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Abstract—Unsourced random-access (U-RA) is a type of grant-
free random access with a virtually unlimited number of users,
of which only a certain number K, are active on the same time
slot. Users employ exactly the same codebook, and the task of the
receiver is to decode the list of transmitted messages. We present
a concatenated coding construction for U-RA on the AWGN
channel, in which a sparse regression code (SPARC) is used as
an inner code to create an effective outer OR-channel. Then an
outer code is used to resolve the multiple-access interference in
the OR-MAC. We propose a modified version of the approximate
message passing (AMP) algorithm as an inner decoder and give a
precise asymptotic analysis of the error probabilities of the AMP
decoder and of a hypothetical optimal inner MAP decoder. This
analysis shows that the concatenated construction under optimal
decoding can achieve a vanishing per-user error probability in
the limit of large blocklength and a large number of active users
at sum-rates up to the symmetric Shannon capacity, i.e. as long
as K,R < 0.5log,(1 + K,SNR). This extends previous point-to-
point optimality results about SPARCs to the unsourced multiuser
scenario. Furthermore, we give an optimization algorithm to find
the power allocation for the inner SPARC code that minimizes the
SNR required to achieve a given target per-user error probability
with the AMP decoder.

Index Terms—Internet of Things (IoT), Machine Type Commu-
nication (MTC), Unsourced Random Access, Sparse Regression
Code (SPARC), Approximate Message Passing (AMP).

I. INTRODUCTION

In new application scenarios of wireless networks such as
Internet-of-Things (IoT), it is envisioned that a very large
number of devices (referred to as users) are sending data
to a common access point. Typical examples thereof include
sensors for monitoring smart infrastructure or biomedical
devices. This type of communication is characterized by short
messages and sporadic activity. The large number of users
and the sporadic nature of the transmission makes it very
wasteful to allocate dedicated transmission resources to all
the users. In contrast to these requirements, the traditional
information theoretic treatment of the multiple-access uplink
channel is focused on few users K, large blocklength n and
coordinated transmission, in the sense that each user is given
an individual distinct codebook, and the K users agree on
which rate K-tuple inside the capacity region to operate [2, 3|
4]. Mathematically, this is reflected by considering the limit
of infinite message- and blocklength while keeping the rate
and the number of users fixed. This approach does not capture
the bursty random arrival of messages in real world multiple
access networks [5]], which lead to the widespread success
of packet based random-access models [6, |7, [8} [9]. Such
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models are based on simplified collision channels [10]], which
ignore the underlying physical communication and are thereby
limited in the achievable performance [11} |12]]. An alternative
information theoretic route, more suited to capture the short
messages of machine-type communication, was taken in recent
works like [13| |14], where the number of users K is taken
to infinity along with the blocklength. It was shown that the
information theoretic limits may be drastically different when
the number of users grows together with the blocklength.

On a high level, we distinguish between grant-based and
grant-free approaches. In a grant-based protocol the active
users are identified and the base-station (BS) can then allocate
transmission resources to the active users, while in a grant-
free protocol the users transmit their data right away without
awaiting the approval of the BS. For a recent overview of
grant-free protocols see [15]]. A novel grant-free random access
paradigm, referred to as unsourced random-access (U-RA),
was suggested in [14]]. In U-RA each user employs the same
codebook and the task of the decoder is to recover the list of
transmitted messages irrespective of the identity of the users.
The number of inactive users in such a model can be arbitrarily
large and the performance of the system depends only on the
number of active users K,. Furthermore, a transmission pro-
tocol without the need for a subscriber identity is well suited
for mass production. These features make U-RA particularly
interesting for the aforementioned IoT applications.

In [14]) the U-RA model for the real adder AWGN-MAC was
introduced and a finite-blocklength random coding bound on
the achievable energy-per-bit over noise power spectral density
(Ep/No) was established. In following works several practical
approaches were suggested which successively reduced the
gap to the random coding achievability bound [16, |17, |18|
19]. The model has been extended to fading [20] and MIMO
channels [21]. A concatenated coding approach for the U-
RA problem on the real adder AWGN was proposed in [[17]].
The idea is to split each transmission into L subslots. In each
subslot the active users send a column from a common inner
coding matrix, while the symbols across all subslots are chosen
from a common outer tree code. We build upon the finding
of [[17] and its similarity to sparse regression codes (SPARCs)
to give an improved inner decoder and a complete asymptotic
error analysis. SPARCs were introduced in [22] as a class of
channel codes for the point-to-point AWGN channel, which
can achieve rates up to Shannon capacity under maximum-
likelihood decoding. Later, it was shown that SPARCs can
achieve capacity under approximate message passing (AMP)
decoding with either power allocation [23]] or spatial coupling
[24] 25,126, [27]. AMP is an iterative low-complexity algorithm
for solving random linear estimation problems or generalized
versions thereof 28} 29] 30]. A recent survey on SPARCs can
be found in [31].



One of the appealing features of the AMP algorithm is
that it is possible to analyse its asymptotic error probability,
averaged over certain random matrix ensembles, through the
so called state evolution (SE) equations [30} 32]. Interestingly
the SE equations can also be obtained as the stationary points
of the replica symmetric (RS) potential, an expression that was
first calculated through the non-rigorous replica method [33|
34]. It was shown that in random linear estimation problems
the stationary points of the RS potential also characterize the
symbols-wise posterior distribution of the input elements and
therefore also the error probability of several optimal estima-
tors like the minimum-mean-square error (MMSE) estimator
34, [35]. The difference between the AMP and the MMSE
estimate is that the MMSE estimate always corresponds to
the global minimum of the RS-potential, while the AMP
algorithm gets ‘stuck’ in local minima. The rate below which
a local minimum appears was called the algorithmic or belief-
propagation threshold in [35, 36, 25]]. It was shown in [36} [37]]
that, despite the existence of local minima in the RS-potential,
the AMP algorithm can still converge to the global minimum
when used with spatially coupled matrices. Although the RS-
potential was derived by (and named after) the non-rigorous
replica method, it was recently proven to hold rigorously [38}
39]. The proof of [39] is more general in the sense that it
includes the case where the unknown, to be estimated, vector
of information symbols consists of blocks of size 27 and each
blog:k is considered to be drawn iid from some distribution on
R?",

Our main contribution in this work are as follows

« We extend the concept of sparse regression codes to the
unsourced random access setting by making use of the
tree code of [[17].

« For the resulting inner-outer concatenated coding scheme,
we introduce a matching outer channel model, analyse the
achievable rates on this outer channel, and compare it to
existing practical solutions.

« We propose a modified approximate message passing
algorithm as an inner decoder and analyse its asymptotic
error probability through its SE. We use the connections
between SE and the RS formula to find the error proba-
bility of a hypothetical MAP decoder.

o We find that the error probability of the inner decoder
admits a simple closed form in the limit of K,,J — oo
with J = alogy K, for some o > 1. The limit was also
considered in [17], motivated by the fact that J is the
number of bits required to encode the identity of each of
up to Ko users if K, = Ktlof “. We show that the per-user
error probability of the concatenated scheme with inner
MAP decoding vanishes in the limit of large blocklength
and infinitely many users, if the sum-rate is smaller than
the symmetric Shannon capacity 0.5logs(1 + K,SNR).
This shows that an unsourced random access scheme can,
even with no coordination between users, achieve the
same symmetric rates as a non-unsourced scheme.

« Using the results from the asymptotic analysis we identify
parameter regions where the AMP decoder can achieve
the same error probability as the MAP decoder. In param-

eter regions where there is a gap between the achievable
error probability of the AMP and the MAP decoder we
propose a method for finding an optimal power allocation
that is able to improve the performance of the AMP
decoder significantly.

o« We provide finite-length simulations to show the effi-
ciency of the proposed coding scheme and the accuracy
of the analytical predictions.

