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Abstract—Identifying the unknown convolutional code corre-
sponding to the given intercepted data is an important problem
in military surveillance and in wireless communication. While
a variety of code identification algorithms are available in the
literature, the key contribution of our work lies in the novel
solution and the corresponding analysis. In this paper, we focus
on the situation when the given data corresponds to either of
the two potential convolutional codes and the goal is to detect
the correct code. We first provide a new interpretation of the
convolutional code as a Markov chain, which is more suitable
for analyzing the code detection problem. Our problem then
gets reduced to identifying between the two Markov chains.
We provide the closed-form expressions for the corresponding
state transition matrices and estimate the error exponent for
the underlying likelihood ratio test (LRT). We also provide a
computationally efficient BCJR-based method for computing
the likelihoods required for the LRT. We observe that BCJR-
based likelihoods suffer from numerical issues for a longer data
sequence, and hence, in this case, we design neural networks
that have been found to achieve the optimal performance of
the LRT.

Index Terms—Convolutional codes, Deep neural networks,
Blind reconstruction of channel codes, Adaptive modulation
and coding, Wireless communication

I. INTRODUCTION

In modern communication systems, channel coding is
essential for ensuring reliable data transmission over noisy
communication channels. Convolutional codes are widely
used in various applications in satellite and wireless commu-
nication [1]. In this work, we consider a situation where the
transmitter is using a convolutional code for communication
but the receiver does not know it. Given the data received
with noise affected, the aim is to identify the convolutional
code associated with it. This framework lies in the domain
of covert communication [2]-[8]], where the transmission
parameters are not known to the receiver. This problem
has various applications in military spectrum surveillance,
adaptive modulation and coding (AMC) modules of wireless
communication systems, and in cognitive radios [S]-[8].

This problem of identifying the unknown convolutional
code corresponding to the received data has been studied
in [4]-[16]. While in [4]-[12] various properties of convo-
lutional codes are explored, in [13]-[17], researchers have
designed deep neural networks (DNNs) to identify the un-
known code. This problem has also been studied for various
other channel code families such as cyclic codes [18[]—[21],
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[21]], [22]], low-density parity-check (LDPC) [23[]-[25]], and
Turbo codes [26], [27].

In this work, we focus on the situation when the trans-
mitter uses either convolutional code-1 or code-2 for com-
munication and the set of potential codes is known to the
receiver (see Fig.[I). The aim is to identify the correct code
that corresponds to the given data. The proposed results can
be extended to the situation when the potential codes used
by the transmitter are more than two. This situation arises
in wireless communication with AMC, where typically the
set of channel codes used by the transmitter is known to the
receiver [3], [28]], [29]. For our convolutional code detection
problem our novel contributions are summarized as follows:

1) Convolutional codes as Markov chains: We first pro-
vide a new interpretation of feed-forward convolutional
code as a Markov chain (MC) (Sec. and also
derive the closed-form expressions for the underlying
state transition matrices (Lemmas [I} [2)). We believe our
new MC interpretation is more suitable for analyzing
the code detection problem.

2) Likelihood ratio tests (LRT) for detecting convolutional
codes: We formulate our code detection problem as
a hypothesis testing problem and propose a solution
based on the optimal LRTs. We would like to highlight
here that most of the existing works use some function
of the received data for code detection [3], [[L1], [12],
which would lead inferior performance compared to
LRTs [30]. We also provide an efficient BCJR-based
method for computing the likelihoods required for LRT.

3) Error exponent analysis: In order to study the per-
formance of our method, we estimate the error expo-
nent by studying the corresponding hypothesis testing
between the two Markov chains (Section and
also provide a lower bound on the error exponent
(Theorem [I).

4) Novel DNN architecture: We observe that the BCJR-
based likelihoods suffer from numerical issues for a
longer data sequence, and hence, in this case, we
design novel DNN architecture incorporating Domain
Incremental Learning, that has been found to achieve
the optimal performance of the LRT (Section [V]).

