to a dummy hypothesis that is independent of the
signal.
The transmitted complex baseband signal is converted to pass-band using a local
oscillator at carrier frequency. Both the local oscillator and the sampling clock are often
integer or rational multiples of the natural frequency of a crystal oscillator, and can be
generated using a phase locked loop.
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The coefficients at the nodes determine the performance at the destination. The
channels provide complete information about one of the inputs. A distributed joint sourcechannel coding technique exploits source relay correlation. The throughput of can be
increased further by using error correcting codes at the nodes.
The coding makes the packets to be combined at the nodes. Let (K P, F) be the
probability space. Let F be a two-user binary-input multiple-access channel with

| I(1) ( P ) | I(1) ( P)  d

.

(1)

The binary linear graph can be represented by a Tanner graph using a parity check
matrix. [12-13] A Tanner graph is a bipartite graph with variable nodes on the left
corresponding to the different code symbols, and check nodes on the right, one for each
check equation, or row of the parity check matrix. A variable node is connected to a check
node if it participates in the corresponding parity check equation. The Tanner graph
corresponding to the parity check matrix for the (7, 4) Hamming code is used. The first
check node corresponds to the first row of the parity check matrix. Low density parity
check codes are described in terms of a parity check matrix. The parity check matrices are
not unique, so it is also possible to find parity check matrices for the same code. However,
the sparseness of the parity check matrix that we do use is crucial for both code
construction and iterative decoding.
The framework for demodulation developed in this paper exploits signal space
techniques to project the continuous-time signal to a finite-dimensional vector space, and
then applied detection theory to characterize optimal receivers. We now wish to apply a
similar strategy for the more general problem of parameter estimation, where the
parameter may be continuous valued phase or amplitude. The resulting framework also
enables us to recover, as a special case, the results derived earlier for optimal detection for
signaling in AWGN, since this problem can be interpreted as that of estimating a
parameter.

3. Asymptotic Efficiency
Consider a rectangular transmit pulse and a channel impulse response. The impulse
response of the cascade of the transmit pulse and channel filter is displayed. The
computation of the transfer function bound is entirely similar to the convergence analysis.
The bound applies in this case as well, and the simultaneous equations relating the
transfer function from the all-zero start state to all other states can be written down and
solved.
However, solving for the bound as a function of transfer rate can be difficult for large
iteration number. We now want to prune the terms to obtain an intelligent union bound.
To do this, consider a rectangular transmit pulse and a channel impulse response. [14-16]
It shows a simplified schematic channel equalization. The correct path corresponds to the
all-zero error sequence.
The proposed code output makes an error in bit 27. It diverges from the correct path
around bit 34, and coincides with the correct path. Instead of considering a trellis
corresponding to the symbol sequence as in the development of the Viterbi algorithm, it is
now convenient to consider a trellis in which a symbol sequence is represented by its error
sequence relative to the transmitted sequence.
This trellis has 3 states at each time, and the transmitted sequence corresponds to the
all zero path. [17] Two paths in the trellis merge when 23 successive symbols for the path
are the same. Thus, a path in our error sequence trellis merges with the all-zero path
corresponding to the transmitted sequence if there are 12 consecutive zeros in the error
sequence. The ML sequence diverges and remerges with the transmitted sequence in
several segments. [18]
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Consider now the error sequence, which coincides with the segment of the ML
sequence which diverges from the true sequence around the bit of interest. Such a
sequence has the property that, once it remerges with the all zero path, it never diverges
again.

4. Design Rules
An analysis based on weight enumerator functions can also be carried out for serial
concatenation of block codes. The inner code must be recursive. The forward error
correcting capability is the same as twice the number of bits at the output of the outer
code. The gain is given by the free distance of the outer block code.
The outer code is preferably recursive, since this leads to fewer input errors for error
events at the free distance which dominate the overall code performance. This means, for
example, that we could improve on the code by making the outer code the recursive
version. The sampled outputs of the analog filter can be processed directly by an adaptive
digital filter that is determined by the specific equalization algorithm employed. While the
matched filter is an analog filter, as discussed earlier, it can be implemented in discrete
time using samples at the output of a wideband analog filter.
In principle, differential modulation can also be employed with QAM alphabets, by
encoding information in amplitude and phase transitions, assuming that the channel is
roughly constant over several symbols, but there are technical issues with both encoding
and decoding. Suppose that the complex-valued channel gains are unknown. This could
occur as a result of inherent channel time variations or of imperfect carrier phase
recovery. If the phase index can vary arbitrarily, then there is no hope of recovering the
information encoded in the system.
Both parallel and serial concatenation of codes provide interleaving gains by
decreasing the multiplicity of low weight code words in inverse proportion to the length.
This is contrast to classical design, where the effort is to increase the minimum distance.
While forward error correcting codes display an error floor, this can be pushed down by
increasing the code length, with residual errors handled by an outer error detection code.