The paper is organized as follows. In Section [ we describe the
channel model. In Section we introduce the concatenated
coding scheme. In Section we introduce the inner AMP
decoder and the optimal, but uncomputable, MAP decoder
and analyse their asymptotic error probabilities. In Section
we analyse the quantization step, which is necessary for
a binary-input outer decoder. In Section [VI] we formulate the
outer channel and give converse and achievability results. In
Section we analyse the concatenated code. In Section [VIII|
we give an algorithm to optimize the power allocation and in
Section we introduce a low-complexity approximation of
the suggested AMP algorithm. In Section [X] we give finite-
length simulations and compare them to the analytical results.

II. CHANNEL MODEL

Let K, denote the number of active users, n the number of
available channel uses and B = nR the size of a message
in bits. The spectral efficiency is given by y = K,R. The
channel model used is

Kot

y =) axi+z (1)

i=1
where each x; € C C R" is taken from a common codebook
C and ¢; € {0,1} are binary variables indicating whether
a user is active. The number of active users is denoted as
K, = Zfil‘ q;- The codewords are assumed to be normalized
as ||x;]|3 = nP for a given energy-per-symbol P, and the
noise vector z is Gaussian iid z; ~ N(0, No/2), such that
SNR = 2P/N, denotes the per-user SNR. All the active users
pick one of the 28 codewords from C, based on their message
Wy, € [1: 25B]. The decoder of the system produces a list g(y)
of at most K, messages. An error is declared if one of the
transmitted messages is missing in the output list g(y) and we
define the per-user probability of error as:

Ka
P, = Ki D P(Wi ¢ g(y))- )
¢ k=1

Note that the error is independent of the user identities in
general and especially independent of the inactive users. The
performance of the system is measured in terms of the required
Ey/Ny := P/(RNy) for a target P, and the described coding
construction is called reliable if P, — 0 as n — oo.

III. CONCATENATED CODING

In this work we focus on a special type of codebook, where
each transmitted codeword is created in the following way:
First, the B-bit message W}, of user k is mapped to an LJ-bit



codeword from some common outer codebook. Then each of
the J-bit sub-sequences is mapped to an index ix(l) € [1 : 2]
for ! =[1:L]and k = [1: K,]. The inner codebook is based
on a set of L coding matrices A; € R™*27 | Let agl) with
i = [1 : 27] denote the columns of A;. The inner codeword of
user k corresponding to the sequence of indices 5 (1), ..., % (L)
is then created as

Z Piay)). 3)
The columns a(l)

,  of A; are assumed to be zero mean and
scaled such that Hai””% = 1 and the power coefficients P,
are chosen such that E[||x||3] < nP where the expectation is
taken over all choices of indices (i(1),...,ix(L)). The above
encoding model can be written in matrix form as

K, K,
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k=1
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where A = (Aq]..|A7) and m; € RX2" is a non-
negative vector satisfying my, _1)27 i, (1) = /P, and zero
otherwise, for all [ = [1 : L]. Let 8 = Zf:“l my, and
let s denote the support of @ with multiplicity, such that
6 = (VPis'|...| PLSL)T. That is, the components of s’
indicate how many active users have chosen a specific column
of A;. We refer to \/P,s' as the I-th section of 6. The linear
structure allows to write the channel @) as a concatenation of
the inner point-to-point channel 8 — A6 + z and the outer
binary input adder MAC (my,...,mg,) — s. We will refer
to those as the inner and outer channel, the corresponding
encoder and decoder will be referred to as inner and outer
encoder/decoder and the aggregated system of inner and outer
encoder/decoder as the concatenated system. The per-user
inner rate in terms of bits per channel use (c.u.) is given by
Riy := LJ/n and the outer rate is given by Ry = B/LJ. For
the sake of the analysis we shall consider a random ensemble
of codes where the matrices A; are generated with i.i.d.
Gaussian components ~ A(0,1/n) and the outer encoded
indices iy (1) are distributed uniformly and independently over
[1 : 27]. Furthermore, we assume that the power coefficients
are uniformly P, = nP/L, such that the power constraint
E[||xx|13] < nP is fulfilled on average over the code ensemble.
The uniform power allocation will be relaxed in Section
where we will consider a non-uniform power allocation.

IV. INNER CHANNEL

In this section we focus on the inner decoding problem of
recovering s from

y:AH—l—z:\/]gAs—i—z ®)

where P = nP/L. Let k; € [0 : K] for i € [1 : 27] be
non-negative integers. The probability of observing a specific
s! is given by:

K,!

1 T _o—K,J ___ "*a*
p(s _(kj17...7k’2J) )_2 klleJ'

(6)

J
if Z?Il k; = K, and zero otherwise. This is a multinomial
distribution with uniform event probabilities. The marginals of
such a distribution are known to be Binomial, i.e.:

pe=P(sk =k) = <i") 2R (1 —27yRamh ()

and specifically, the probability of observing a zero is:
po i=P(st =0) = (1 —277)Ke, (®)

We define two estimators for s. The first is a variant of the
approximate message passing (AMP) algorithm, which we will
refer to as AMP-estimator. An estimate of s is obtained by
iterating the following equations:

= fi(ATz" + 6"
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where the function f; : R2'L — R2'L is defined com-

ponentwise fi(x) = (ftvl(xl),...,anJL(.TQJL))T and each
component is given by
p K, \/»
fri(x) = prk exp ( (:L —k ) ) (10)
0 2

with 72 = ||z!||3/n, po as in (§) and

Zpkexp( @—kf))

(x) = (Zfil x;)/N in (9) denotes the arithmetic mean of
a vector, f/ denotes the componentwise derivative of f; and
O = 0 is chosen as the initial value. After the equations (9)
are iterated for some fixed number of iterations 7Tp,,x, a final
estimate of s is obtained by quantizing 67 to the nearest
integer multiple of \/E and dividing by \/E Note, that each
of the functions f;; in (TO) is chosen as the posterior-mean
estimator (PME) of the component 6; in a scalar Gaussian
channel with noise variance 77. This is justified by the remark-
able property of the AMP algorithm that the terms A T z* + 6"
are distributed approximately like N'(0, 721), i.e. like the true
signal in iid Gaussian noise [30, [32]].
The second estimator that we analyse is the symbol-by-
symbol maximum-a-posteriori (SBS-MAP) estimator of s

(1)

8t = argmaxP(s! = sly, A), (12)

s€[0:K,]

which minimizes the SBS error probability P(5! # sl) but is

infeasible to compute in practice. Let

L 27
in 1 Al l
PR = 257 YR £ 5]
=1 j=1

denote the inner per-user SBS error rate for some symbol-wise
estimator s , and let PMAP and PAMP denote the corresponding
inner error rates of the MAP and the AMP estimator respec-
tively.

13)



A. Asymptotic Error Analysis

The error analysis is based on the self-averaging property
of the random linear recovery problem (3 in the asymptotic
limit L, n — oo with a fixed J and fixed Rj,. That is, although
A, s and z are random variables, the error probability of both
mentioned estimators converges sharply to its average value.
The convergence behavior is fully characterized by the external
parameters J, Riy, SNR and K. It is known that the asymptotic
estimation error of the AMP algorithm can be analysed by the
so called state evolution (SE) equations [30].