Organization: The system model of the code detection
problem studied in this work is described in Section [l In
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Section we propose LRT for the code detection problem
and analyze it in Section[[V] The proposed method is verified
via various simulations in Section [V] and finally concluded
in Section

Notation: Let Fy denotes the binary field with elements
0 and 1. A vector is denoted by a boldface letter and its
components are denoted by small-case letters. For example,
vector v = [’UO 1 ’Un_l}. Random variables (and
vectors) are denoted by upper-case letters and their realiza-
tions are denoted by the lower-case letters. For example, v
is a realization of a random vector V.

II. SYSTEM MODEL
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Fig. 1: System Model

The system model of the problem studied in this work
is illustrated in Fig. [l We consider the situation when the
transmitter uses either convolutional code-1 or code-2 for
the communication and the goal is to identify the correct
code corresponding to the given noise-affected received
sequence. Let C(k,n, m) denote the convolutional code of
rate k/n and memory m. A convolutional code is described
via the generator sequences denoted by the set of vectors
g® g® g1 [3]]. In this work, we assume that
both the codes have the same parameters k,n, and m
but have different generator sequences. For the sake of
simplicity of notation, we ignore the parameters k,n, and
m from the notation C'(k,n,m) of a convolutional code
and denote it by C. The two potential codes used by the
transmitter are then denoted C; and Cs.

Let UY = Uy, Uy,...,Uy be the input message se-
quence, where U; € F% is the input at ¢-th time instant
for t = 1,2,...,N. We assume that each input message
bit is chosen independently according to the Bernoulli(0.5)
distribution. This input sequence is either encoded by code
C;7 or C5. While the encoded sequence of code Cj is
denoted by V{V = V1, Vy, ..., Vy,the encoded sequence
of code C5 is denoted by W{V, where V, W, € F3. In this
work, we assume that both the codes are binary feedforward
convolutional codes and the transmitter uses both the codes
with equal probability.

The encoded sequence is transmitted via the binary sym-
metric channel (BSC) of crossover probability € to receive
the sequence Y. Let EY¥ denote the random vector cor-
responding to the error introduced by the BSC. For the
given received sequence y¥', our goal is to determine the
convolutional code corresponding to it. We formulate this

code detection problem as a hypothesis testing problem
where the two hypotheses H; and Hy are given by

Hy iyl = VY +EY

(1)
ngy{V:W{V—i—E{V.

Note that since the transmitter uses both the codes with equal
probability, hypotheses H; and Hj are also equally likely.

III. LIKELIHOOD RATIO TESTS FOR CODE DETECTION

By leveraging the structural properties of convolutional
codes and the probabilistic nature of the noise, we can
derive a decision rule based on the likelihood ratio test
(LRT), which provides an optimal solution for distinguishing
between the two hypotheses. The following subsections
detail the formulation and computation of the LRT for this
problem.

Under each hypothesis, the observed sequence Y&V fol-
lows a specific distribution determined by the code and
noise properties. Let P(YY|H;) denote the likelihood of
observing Y& under hypothesis H;, for j = 1,2. The
likelihood ratio test (LRT) determines the hypothesis by
comparing the likelihood ratio A(YY) to a threshold 7.

The LRT is expressed as:

B(Y|Hy)

AYN) =
) = by 2"

where 7 is a predetermined threshold. For equally likely
hypotheses, 7 = 1 minimizes the probability of decision
error.

The likelihood P(Y|H;) for a convolutional encoder C;;
is computed by marginalizing over all possible transmitted
codewords V{¥ € C;:

P(YY|H;) = > PY{|VY, H)P(VY'|H;).
vNec;

A. Efficient computation of P(Y{|H;) via the BCJR algo-
rithm

To compute P(Y{|H;) efficiently, the BCJR algorithm
leverages the trellis structure of convolutional codes, signif-
icantly reducing computational complexity.

The BCIR algorithm computes P(Y Y |H;) using a trellis
representation of the encoder. The steps are as follows:

1. Initialization: The forward probabilities aq(s), repre-

senting the probability of starting in state s at time 0, are
initialized as:

(s) 1, if s=0,
Qpls) =
0 0, otherwise.