5. Numerical Comparison
In this section, we compare the performances of the decoding algorithms for binary
antipodal signals. The bit error probability of the proposed code is presented. [19] The
antipodal modulation is used over the additive white Gaussian noise channel. The external
quantum dual code (EQDC) performance exhibits an error floor, since it does not have
enough dimensions to suppress all of the inter symbol interference as the signal to noise
ratio gets large. The performance is particularly poor and the linear ZF equalizer does not
exist. The EQDC performs more poorly than even the linear MSE equalizer over a wide
range of signal to noise ratio.
Figure 1 shows the bit error probabilities of the proposed code and priority-first search
method. Figure 2 shows the calculation amount of the codes. If three or more odd number
of errors occur, the decoder can detect the errors, but cannot correct them. To illustrate the
performance of the equalization schemes discussed here, let us consider a numerical
example for a somewhat more elaborate channel model than in our running example.
The impulse response of the cascade of the transmit pulse and channel filter is
displayed. Over this channel, we transmit Gray coded QPSK symbols at a rate of 1
symbol per unit time. At the receiver front end, we use the optimal matched filter. The
Tanner graph corresponding to the parity check matrix for the (7, 4) Hamming code is
used. The first check node corresponds to the first row of the parity check matrix. Low
density parity check codes are described in terms of a parity check matrix. The parity
check matrices are not unique, so it is also possible to find parity check matrices for the
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same code. However, the sparseness of the parity check matrix that we do use is crucial
for both code construction and iterative decoding.
It can be checked that the channel memory L = 2, so that EQDC requires 64 states. For
a linear equalizer, suppose that we use an observation interval that exactly spans the
impulse response for the desired symbol. It can be seen that the ZF equalizer does not
exist, and that the MSE equalizer will have an error floor due to unsuppressed inter
symbol interference. The ZF and EQDC can be computed. The EQDC has four feedback
taps, corresponding to the four vectors. A comparison of the performance of all of the
equalizers, obtained by averaging over multiple 2500 symbol packets. Note that MEF
performance is almost indistinguishable from ISI-free performance. The proposed code is
the best suboptimal equalizer, about 2 dB away from EQDC performance. The proposed
code performance exhibits an error floor, since it does not have enough dimensions to
suppress all of the ISI as the SNR gets large. The ZF performance is particularly poor
here: the linear ZF equalizer does not exist, and the EQDC performs more poorly than
even the linear MMSE equalizer over a wide range of SNR.
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Figure 1. Decoding Error Probability of (15, 11) RS Code
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Figure 2. Decoding Error Probability of (24, 12, 8) Extended Golay Code
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Figure 3. Decoding Error Probability of (64, 42, 8) Reed-Muller Code
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Figure 4. Decoding Error Probability of (128, 99, 10) Extended BCH Code
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Figure 5. Decoding Error Probability of (128, 64, 22) Extended BCH Code
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Figure 6. Decoding Complexity of (15, 11) RS Code
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Figure 7. Decoding Complexity of (24, 12, 8) Extended Golay Code
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Figure 8. Decoding Complexity of (64, 42, 8) Reed-Muller Code
20
ZF Equalizing

Decoding Complexity

16

EQDC

12

8

4

0

2

3

4

5

6

Eb/N0 (dB)
Figure 9. Decoding Complexity of (128, 99, 10) Extended BCH Code
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Figure 10. Decoding Complexity of (128, 64, 22) Extended BCH Code
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Figure 11. Exponential Frame of (15, 11) RS Code
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Figure 12. Exponential Frame of (24, 12, 8) Extended Golay Code
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Figure 13. Exponential Frame of (64, 42, 8) Reed-Muller Code
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Figure 14. Exponential Frame of (128, 99, 10) Extended BCH Code
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Figure 15. Exponential Frame of (128, 64, 22) Extended BCH Code

6. Conclusion
An error correcting DC-Free Code for Communication Systems is designed and
proposed. The proposed code facilitates self-synchronization of the digital communication
systems.
The proposed code output makes an error in bit 27. It diverges from the correct path
around bit 34, and coincides with the correct path. Instead of considering a trellis
corresponding to the symbol sequence as in the development of the Viterbi algorithm, it is
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now convenient to consider a trellis in which a symbol sequence is represented by its error
sequence relative to the transmitted sequence. To limit the run length of zero to facilitate
the synchronization, it is required that the code possess good error correcting performance
and self-synchronization capability. In this paper, we propose a scheme which uses BCH
code for encoding. The code can be applied to various digital communication systems.
The proposed code achieves self-synchronization without degradation of error correcting
capability.
Both parallel and serial concatenation of codes provide interleaving gains by
decreasing the multiplicity of low weight code words in inverse proportion to the length.
This is contrast to classical design, where the effort is to increase the minimum distance.
While forward error correcting codes display an error floor, this can be pushed down by
increasing the code length, with residual errors handled by an outer error detection code.
The proposed code has simple procedures for encoding and decoding. Thus it can be
applied to high speed digital communication systems.
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