Theorem 1. In the limit n, L — oo for fixed J and fixed
R;, the mean-square-error (MSE) of the AMP estimate (9)
converges to the MSE of estimating s in the scalar Gaussian
channel

r=1\/nPs+z (14)

where s is distributed according to the binomial distribution
p(s = k) specified in (7)), i.e. the marginal distribution of a
single section of s, and z ~ A/(0, 1) is independent of s. The
factor n > 0 is given as the smallest non-negative solution of

d .
iy Awe(1) = 0 (15)
where i33,5(n) is given by
RS Trnpy o 2
tame(n) = 271 () + 551(n = 1) logy(€) — logy (n)] - (16)
1 (np) denotes the mutual information between r and s in the
scalar Gaussian channel (T4). O

Proof: The theorem is merely a restatement of the SE
result in [30] which states that the MSE of 0" can be
described asymptotically by a scalar Gaussian channel where
the effective noise variance follows the recursion

2.1 = 1+ BPE[(s — fi(Ps +172))?] A7)

with 78 = |ly||3/n and s, z jointly distributed as in (T4). It
is well known that in general the minimum-mean-square error
(MMSE) can be achieved by the PME Els|y]. Since f; was

chosen precisely as the PME of \/Es in a scalar Gaussian
channel of the form with 7 = 1/77, it holds that

E[(s — f(Ps + 772))?] = mmse(nP), (18)

where we introduce the MMSE function mmse(nP) = E[(s —
E[s|y])?] in a Gaussian channel (T4). Since the recursion
starts at a high noise (low 1) point and because mmse(nﬁ)
is monotonically decreasing in 7 the point of convergence is
given by the smallest 1 for which

7' =1+ SPmmse(nP) (19)

holds. Setting the derivative of (T6) with respect to 1 to zero

shows that (T9) is precisely the condition for a stationary point.

This can be seen using the -MMSE theorem [40], which states
that in a Gaussian additive noise channel it holds that:

1 d . P .

—I(nP) = — P

Tog, () 7 (nP) = - mmse(1F)

(20)

The mutual information in (T6)) is bounded by the entropy of
the input distribution for n — 0 and so lim,,_,¢ i () = oc.
Furthermore, (I6) is continuously differentiable and therefore
the smallest stationary point, i.e. the smallest 1 for which
di®S(n)/dn = 0, is necessarily either a local minimum or
a saddle point but never a local maximum. Note that although
the assumed distribution on s is not iid the AMP algorithm in
(O) uses a separable denoiser. In this case the SE result of [30]
does not require s to be iid, but only that its empirical marginal
distributions converge to some limit, which is required for the
calculation of the SE. In fact, the presented AMP algorithm (9)
is not optimal since it does not make full use of the distribution
of s, i.e. it ignores the correlation among different components
of s within a section. The optimal AMP algorithm would use
the vector PME of s in the following Gaussian vector channel
as a denoiser:

rl = npsl + z! 20
where s' € R?” is distributed according to the vector distribu-
tion p(s'), specified in (B), the distribution of a single section
of s, and z! € R2” is Gaussian iid with A/ (0,1) components,
independent of s'. The vector PME can be expressed as follows

1 1 [~
opt __ l I | U P l
b Z(xh) ESL:S €xp ( 2 |I* ni's

where ), denotes the sum over all possible configurations
within one section and Z(r!) is a normalisation factor. Note,
that the number of possible configurations of s;, and therefore
the number of terms in the sum ), grows exponentially in
J and K, which makes the direct computation of the vector
PME infeasible. Nonetheless, according to [32], the MSE of
this infeasible version of AMP can be tracked in the same way
as in Theorem [I] but with the vector channel 21I) instead of
the scalar channel and n > 0 is given as the smallest stationary
point of the potential

2

)p(sl), (22)

2

J

(1) = Ls (1) + 5 1(n — 1)logy(e) ~ logy (1)
where IQJ(T]P) denotes the mutual information between r
and s in the Gaussian vector channel and 8 =2'L/n =
Rin27/J is the aspect ratio of the matrix A in (). Note, that
for J =0, i.e. blocks of size one, (23) coincides (I6).

An integral part of the proof of the SE equations in [30,
32] is that the intermediate terms A Tz' + @', appearing in
(@), are indeed asymptotically distributed as in the decoupled
Gaussian channel @) Therefore, the error statistics of any
estimator that is applied to ATz> 4 6> after convergence
(t = o0) can be analysed by studying the same estimator on
the Gaussian channel at the appropriate channel strength
nP.

A crucial point is that the asymptotic AMP performance is
given by the smallest stationary point of the potential function.
In particular, the MSE of AMP with the optimal vector PME
(22)) is described by the smallest stationary point of (23], while
the MSE of AMP with the scalar PME (I0) is described by
the smallest stationary point of (I6). Nonetheless, the potential
functions also contains information about the performance of

(23)

l
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Fig. 1: Illustration of the RS-potential

the optimal MMSE estimate § = E[s|A,y] [41]. Specifically,
the asymptotic MMSE is given by the MSE of the PME of
s in the Gaussian vector channel , similar to the analysis
of AMP with the vector PME @]) but the effective channel
strength 7 is now the global minimizer of (23). We illustrate
the used terminology in Figure [I] Note, that it is possible
that the smallest stationary point and the global minimum
coincide. In that case the AMP estimate coincides with the
MMSE estimate. For s with iid components, i.e. the special
case J = 0 where (23) reduces to (I6), this connection was
first discovered, using the non-rigorous replica method, in [33]]
for binary iid signals s and generalized to arbitrary iid s in [34}
29]. For this reason, the potential function was termed the
replica symmetric (RS) potential. This heuristic discovery was
later confirmed rigorously in [38} [39]. The proof in [39 Ch.
4] is based on an adaptive interpolation approach and includes
the case of block iid signals which are shown to be described
by the global minimizer of (23).

Even in the iid signal case, the original results obtained by
the replica method were slightly stronger then the rigorized
versions in [38} 39, |41]]. Specifically, they included the so
called decoupling property [33, 34, |35], which informally
states that, in the case of an iid prior, the conditional posterior
distribution of s in the model (3) indeed behaves like the con-
ditional posterior distribution induced by the scalar Gaussian
channel (T4). Motivated by the similarity of the RS potentials
in the iid and in the block iid cases, respectively in and
(23), we conjecture that the decoupling principle holds (subject
to the validity of the replica-based analysis) also for the block
iid case, when the length of the blocks 27 is constant with n
and L . This is summarized in the following

Claim 1 (Decoupling Property). For an arbitrary section index
[ let si, be a sample from the marginal posterior distribution
Psi|y,a Where y is created according to model (S) and s)
being distributed according to the prior distribution of one
section (6). We say that the decoupling property holds in some
specified limit if the joint distribution of (s}, si,) converges to
the joint distribution of (s}, s!) defined as follows. s} is again
distributed according to the prior of a single section while,
conditional on s}, s is distributed according to the posterior

distribution pg |, evaluated at the output of a Gaussian vector

channel r! = \/777556 + z! with input s}. The factor 7 > 0 is
given as the global minimizer of 23).

Remark 1. The decoupling property implies that the error
statistics of every estimator that is based purely on the marginal
posterior distribution, including the SBS-MAP estimator, is
asymptotically given by the error statistic of the same estimator
but with the true posterior distribution replaced by a posterior
distribution in a degraded Gaussian channel, where the degra-
dation factor 7 is given as the solution of the minimisation of
(23). Therefore, asymptotically, once 1 has been determined,
the error of the SBS-MAP estimator can be computed as the
error of the estimator 8; = arg max P(st = s|r!) in the channel
(21). Claim [T) is supported by several reasons:

1) It was proven in [39, Ch. 4] that the mutual information
between s and y in () converges to the RS potential
(23). Through a limiting argument together with the I-
MMSE theorem it is possible to conclude the convergence
of the posterior-mean estimation error of s from (9)) to the
MMSE in the Gaussian vector channel [41, Corollary 7].