2. Forward Recursion: The forward probabilities o (s),
representing the probability of being in state s at time ¢
given Y¢ = (Y3,...,Y;), are computed iteratively:

ai(s) = L a1(s") - P(s]s") - P(Yils),

where:



o P(s]s’) is the state transition probability from s’ to s,
determined by the encoder structure.

o P(Yi|s) is the probability of observing Y; given the
current state s, typically modelled using the noise
distribution (e.g., AWGN).

3. Backward Recursion: The backward probabilities
B:(s), representing the probability of observing YiYH =
(Yiq1,...,Yn) given the encoder is in state s at time ¢,
are computed iteratively starting from ¢ = N:

Bn(s) = ZP(S'|S)'
P(Yis1ls) - Bera(s).

4. Combining Forward and Backward Probabilities: The
marginal probability of being in state s at time ¢ is given
by:

P(s|Y, Hj) o< cu(s) - Be(s).

5. Computing the Likelihood: The total likelihood
P(Y|H;) is computed by summing over all possible states
at the final time step:

P(Y{'|H,) = XS: an(s) - Bn(s).

B. Describing the convolutional code via Markov chain

In this section, we interpret the encoded sequence as a
Markov chain. For convolutional codes, it is known that the
output at time ¢ depends on the contents of the memory
elements and the present input [1]]. This allows one to
interpret the contents of the memory as a state of the
Markov chain and in turn, interpret convolutional code as
a hidden Markov chain. For code detection problem, this
interpretation has been used by Dingel et.al. in [9]. We
would like to highlight that, our description of the Markov
chain is completely different and is more suitable for the
hypothesis testing of Eq. (I). We further believe that, with
our description analyzing the corresponding probability of
the error is more amenable to analysis, which is discussed
in Section [Vl

Since the discussion of this section is applicable to
any convolutional code Cj, for simplicity of notation, we
remove the suffix j from C; and denote a convolutional
code by C'. Noise-free and noise-affected encoded sequences
are denoted by VI and YIV respectively. Let S} and
S; denote the states of our Markov chain interpretation
of a convolutional code for noise-free and noise-affected
scenarios respectively. The state transition matrices for the
noise-free and noise-affected cases are denoted by P’ and P
respectively. Note that for convolutional codes, the contents
of its memory elements are also referred to as a state of the
convolutional code [1]]. To avoid this ambiguity, we refer to
memory contents as a memory-state and reserve the word
state to refer to the states of our Markov chain description
of convolutional code which is discussed next.

Let us first consider the noise-free case. For our Markov
chain description, we define state S} at time ¢ as the vector

formed by the the sequence of m codewords, i.e.,
S; = I:therl therQ o Vt] . (2)
The next state at time ¢ will be

:H—l - [Vt—m+2 Vt—m+1 Vt+l] . (3)

For the code with memory m, note that the output codeword
Viy1 at time (¢ + 1) depends only the previous m out-
put codewords Vy, Vy_1,..., Vyi_41. Thus SQH depends
only on S} and is conditionally independent of the states
before time ¢. This leads to a first-order Markov chain
description for a convolutional code. For the noise-affected
case, since Y, depends only on Vy, we can define the state
S; at time ¢ in a similar fashion as follows

Si= [Yimit Yiomiz ... Yi|. )

We observe that P (S;y1|S¢,Si—1,...,S0) =
P(Yt+1|St,St,1,...,SO) = P(Yt+1|St), since Yt+1
only depends on Uy, U;_4,...,U;_,,4+1 and the
noise vector which is independent of input. Thus,
P(S;+1/St,St—1,...,S0) = P (S¢41|S+), and our formulated
output states form a first-order Markov chain. In traditional
literature, convolutional codes are formulated as a Markov
chain based on the contents of the shift register. However,
in the blind detection framework, we observe noise-affected
codewords, making the output state formulation of higher
utility.