2) The replica-based proof of the scalar decoupling property
in [34] consists of two steps. First it is shown that,
subject to the validity of the replica analysis, the mutual
information I(y;s) in (@) converges to (I4). Then it is
shown that all the moments of the joint distribution of
(sh,s') converge for an arbitrary index [ to the joint
distribution of input and posterior output in a degraded
Gaussian channel. The second step is obtained by essen-
tially repeating the same calculation as in the first step.

3) In [33] it was argued that the mutual information is
equivalent to the cumulant generating function and as
such it contains the information about all the moments of
the input-output distribution. Therefore the convergence
of the mutual information would imply the decoupling
property. Nonetheless, it is non-trivial to confirm such a
claim in the given setting.

4) There is an strong connection between the SE of AMP
and the replica method. As mentioned, the potential (23]
also describes the performance of the optimal, compu-
tationally infeasible, AMP algorithm. The SE of AMP
though has been proven rigorously [32]], even for the case
of block iid input distributions, and it is an integral part of
the proof of the SE that the intermediate terms ATz+6¢,
appearing in (9)), are asymptotically distributed as in the
decoupled Gaussian channel (2I). The major role that SE
plays in the rigorous proof of the RS-potential in [41]]
leads us to believe that the decoupling property should
also translate.

Nevertheless, the decoupling property, as stated here, is not
supported by rigorous proofs in the current literature, Show-
ing the decoupling property for block iid signals (wether
via replica analysis or in a fully rigorous way) remains an
interesting open problem for future work.

In the remaining chapter we give a mathematical analysis
of the vector-channel based potential (23) and the scalar-
channel based potential (I6) and show that the componentwise
PME in (T0) is the best componentwise approximation of the
vector PME and furthermore, in the typical sparse setting,



ie. K, < 27, the difference between the minima of the
two potential functions and is negligibly small and
therefore the global minimizer of the potential can be
used to approximate the global minimizer of (23). This means
that the error probability of both the presented AMP estimator
and, through the decoupling property, the SBS-MAP estimator
can be characterized by the local and global minimizers of the
potential function based in the mutual information in a
scalar Gaussian channel. The connection between (I6) and
is made precise in the following theorem:

Theorem 2. Let 7,y be the global minimizer of 23)) and let
Tlopt b€ the global minimizer of then 7op; > 7lope and

Rin IOg Ka )

24
7 (24)

Tlopt — ﬁopl =0 (

O

Proof: Analogous to (I9) the optimality condition for 7oy
can be found by setting the derivative of to zero and using
the -MMSE theorem for a Gaussian vector channel. This gives
the condition

. mmseys (nP)
=14 pP

(25)
where mmse,s (nP) is the MMSE of estimating s’ in the
Gaussian vector channel (2I)). Let us introduce the mismatched
MSE function. For an arbitrary probability distribution ¢ : [0 :

K,]?" —[0,1] we define
mse, (t) = El|s — 8,(Vts + Z,1)|3 (26)
with
2
e 3 sl Vsl

°S . exp(—llr — Vis'[2/2)a(s)

The expression in (26) is the MSE of a (mismatched) PME
in a Gaussian vector channel of the form with respect
to some prior distribution ¢(s), which may differ form the
true prior ps(s). It is clear that from the minimality of the
MMSE function that mmsess(t) < mse,(t) for all ¢ with
equality if g(s) = ps(s). This means, that calculating the fixed-
point of (23), with mmse,s(t) replaced by mse,(t) for any
choice of ¢(s) gives an upper bound on 7oy The L'-distance
between the functions mmse, (t) and mse,(t) is quantified by
the following result from [42]

s€[0:K,]27

1
§||mseq — mmseyy || z1

| e (28)
= 5/0 [mse, (t) — mmseys (¢)]dt = D(ps || q)-

where D(ps || ¢) denotes the KL-divergence between the
distributions ps and 9q- We focus on product distributions of
the form ¢(s) = Hl 1 4i(s4), since for such distributions the
vector MSE function (26) becomes the sum of scalar MSE
functions, which are easy to calculate. Moreover, a simple
calculation in Appendix |A| shows that the L' distance (28) is
minimized by the product distribution whose factors ¢; match

the marginals of ps. We prove in Appendix [B| that the KL-
divergence between the multinomial distribution ps and the
product distribution of its marginals satisfies

Ps Hm O(log K,) (29)
By substituting nP = ¢ we get from (28):
/ mse, (nP) — mmseys (nP)dn
== / mse,(t) — mmseys (t)dt 30)

2
D (ps Hizlmsi))
< =
P
Furthermore, since all marginals of pg are identical and given
by the binomial distribution, the mismatched MSE function of

q(s) = [ pi(s;) takes the form

mse, () = 2/ mmse(t), 31)

where mmse(t) is the MMSE function in the scalar Gaussian
channel that appears in (I9). So it follows from (28) and

(29) that as a function of 1 € [0, 1]
log K,
:o(O%A> (32)
B 27 P

Therefore, with J — oo, the difference between the per-
component vector MMSE function in and the scalar
MMSE function in converges exponentially fast in L!
norm to zero. We show in Appendix [C] that exponentially fast
convergence in L'-norm implies exponentially fast pointwise
convergence everywhere except on a set of arbitrary small
measure.

The right-hand sides (RHSs) of @23) and (19) are mul-
tiplied by ﬁP With the scaling conditions in Theorem
B = Rin2’ /J. Therefore, the difference between the RHS
of and converges pointwise to zero with rate
O(Rinlog K, /(6v/J)) everywhere except on a set of measure
O(6J71/?). Since MMSE functions of Gaussian channels are
non-increasing, by a well known theorem in real analysis,
their pointwise convergence implies uniform convergence in
all continuity points of the limit functions. Later, we will
show that the common limit function of the mmse functions is
continuous on two disjoint intervals divided by a single discon-
tinuity point. Therefore, since uniform convergence preserves
continuity, the pointwise convergence holds for all 1 except
for a single point. We have established that the difference of
the right hand sides of the stationary point equations and
converges pointwise to zero. Due to the smoothness of the
MMSE functions [43| Proposition 7] the convergence carries
over to the solutions of the (I9) and (23)) if 7op and 7o are
away from the discontinuity point of the limiting function,
which will follow later from Theorem Ml This concludes the
proof of 24). ]

Theorem 2] allows to calculate the minima of the potential
(23) by solving the scalar fixed point equation (T9) numeri-
cally. It guarantees that the error will be small, since typically

mmse, (- P)
o7

mmse(-P) —




27 is much larger than K,. Nonetheless, the MMSE function
in equation (I9) can be further simplified if J grows large.
That is because the coefficients p; defined in , which can
be expressed as

Pk = poﬁ (33)

@/ —1F

decay exponentially with kJ. This suggests that for large J
we can drop all p; with k& > 2:

Theorem 3. Let mmseor(t) be the MMSE function of esti-
mating the binary variable sor € {0, 1} in the scalar Gaussian
channel

r= \/%SOR + z (34)

where p(sor = 0) = po and p(sor = 1) = 1 — pg and
z ~ N(0,1) independent of sor. Then mmseog (¢) > mmse(t)
for all £ > 0 and

K2
mmseog (t) — mmse(t) = O (22?> (35)
(]
Proof: See Appendix [ |

We choose the nomenclature OR in mmseor because the
distribution of spr arises as the marginal distribution of s if
we assume that it is not the sum of the individual messages
m;, but the OR-sum:

Ka
S = \/ my (36)
k=1
Furthermore, let Ior(t) be the input-output mutual information
in the channel (34) and

iSor (1) = Tor(nP) + (1= 1) logy(e) — logy ()] (37)

2p
the corresponding RS-potential. A consequence of Theorems
and [3]is that we can use to find both the global minimizer
of (23) and the local minimizer of (L6).
OR

Corollary 1. Let 7)o be the global minimizer of (23), let 7y
be the global minimizer of (37), let 1, be the smallest local
minimizer of (T6) and let 758 be the smallest local minimizer

of (B7). then 7oy > 7jons

N R, log K,
Tlopt — 778313 =0 <m\/§) (38)
Furthermore, if 7jop 7 7atg then 7, > ﬁﬁg and:
- R, log K,
Talg — US? =0 (m\/%) (39)
|

Note that we have only shown that the difference of the
MMSE functions in the channels 1)) and (34) converges to
zero as J — oo. This shows that those functions converge
to the same limiting function. The derivation of this limiting
function itself is the subject of the following section.

B. The J — oo limit

The problem with the numerical evaluation of the stationary
points of (T6)), even when using Theorem is that 277 is very
small. We were able to evaluate the minima of (I6) only up
to around J = 60. E] So even though (33) guarantees that
the common J — oo limit of the two MMSE functions in
the channels and exists, it is not obvious how to
calculate it numerically. To solve these problems we calculate
the limit of analytically in a regime where both K,
and J go to infinity with a fixed ratio o := J/log, K,
for some o > 1. The parameter o determines the sparsity
in the vector s, e.g. for K, = 300 and J = 15 we get
a ~ 1.82. In this limit K,/2/ = K!=* — 0, ie. the
sparsity in s goes to zero and the error term in Theorem
vanishes. The RS-potential provides a characterisation
of the AMP performance (and by Corollary [I] and Claim [I]
also of the SBS-MAP performance) when sparsity and the
aspect ratio 3 are kept fixed. The following analysis provides
a way of predicting the performance when the aspect ratios
are growing large while at the same time the sparsity becomes
small. We find that a non-trivial limit of the MMSE function
exists in the energy-efficient regime, i.e. for R;,, P — 0 with
fixed sum-rate S;;, = K,R;, and fixed energy-per-coded-bit
&n = SNR/(2R;,). Note, that in this limit Ry, = S/K,, i.e.,
the differences in and go to zero.

Theorem 4. In the limit K,,J — oo, Ri,, SNR — 0 with
fixed &y, Sin and J = alog, K, for some o > 1 the pointwise
limit of the RS-potential is given by (up to additive or
multiplicative terms that are independent of 7 and therefore do
not influence the stationary points of i85(n)):

i5e(n) = Jim iop () =

1Sinin[L — 6(n — 1)

S; 1 _ (40)
1—=)0(n—
* oa, ¢ ( a) (n—1)
1
+ 5[ 1) — Iny]
where
1, ifx>0
0(z) =435, ifz=0 (4D
0, ifz<0
and L1
j=—a_ )
n Einlogy e (42)
Furthermore, for n € (0,7) U (7, 1]
. d d .
Jim 0w () = iR () (43)
(I
Proof: See Appendix [E] [ |

The stationary points of i®S(n) can then be calculated
analytically, resulting in simple conditions:

'In a double-precision arithmetic 1 — 2~ evaluates as equal to one at
around J = 60 [44]. A more involved implementation with a higher precision
may allow the evaluation at higher J.



Theorem 5. 1* = 1 is a global minimizer of i®%(n), if and
only if

1 1
Sin <1 — a) < 5 10g2(1 + QSingin) (44)

and 7. = (1 + 28inEn) ! is a local minimizer of XS (n) if

and only if
-1
1 1
2Sin > logy e (1 - ) - —
«@

g (45)

O

Proof: According to Theorem [4] the derivative of i%5(n)
in @0) is given by
OiRS 1 1
- = Spénll —0(n—7 —(1—-- 46
) = Sucall 00—+ 5 (1-1) o

for 1 # 7. Therefore, the stationary points of iX5(n) are

ne = (14 285nEn) (47)

and

n =1 (48)

The first point 7 is stationary if and only if n§ < #, which,
after rearranging, gives precisely condition (@3]). Also note, that
the second derivative of iRS is (477)~2, so it is non-negative for
all n > 0. Therefore the stationary points are indeed minima.
A local maximum may appear only at 77 = 77 where %5 is not
differentiable. The values of % at the minimal points are

’LECS)(’I?S) = H‘Sgié’,:&l + % [1—#25:;52,1 + ln(l + QSingjn)]
. 10g2(1 + 251'“51“)
B 2log,y e
(49)

if ny < 7, and

S; 1
RS/, % n

= 1—- = 50
o) = o (1- 1) (50)
It is apparent that i85 (n?) is the global minimum if and only if
condition (44) is fulfilled. We implicitly used here that 7 < 1,
that is because condition (#4) implies 77 < 1, which can be
seen by solving inequality (@4) for &,. [ |

V. HARD DECISION

In this section we calculate the symbol detection error prob-
abilities, assuming that the output of the inner decoder for
each position s is given as the true signal in independent
Gaussian noise with an effective channel strength 77]5. For the
AMP algorithm this assumption is well justified as mentioned
in the beginning of Section [[V| while for the optimal symbol-
wise detector this assumption is justified only by Claim [I]
Note, that the MAP estimate on s. from a vector observation
r! in the channel is the one which maximises p(st|r!).
Such an estimate is hard to analyse in general so we resort
to analysing the suboptimal estimator that maximises p(s|r!).
This error probability of this estimator is described by the error
probability of MAP estimation in the scalar Gaussian channel

(I4) with the appropriate effective channel strength 7op. As
we will later show, the suboptimal estimation is sufficiently
good in the sparse regime K, < 2.

The previous section described in depth how the effective
channel strength 771AD can be calculated for the AMP and MAP
estimation respectively. For the detection, we consider only
the problem of deciding between s = 0 and s > 1 from
the Gaussian observation 7, specified by (I4). We focus only
on the support information for two reasons. First, because
the outer code considered in this paper makes use only of
the support information. Second, because we are interested in
the typical setting where K, < 27. The intuition is that, in
this regime, collisions are so rare that the error-per-component
of treating each component as if collisions are impossible is
negligibly small. Let p be an estimate of 1(s > 1) given an
observation of s in Gaussian noise according to (I4). We define
two types of errors, the probability of missed detections (Type
I errors)

pma = p(p =0|s = 1) (51
and the probability of false alarms (Type II errors)
Pra = p(p =1|s = 0). (52)

From the Neyman-Pearson Lemma [45]], the optimal trade-off
between the two types of errors is achieved by choosing p = 1
whenever
p(rls = 1)
p(rls =0)

where 6 is some appropriately chosen threshold. If we assume
that s takes on only binary values with p(s > 1) = 0 and p(s =
1) = 1 — po, i.e. the same OR-approximation introduced in
Theorem[3] a straightforward calculation shows that by varying
0 the trade-off between p,q and pg, follows the curve defined
by the equation

>0, (53)

Qil(pmd) + Qil(pfa) = 7115

where Q(z) denotes the Q-function. In Figure [2| we plot this
curve for K, = 300, J = 12 and various values of 17I5
together with the curves obtained from the precise evaluation
of the Neyman-Pearson error probabilities without the OR-
approximation. It is apparent that the difference between those
two is barely recognizable. By choosing 6 = po/(1 — py) we
get the SBS-MAP estimator, which minimizes the total error
probability

(54)

p(p # p) = praPo + Pmda(1 — po)- (55)

Nonetheless, we find that is useful for practical purposes
to vary the threshold 6 to balance false alarms and missed
detections in a way that is adapted to the outer decoder.