To construct the transition matrix for the case when ¢ = 0,
we observe that an output state only depends on the previous
2m message vectors. Thus, every transition only depends on
2m + 1 input vectors. We iterate over all possible 2m + 1
input vectors, maintaining a frequency table corresponding
to each transition and normalize the probabilities at the end,
Under the assumption that all reachable states are equally
likely when € = 0, the transition probabilities when € > 0
can be computed as

P(St+1[St) = 3. P(St+1,S;,St41[St)

S;=S;+1
= 3 B(SIIS)P(S]lS] S)P(S:[S], 811,80)
941
:s’zs; P(SHSIS)P(SQH|SQ)P(St+1|SQ+1)
t9°0t41
1

~P(Sy) Sf%; P(SP(Se|St)P(S141[SHP(Se+1(8144)

t+1

o< 3 P(Si[SHP(Si41[S)P(Ser1Sti1)
SINY

After computing this sum for each entry in the transition
matrix, we can normalize the rows. Setting up the problem
in such a fashion allows us to analyze the error exponent
of the hypothesis testing problem using Markov detection
theory.



IV. ANALYZING ERROR EXPONENTS IN THE HYPOTHESIS
TESTING

In this section, we will propose an efficient search al-
gorithm for estimating the error exponent and completely
characterize the code detection problem for convolutional
codes with parameters k = 1, n = 2, and m = 2.

A. Estimating error exponent for code detection problem

For state transition matrices P;, P, and u € [0,1],
consider a matrix M (u) defined as M (u);x = P{'; . Py ; 1.
If the spectral radius of M (u) is A(u), then the error
exponent I can be characterized with the optimization
problem

Iew = — ureIl[%){ll] In (A(u)) (5)

where A(u) is a convex function of w [32] Sec, 12.2.3]. The
convexity allows a fast search algorithm for error exponent
computation.

Algorithm 1: Estimate Error Exponent

Input: Transition matrices P;, P; and threshold §
Output: Error exponent I
Initialize [ < 0, r < 1
while » — [ > § do
Ul < l “+ TT_l
Mup) < get_spectral_radius(M(uy))
Ug < 1 — %4
Mug) + get_spectral_radius(M (usz))
if /\(ul) < /\(Uz) then

| T < U2
end
else

| | Ul
end

end

u* 1

AMu*) + get_spectral_radius(M(u*))
Iy < —1In (M(u"))

return /.,

Using Master’s theorem [33, Sec. 4.5], we can show the
search requires © (log (%)) evaluations of spectral radius.
For a given state S; = [Yi—m+1Yi—m+2... Y¢], the next
state Sy11 = [Yi—mt2Yt—mts ... Yip1] can take at most
2™ different values which is uniquely determined by Y.
This implies that P’ has at most 2™ non-zero elements per
row. Thus, the relative sparsity of the matrix is given by
1-—- (%) = 1 — 27(1=m) which is strictly less than
1 for all m > 2, and approaches 1 rapidly with increasing
n and m. This sparsity can be exploited to speed up the
computation of spectral radii significantly.

B. Main results for characterizing the error exponent I,

sy =1

t—1 t t+1

Fig. 2: Example trellis for k =1,n =2,m =2

In this section, we focus on convolutional codes with pa-
rameters k = 1,n = 2,m = 2 and completely characterize
the underlying code detection problem. We believe that these
results can be extended to codes of arbitrary parameters,
which we plan to do in the future.

The trellis of an example convolutional code with param-
eters £k = 1,n = 2,m = 2 is illustrated in Fig. For
the analysis, we assume that for the given memory-state if
ap and a; are the output codewords for the input 0 and 1
respectively, then there is no other memory-state with ag and
a; as the output codewords for the input 0 and 1 respectively,
i.e., we assume that no two memory-states are identical.
Note that when a code has two identical memory states,
one can just combine the two states and the corresponding
convolutional code can be represented using fewer memory
elements. We also assume that for the given memory state,
the two output codewords are not the same, i.e., ag # aj.
It is important to note that the convolutional codes used in
practice are designed to satisfy these conditions since they
allow the minimal description of the code and also minimize
the corresponding encoder-decoder complexity [1, Sec. 2.5].

We now introduce the notation that is required in this
section. Following the notation introduced in Section [TIEBl
PJ( and P; denote the state transition matrices for the Markov
chain corresponding to the code C; for the noise-free and
noise-affected cases respectively. When the results are true
for any convolutional code C';, for simplicity of notation, we
remove the suffix j from C; and denote a convolutional code
by C. Let D; be the block code of length ni corresponding
to the i-step time evolution of the trellis of code C. In
Fig.[2| 3-step time evolution of the trellis of an example code
is illustrated. Here, D1, Dy, and D3 will be block codes
of lengths 2,4, and 6 respectively. For example, Do will
be the linear block code formed by all possible codewords
[Vt_l vt] corresponding to (t—1)-th and ¢-th time instant.
Let the sequence of integers {A(()Z),Agz), . ,ASZZ-)} be the
weight enumerator for the code D;.