VI. OUTER CHANNEL

Let us assume that the inner decoder (SBS-MAP or AMP) has
recovered the support of s = 21{21 my, such that the symbol-
wise error probabilities are given by png and pp. We have
shown in the previous two sections how pyg and pg can be



£ |—MC simulations
- -SNR=[Q7(p,) + Q7 (p, )
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Fig. 2: Detection error trade-off for K, = 300 and J = 12.
The solid curves are created by Monte-Carlo simulations of
the channel with subsequent likelihood-ratio test, where
the threshold 6 is varied. The dashed lines are calculated by

).

found in the asymptotic limit. The support of s is given by the
OR-sum of the messages:

Kq
p = supp(s) = \/ my, (56)
k=1
Let p denote the estimated support vector. It can be interpreted
as the output of L uses of a vector OR-MAC with symbol-
wise, asymmetric noise. We denote the lists of active indices
in the [-th section by

S ={iel:27]:p. =1}. (57)

Given L such lists, the outer decoder is tasked to recover the
list of transmitted messages up to permutation. An outer code
is a subset C C [1: 27]F of |C| = 27 LB codewords. An outer
codeword can be equivalently represented as either a set of L
indices in [1 : 27] or as a binary vector in RF2” with a single
one in each section of size 2.

Classical code constructions for the OR-MAC, like [46,
47|, have been focussed on zero-error decoding, which does
not allow for non-zero per-user-rates as K, — oo, see e.g.
[48] for a recent survey. Capacity bounds for the OR-MAC
under the given input constraint have been derived in [49] and
[SO], where it was called the “T-user M-frequency noiseless
MAC without intensity information” or “A-channel”. An asyn-
chronous version of this channel was studied in [51]]. Note, that
the capacity bounds in the literature are combinatorial and hard
to evaluate numerically for large numbers of K, and 2”. In the
following we will show that, in the typical case of K, < 27,
a simple upper bound on the achievable rates based on the
componentwise entropy is already tight.

From the channel coding theorem for discrete memoryless
channels [4] it is known that a code with per-user-rate Ry

[bits/coded bits] and an arbitrarily small error probability exists
if and only if
I<mla sy K S i))

Rouw < K, .

The coding theorem assumes that each user has his own
codebook, so the resulting rate constraint is an upper bound
on the achievable rates of an outer code when every user has
the same codebook. The mutual information is:

(58)

I(my,...,mg_ ;8) = H(8) — H(§|my,...,mg,) (59)

where

H(i)|m1a -~'7mKa) = QJ(pOHQ(pfa)+(17PO)H2(pmd)) (60)

and Hz(-) denotes the binary entropy function. The output
entropy H (§) for general asymmetric noise is hard to compute.
A simple upper bound on the entropy of the 27-ary vector OR-
channel can be obtained by the sum of the marginal entropies
of 27 independent binary-input binary-output channels. If we
assume the coded messages to be uniformly distributed, i.e.
P(m! =e;) =277 for all j = [1:27], then for all i

plpi=1)=1-po (61)
with po given in (§) and
p(pi=1) = (1 —=po)(1 — Pmd) + PoPra (62)
Therefore, after reordering, we get:
H(8) < 2"Ha((1 = po)(1 = pra — pma) +P1) ~ (63)

Technically, this is only an upper bound, but we find numeri-
cally that it is very tight and furthermore, in the next section we
will show that in the noiseless case it is actually achievable
by an explicit outer code in the familiar limit K,,J — oo
with J = alog, K. To find the limit of (63) we assume that
pra < cK, /27 = cK1=* for some constant ¢ > 0, i.e. the ratio
of false positives to true positives remains at most constant as
K,,J — oco. An equivalent condition is

10g2 Pfa <

1 _
Kotoo logy Ky = O

(64)
If this is not fulfilled the false positives dominate the entropy
terms in the mutual information and the achievable rates go
to zero. We use the fact that for small arguments, the binary
entropy function becomes

Ha(p) =~ p(1 — logy p) (65)

and that (1 — py) ~ K,/27. With this, a straightforward

calculation shows that

1 s e .8 1
(ml JKr:lK S) S (1 7pmd) <1 o a> (66)

In the following we assume for simplicity that the inner
decoder works error free, i.e. pr, = pmg = 0. Interestingly, the
bound 1 — o~ ! is achievable by a random code with a cover
decoder, a construct often used in group testing literature.
Given OR(L), the OR-combination of L, a list of K, code-
words, the cover decoder goes through the whole codebook
and produces a list of codewords that are covered by OR(L).

lim
Kq,J—00




By construction the cover decoder will find all codewords
in £ and the error probability is governed by the number
of false positives ng. We assume that if the decoder finds
more than K, codewords, it discards exceeding codewords at
random until the list contains only K, codewords. Therefore
the per-user error probability of the cover decoder is given as
P. = np/(Ky + np). We write ¢; C co if a binary vector
c; is covered by a binary vector co, that is if for all ¢ with
C1,i = 1 also Coq = 1.
Theorem 6. Let C be an outer codebook of size 2L7ftou
where the position of each codeword in each section is
chosen uniformly at random. Then the error probability of
the cover decoder vanishes in the limit L, K,,JJ — oo with
J = alogy K, for some o > 1 if
Row <1-— 1 (67)
o

O

Proof: Let L be a list of K, arbitrary codewords from C.
Then

Plng > 1) = P (U fec 0R<c>}> (68)

c¢ L
<> P(cCOR(L)) (69)
c¢Ll

< 2B Ramax P (¢ € OR (L)) (70)

c¢Ll

L

— 9LJRou max P(c'cor(LY) (7D

Mgy ]

KL

_ oLJRou a
=2 (2]) (72)
— 9LJRou+L(1-a)log, K, (73)
— 9LJ(Ru—(1=a™")) (74)

In the second line we have used the union bound. In the third
line the non-negative sum is upper bounded by its maximum
term times the number of codewords not in £ which is
LJRaw _ ¢ < 9LJ R [n the fourth line we have used that
the entries of each section are chosen independently of each
other. In the fifth line OR(L!) denotes the OR-combination of
the I-th section of the codewords in L. The probability that a
random number from [1 : 27] is contained in a fixed set of size
K, is given by 1 — (1 — 277)%a_ which becomes K, /27 for
small K,/27. This probability is the same for all codewords
not in £ which allows to drop the maximum. It is apparent
that the error probability vanishes for any L and J — oo if
condition is fulfilled. |

Remark 2. The proof of Theorem [ can easily be extended
to include false positives. For that we introduce modified lists
OR(L!), which in addition to the list of transmitted symbols
in section [ also contain ng random erroneous entries. If we
assume that ng, = cK, for some constant ¢ > 0 the result of
Theorem E] is unchanged. Since pg, = ngp/ 27, this condition
is equivalent to (64).

We can also derive a finite length upper bound on the
achievable outer rates with the cover decoder in a more direct,
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combinatorial way.

Theorem 7. Any outer code that can guarantee error-free
recovery under cover decoding for K, users with L-sections
in the limit K, J — oo with J = a/logy K, has to satisfy:

1 1

Row <1——+— (75)

a ol
O
Proof: We first show that any error free code has to satisfy

2LJR0m 2JL

< — 76
K. = KP (76)

To see this, assume an outer code that is error-free, i.e. for any
list of K, codewords the OR-combination of theses codewords
does not cover any other codeword that is not in the list. Then
any two non-intersecting lists, £1 and Lo, of K, codewords
create two non-intersecting lists of K possible sensewords.
To see that they are non-intersecting, note, that due to the error-
free property none of the codewords in Lo is covered by the
OR-combination of all codewords from £;, which we denote
by OR(L;). This means that each codeword from L, differs
from OR(L;) in at least one position. But this also means
that any OR-combination of codewords from L, differs from
OR(L;) in at least one position.

Now divide the set of all 2%/ %o codewords into distinct lists
of length K, then each of these lists creates a distinct list of
K lf sensewords, whose total number has to be limited by the
size of the space:

2LJR0u(

Kl <2't (77)

a
This is precisely the statement of (76). If we use the scaling
condition 27 = K2 and take the limit K,, J — oo we get the
statement of the theorem. [ |
For L = 1 we get that R, < 1, which can obviously be
achieved, since for a single section no outer code is necessary.

A. Tree code

The first practical coding scheme for the outer OR-MAC
with the sectionized structure has been presented in [17]. It
works as follows: The B-bit message is divided into blocks of
size by, bo, ..., by, such that Zl b; = B and such that by = J
and b; < J foralll =2,..., L. Each subblockl = 2,3,...,L
is augmented to size J by appending m; = J — b; parity
bits, obtained using pseudo-random linear combinations of the
information bits of the previous blocks I’ < . Therefore, there
is a one-to-one association between the set of all sequences of
coded blocks and the paths of a tree of depth L. The pseudo-
random parity-check equations generating the parity bits are
identical for all users, i.e., each user makes use exactly of the
same outer tree code. For more details on the outer coding
scheme, please refer to [|17].

Let S;, [ = 1,..., L be the list of active indices in the [-th
section, defined in (37). Since the sections contain parity bits
with parity profile {0, 7o, ..., 7}, not all message sequences
in §§ X & x -+ x &g, are possible. The role of the outer
decoder is to identify all possible message sequences, i.e.,
those corresponding to paths in the tree of the outer tree code



[17]]. The output list £ is initialized as an empty list. Starting
from [ = 1 and proceeding in order, the decoder converts
the integer indices &; back to their binary representation,
separates data and parity bits, computes the parity checks for
all the combinations with messages from the list £ and extends
only the paths in the tree which fulfill the parity checks. A
precise analysis of the error probability in various asymptotic
regimes is given in [[17]]. Specifically, the analysis shows that
the error probability of the outer code goes to zero in the limit
K,,J — oo with J = alogy K, and some o > 1if the
total number of parity bits P = Zlez m; is chosen as ([[17}
Theorem 8 and 9])

1) P=(L+6—1)log, K, for some constant § > 0 if all
the parity bits are allocated in the last slots.

2) P = ¢(L — 1)log, K, for some constant ¢ > 1 if the
parity bits are allocated evenly at the end of each subslot
except for the first.

In the first case the complexity scales like O(K Follog K,,),
since there is no pruning in the first RoyL subslots, while
in the second case the complexity scales linearly with L like
O(LK,log K,,). The corresponding outer rates are

Row = B/(B+ P)

=1-P/(B+P)
=1-P/(LJ)
L+6-1 (78)
= 1 e ——
Lo
1 16-1
= 1 _ — B ———
L «
for the case of all parity bits in the last sections and
L-1
Rout =1- %
o
el 7
N a Lo

for the case of equally distributed parity bits. In the limit
L — oo the achievable rates are therefore Ry = 1 — 1/«
and Ry = 1 — ¢/« respectively, which coincides with the
asymptotic upper bound (66) for pma = 0 (up to a constant for
the second case).

In Figure [3] and Figure [f] we compare empirical simulations
with the developed theory. For the empirical results we fix
B = 100 bits and L = 8. Furthermore, for various values
of J and K, we increase the number of parity bits until a
per-user error probability P, < 0.05 is reached. In practice
we use a mixture of the two types of parity profile described
above. We choose the last section to be only parity bits,
while the remaining parity bits are distributed uniformly over
the sections 2,..,L — 1. The entropy bounds are calculated
according to (63) with pr, = pma = 0. In Figure ] we plot the
results as a function of oo = J/logy K,. We can see that the
achievable rates of the tree code with the used parity profile
are very well described by the formula Ry = 1 — ™' for
different J and K,. Furthermore, we can see that the line

2We deviate slightly from the notation in [[17], where the scaling parameter
o' is defined by B = o’ logy Ko and the number of subslots is considered
to be constant. It is apparent that those definitions are connected by o =
L Routcx.
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Fig. 3: Achievable rates with the tree code with L = 8 and
B =100 bits together with the upper bound (63).
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Fig. 4: Achievable rates with the tree code with L = 8 and
B = 100 bits together with the upper bound as a function
of a.

Ry = 1 —a~! is approached from above by the upper bound

(63) as J — <.

VII. ANALYSIS OF THE CONCATENATED SCHEME

Let us reformulate Theorem [5] in terms of the parameters of
the concatenated code. Then the sum-rate is given as

S = K(zR = K{LRinRout = SinRout (80)
and similarly we have
E, P & h

No RNy Rou



As we have shown in the previous section, the best achievable
outer rate is Ry = 1 — a1, which turns out to coincide with
the factor appearing in Theorem Bl Since the channel strength
in the inner channel is given by nP and P = nSNR/L =
JSNR/ Ry, = 2J &y, the channel strength goes to infinity with
J and the error probabilities pg, and pyq in the outer channel
vanish according to (54). An important condition to get the
asymptotic limit Roy = (1 — pma)(1 — 1) in (66) is (64),
i.e. that the ratio of false positives to true positives remains at
most constant. This condition requires that the channel strength
in the inner channel has to grow fast enough to ensure that the
probability of false alarms vanishes faster than the sparsity. In
the following Theorem we show that the scaling condition for
the error probability puts a constraint on the factor 7.

Theorem 8. Let 1]]3 be the channel strength in the scalar Gaus-
sian channel (T4). In the limit K, J — oo with J = a'log, K,
for some o > 1 the condition (64) is fulfilled if and only if

n=1 (82)

where 7 is given in (@2). O
Proof: We show only the direction
1 a

n>7 = lim Mgl—a (83)

Kq—00 log2 K,

the reverse implication can be shown similarly.

We can choose the points p,g and pg, on the curve defined by
(34) in a way that @ '(pma) < € for some constant ¢ > 0.
Therefore, for P = 2JE,

Ypr) > \/nP — e = \/20JEn — (84)
SO
Pra < Q(V2nJEn — €) (85)
and
logy pra < lim 1 —nJEn 4 O(\/j>
Ko—oo logg K, ~ Ka—oo logy(e) \ logy, K, log, K,
(86)
nain
= — (87)
log,(e)

where the first line follows from the standard bound on the
Q-function Q(x) < (27)~ /2 exp(—x?/2)/x. By reordering,
we can see that <l-aif

1—a7t

" fogy(0)Em (88)

=1

u

The consequences of Theorem [§] for the concatenated code
are summarized in the following Corollary.