Remark 1. When no two memory-states are identical (see
second paragraph of this section), it can be easily seen that
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Sfor n. =2, the dimensions of of codes D1, D2, and D3 will
be 2,4, and 5 respectively. 0

We shall now characterize the error exponent I, for
the hypothesis testing corresponding to our code detec-
tion problem. Towards this, in Lemmas [I] and 2l we first
characterize the noiseless and noise-affected state transition
matrices P’ and P respectively for any convolutional code
C. In Lemma[3] we provide the conditions when the noise-
free state transition matrices P; and Pj of two different
convolutional codes C; and Cs are the same. In Lemma [4]
we show that P{ # P, implies that P, # P,. Finally in
Theorem[dl we provide a lower bound on the error exponent
I.r. Proofs of all results are provided in the Appendix.

Lemma 1. Any row of P’ will be a permuted version of the
vector [0.5 05 0 0 ... O].

Lemma 2. When the noise is introduced by the BSC(e),
any row P will be a permuted version of the vector

[p/2 p/2 (1-p)/2 (1-p)/2 0 0 ... 0],
where p is given by

S AV (1= e
X A1 e

p

Further, we have p = (1 — p) only when € = 0.5. For any
€ < 0.5 we have p > (1 — p).

Lemma 3. P = Pj if and only if C is equivalent to Cs.
Lemma 4. For € < 0.5, P| = P} if and only if P, = Ps.

Theorem 1. For code Cj, let any row of the state
transition matrix Pj is a permuted version of the vector
where the expression for p; can be derived using Lemma
for 3 =1,2. Then a lower bound on the error exponent I,,,
for the corresponding LRT will be

Ierr Z (pl - p2)2-

N =

This bound is strictly positive when C; and C3 have
different weight enumerators (Lemma ).

V. SIMULATIONS

We compare the performance of BCJR-based likelihood
ratio taste and neural network-based classification on the
following two pairs of codes. The generator of the codes is
written in the standard octal representation.

o Example 1: Cy = [5,7] and C3 = [4, 5]

e Example 2: C7 = [11,5] and Cy = [7, 10]

o Example 3: Cy = [37,21] and Cy = [31, 27]

o Example 4: C; = [133,171] and Cy = [117,127]

The comparison in Fig. (8] (a-c) reveals that for shorter
block lengths, BCJR and DNN exhibit comparable perfor-
mance, with the probability of error decreasing as block
length (N) increases or crossover probability (¢) decreases.
However, as block length (N) or crossover probability (€)
grows, the DNN consistently outperforms BCJR, show-
casing superior scalability and robustness, particularly in
scenarios where BCJR encounters numerical instability. Ad-
ditionally, Fig. 3] (d) demonstrates that the DNN maintains
strong performance even when the number of memory
elements increases, further emphasizing its adaptability to
more complex scenarios.

A. Domain Incremental Learning(DIL) for Encoder Predic-
tion with Variable-Length Codewords

Domain Incremental Learning (DIL) is a learning
paradigm in which a model is trained incrementally on data
from different “domains” (distinct but related tasks) while
retaining knowledge from previously encountered domains.
The primary challenge in DIL is to balance stability, which
ensures the model remembers what it has already learned,
with plasticity, which allows it to adapt to new tasks. DIL
is particularly effective in scenarios where retraining from
scratch is computationally expensive or memory intensive,
and avoids the problem of catastrophic forgetting—where
new training overwrites previous knowledge [34].

In our framework, each codeword length is treated as
a distinct “domain”, meaning that codewords of different
lengths are considered related but separate tasks. We have
modeled our problem as a DIL task to address the challenges
of space efficiency and time optimization by eliminating
the need to re-train from scratch for every new codeword
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Fig. 4: Dynamic length-adaptive neural architecture with shared and length-specific components for encoder prediction

length. Instead, our approach enables the reuse of previously
learned knowledge while still allowing the system to adapt
to new lengths. To achieve this, the architecture consists of
two main components:

o Shared convolutional layers: These layers are universal
and extract features that are consistent across all code-
word lengths, ensuring stability and efficient feature
reuse.

« Length-specific batch normalization layers: These lay-
ers are unique to each codeword length and help the
model adapt to the specific characteristics of a given
length, ensuring plasticity.

In addition to using a task-specific loss to optimize predic-
tions, our framework employs distillation loss, a technique
to prevent catastrophic forgetting. Distillation loss works by
minimizing the difference between the outputs of a “teacher”
model (the frozen version of the model trained on previous
codeword lengths) and the “student” model (the updated
version being trained on new lengths). This ensures that
learning new tasks does not overwrite previously acquired
knowledge. A visualization of the proposed architecture is
shown in Fig. [l

Remark 2. Conventional methods either necessitate retrain-
ing the model from scratch for each newly encountered code-
word length or require maintaining separate models for ev-
ery length, both of which are computationally intensive and
memory-demanding. In contrast, our approach leverages
shared convolutional layers to extract universal features
across all lengths, combined with dynamically added length-
specific batch normalization layers to adapt to individual
codeword lengths. By effectively balancing scalability, effi-

ciency, and adaptability, our framework significantly reduces
memory usage and computational overhead, offering a prac-
tical and highly scalable solution for real-world applications
with variable-length codewords.

VI. CONCLUSION AND FUTURE WORK

In this paper, we studied the problem of detecting the
correct convolutional code corresponding to the given noise-
affected data when the two potential codes used by the
transmitter are known. Towards this, we provided a novel
interpretation of the convolutional code as a Markov chain.
While our new interpretation enabled us to study the code
detection problem as a detection between two Markov
chains, we believe this interpretation is interesting on its
own. As a part of our main results, we provided closed-form
expressions for the corresponding state transition matrices,
analyzed the error exponents, and designed DNNs that
have found to achieve the optimal performance for various
examples of convolutional codes.

In the future, we wish to extend our analysis to the situa-
tion when the additive white Gaussian noise channel and the
binary erasure channel introduce the noise. Extending our
ideas to the situation when the set of potential convolutional
codes is not known is also of interest.

APPENDIX
A. Proof of Lemmalll

Recall that for m = 2, the present and next states for
the noiseless data are S} = [V,_1 V] and S; , =
[Vi Vig1] respectively (see Section III-B). Any row of
matrix P’ corresponds to the fixed present state S} = s

and each element in this row correspond to P[S] ; [S} = sj]



for all poss1b1e values Sj,; can take. Observe that for the
fixed s}, V; is also fixed and all possible values that Sj_
can take corresponds to all possible values V;;; can take.
For n = 2, V4, can take at most four possible values and
hence any row of P’ will have at most four non-zero values.
Thus any row of P’ will be a permuted version of the vector
[Pr P2 p3 pa O O 0] such that St opi=1
Consider the block code D2 corresponding to the 2-step
time evolution of the trellis of code C' (see Fig. 2). From
Remark [I] we have Dim(Ds) = 4 and hence all possible
16 paths from the time instant (¢ — 1) to ¢ will correspond
to distinct codewords in Do. This implies that a fixed state
s; = [vi—1 v:] would lead to the unique memory-state at
time ¢t. From this state, V1 will take two distinct equally
likely values, leading to the required claim of the lemma.

B. Proof of Lemma

For the noise-affected data, the present and next states
form = 2 are S; = [Yt_l Yt} and Sy = [Yt Y1
respectively. For the fixed present state S; = [yt_l YVt
and n = 2, using arguments similar to proof of Lemma
any row of P will have at most four non-zero values that
correspond to all possible values Y;;; can take. The state
transition probability can be computed as follows

P[S;11 =8:11,St = s¢]
P[S; = s¢]
CP{[Yer Yy Yepl=[vi1r y¢ yiral}
B P{[Yi1 Y =[yi1 vi]} '

To compute the numerator of Eq. (6), one needs
to condition over all possible transmitted codewords
[Vic1 V¢ vip1] € Ds. For the fixed [yi—1 y:], the
vector yiﬂ = [yt_l Vi yt+1] can either be a codeword
in D3 or not. We next consider these two cases separately:

P[St+1 = St+1|st = St] =

(6)

o Case when y'*] € D3: Plyl*] € D3] is given by

Ply;i € D3] = +1Z P[yi’L}‘V?ﬂP[Vﬁﬂ] @)
vitieDs
(a) 1 t+1
(@) )
32P{ < 3} ®)
1 3n X .
© ZA§-‘°’>6<’(1—e)3"‘-7, ©)

where (a) is obtained since ytJrl is a codeword in

D3 only when the error introduced the BSC is also
a codeword. In (b), recall that {AE)3),A§3), e ,AS;)}
is the weight enumerator for the code Ds.

o Case when y'*] ¢ Ds: Consider the standard array
of the code D3 [31, Sec. 3.5]. Since Dim(D3) = 5,
standard array of D3 will have exactly two rows, one
for the codewords in D3 and the other for the rest of
the vectors. When ytJrl ¢ Dg, it will lie in the second
row of the standard array. Since all vectors in a row of
a standard array are equally likely [35 Sec. III-C], the

probability of such a y!*] will be

1 3n .
Py} € Da] =1- 35 3 AP - 9™ (10)

The denominator of Eq. (), is computed by conditioning
over all possible transmitted codewords [vi—1 v¢] € Dy
and using similar arguments as above for any ytJrl we have

1 3n , .
P =yt = g X AT -9 an
=

The required expression of the lemma is now obtained using
Eq. @), Eq. (10), and Eq. and from Lemma [Il

It is known that for € < 0.5, the probability that yi*7 is
a codeword is strictly greater than the case when it is not a
codeword [36] and this implies that p < (1 — p). From [36]
we have p = (1 — p) only when € = 0.5.

C. Proof of Lemma[3]

Each non-zero entry in P’ corresponds to a vector in D3.
Moreover from Lemmal[ll we know that each non-zero entry
in P’ is 0.5. Thus, P’ uniquely determines D3 and vice
versa. In addition, knowing a code C uniquely determines
its three-step linear block code Ds. For a code with m =
2, knowledge of D3 is enough to construct the code book
for any number of time steps, equivalent to determining C'.
Thus, a one-to-one mapping exists between valid P’ and C
(up to equivalence). Consequently, P; = Pj if and only if
C1 and Cs are equivalent.

D. Proof of Lemma

Since the construction of P only depends on P’ and e, for
a fixed €, Pll = PQI = P, =P, Let P* = max;: g/ H’,k’-
Based on classical results in binary cosets [36], we know
that for € < 0.5, P; , = P* only when F; j; corresponds to
a codeword. Thus, P, , = P* — P’k =0.5and P, #
P* = P, =0. Consequently P, = P, = P| = P;.

E. Proof of Theorem

Let M;(u) be the i row of M(u) and M, (u)
be the k™ entry of this row, then by Gerschgorin
circle theorem [37], A(u) < max;) , M;ip(u) =
max; exp((u— 1)DU(P171||P271)), where Du(PlePQZ) =
—L-In (Zk PluszQIZ_z) is the Renyi divergence be-
tween the two distributions. The following bound on
D, (P ;|| P2,;) is noted:

1
Dy (P ;|| Pa;) > U |P1; — P1,z‘|2 (12)

where |P1; —Pi;| = >, [P, k Py, 5| [38]. Since
we [0,1], (u=1D)Dy (Pl [Poy) < du(u—1)|Pr; — Prif”
Exponentiating both sides and invoking the maximum row
sum bound, A(u) < max; exp (%u(u —1)|P;— P27i|2).
Now, Yu € [0,1],3u(u — 1) > =t Consequently,
min,epo,1) A(w) < max;exp (%1 |Py; — P27i|2). Thus,

3
Iew = —mingepoq)In(A(u)) > min; % | P — Pg)i|2.



Using Lemma R |P;— Pyl >  2[8 -2 +
2|Usp) (o2 | — 90p; — pol. Thus, Ly > &(p1 — p2)2.
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