Corollary 2. Let n,L,J, K, — oo and R,SNR — 0 with
fixed E,/Nyg = SNR/(2R), S = K,R and J = alog, K,
for any o > 1. In this limit there is an outer code such that
the concatenated code described in Section [l with a random
Gaussian codebook can be decoded with the AMP algorithm
@) and P, — 0 if and only if

(log2 e — (Ey/No)~ )

S <= (89)
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If the SBS-MAP estimator is used as inner decoder and the
decoupling property holds true (Claim [I), reliable decoding is
possible if and only if

1
S < §log2(1+KaSNR) (90)

O

Proof: The statement follows immediately from Theorems
and [§] together with the relation 7, < 7 < 1, which is
discussed in the proof of Theorem [3] [ |

Remark 3. In the case K, = 1 no outer code is necessary,
so Ry, = R and furthermore S;, = R and 2S5;,&, = SNR.
Hence, if K, =1 is fixed and J — oo, which corresponds to
a — 00, then Corollary |2 recovers the statements of [22, 23|
23|, i.e. that SPARCs are reliable at rates up to the Shannon
capacity 0.5log,(1 + SNR) under optimal decoding. Also the
algorithmic threshold (§9) coincides with the result of [25]. In
that sense Theorem [5] and Corollary 2] are an extension of [25]]
and show that SPARCs can achieve the optimal rate limit in
the unsourced random access scenario. However, notice that
the concept of our proof technique is simpler, since we make
use of Theorem [3] which states that not only the sections are
described by a decoupled channel model, but in the limit J —
oo also the individual components. So the result of Theorem
[5] can be derived from the stationary points of a simple scalar-
to-scalar function.

Remark 4. In general, most classical multiple-access variants
on the AWGN, where all the users are assumed to have their
own codebook, can be represented as sparse recovery problems
like @) For that, let K, = 1 and identify the number of section
with the number of users. The matrices Aq,..., A are then
the codebooks of the individual users and P, are the transmit
power coefficients of different users:

e Fixed L in the limit J,n — oo describes the classical
AWGN Adder-MAC from [4], where each user has his
own codebook.

e L,J n — oo, where only a fraction of the sections are
non-zero describes the many-access channel treated in
(13]

e J fixed and L,n — oo describes specific version of the
many-access MAC treated in [52} |14]]

It is interesting, that in the first case Theorem [5] gives the
correct result, after letting o — oo, K, = 1 and L = K. The
case of J,n — oo at finite L is not directly covered though
by our analysis framework. Nonetheless, our empirical results
(e.g. Figure[6) show a good agreement with the SE predictions
even for small L. Especially the case L = 1 is interesting since
it resembles the U-RA formulation with random coding, as it
was already noted in [52].

In Figure [5|and Figure [6] we visualize the results of Theorem
[l For that we fix @ = 2. For various values of J we set K,
such that J = alog, K. For each value of R;, we then calcu-
late 7op; and 774, using the approximations of Theorem |2 I and
Corollary [[] We repeat this process with i 1ncreasmg SNR until
T}OPtP and 7741gP resp. reach a value of (Q ™! (pma) +Q 1 (pr))?
where the error probabilities are chosen as pyng = 0.05/L,
with L = 8, and png = 0.01K,/27. These are the solid



lines in Figure [ and Figure [6| The dashed lines are the
threshold lines from Theorem [5} Additionally, in Figure [6] we
plot empirical results, obtained by Monte-Carlo simulations
with L = 8, where the inner channel with the AMP decoder
is simulated with increasing SNR until the error probabilities
satisfy pmg < 0.05/L and png < 0.01K,/27, matching the
values above. We can observe several interesting effects. We
can see that the asymptotic trade-off curve Sj,(1 — a™!) =
0.51ogy (1 + 25;,&n) is approached from below by the curves
for finite J. Also the finite length curves exhibit a region for
small Sy, where &, stays almost constant up to some value
of Siy, and then it starts to grow linearly. Such a behavior was
also observed in e.g. [52]] in the context of finite-blocklength
multiple access on the AWGN channel. This constant regions
becomes smaller with increasing J and disappears completely
in the asymptotic limit. We can also see that there is a region
of Si, in that the algorithmic curve stays almost constant and
matches the optimal curve. That is the region where there is
only one unique minimum in the RS-potential. The empirical
simulations in Figure [5] confirm the qualitative behavior of
the calculated curves. The required energy stays constant
over a large region of Sj, until some point, where it start
to grow rapidly. Note, that Theorem [I] assumes infinite L,
but nevertheless the theoretical results match the empirical
simulations with L = 8 very precisely. According to Theorem
[]in the limit J — oo the required energy grows to infinity as
Sin approaches log,(e)/[2(1 —1/c)]. We can observe that this
value is increased for finite J. In general, we can observe that
the asymptotic algorithmic limit is very slowly approached
from above. That has the interesting consequence, that for
each Sj, there is a value J* below which the required energy
decreases with J and above which the required energy starts to
increase again (see Figure[7] where this is visualized for Sj, = 2
with the same parameters as above). This reveals a limitation
of the AMP algorithm, when used for sparse recovery, that
only manifests when the size of the sections grows large while
the inner rate is held constant. This goes against the intuition
that the AMP performance should get better with increasing
sections sizes because random fluctuations are averaged out.
The sub-optimality of AMP and other iterative algorithms like
belief-propagation has been noted several times, e.g. [36, 23|
26, 41]]. The given analysis quantifies the sub-optimality from
a different point of view, i.e. in the information theoretically
interesting regime of constant inner rate.

VIII. OPTIMIZING THE POWER ALLOCATION

The foregoing asymptotic analysis has important implications
for the code design. We have empirically observed that there is
a critical number of users at which the required energy-per-bit
increases sharply and that this critical number gets smaller as
J grows larger. According to the analytic insight developed
in the previous section this behavior is to be attributed to the
sub-optimality of the decoder, see Figure [6] and we expect
the required energy to decrease further with J if an optimal
decoder is used. For single user sparse regression codes it
is possible to get rid of the local minimum in the potential
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Fig. 5: Required &, to reach specific target error probabilities
under optimal decoding and J = alogy, K, for a = 2
according to Claim [I] and Theorem 2] The dashed line is the
asymptotic limit according to Theorem E}
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Fig. 6: Required &, to reach specific target error probabilities
with AMP decoding and J = a'log, K, for a = 2 according
to Theorem [T} The empirical simulations were conducted with
L = 8. The dashed lines are the asymptotic limits according
to Theorem [5
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Fig. 7: Required &, to reach specific target error probabilities
with @« = 2 and S;; = 2 according to Theorems m@] and
Claim [Il The results show that the AMP estimate becomes
increasingly suboptimal once J passes a certain threshold
around J* ~ 22.

function. This has been achieved through a non-uniform power
allocation in [23] and through spatial coupling in [24] [25|
26, 27]. More generally, it was shown in [53] |54] that in
a set of identical copies of a recursive equation, which are
described by some potential function, when the copies of the
recursion are coupled in a special way, the potential of the
coupled system has only one minimum, which coincides with
the global minimum of the scalar potential function, even if
the uncoupled potential has a local, non-global minimum. This
phenomenon was termed threshold saturation in the context of
belief-propagation decoding [55].

We focus on the power allocation approach, because it is
easy to obtain an optimized power allocation for an AMP
algorithm with separable denoising functions and a given input
distribution. We present a linear programming algorithm to
optimize the power allocation for the AMP algorithm that
follows very closely the optimization procedure of [[56], which
was developed in the context of CDMA.

The denoising function in (I0) was specific to a uniform
power allocation P, = P/L for all . For a generic power
allocation we replace the componentwise denoising functions
f+,i with ones that depend on the section index:

=~ K, 2
fri(z) = ;/(fl) > pikexp <2i2 (93 —k Pl) ) )
k t

=0

where P, = nP,/L and

K, 1 - 2
Z(x) = prexp (w (x—k B) ) (92)
k=0 t

To analyse the error probability of this modified AMP al-
gorithm in the asymptotic limit L. — oo, we assume that
the powers P, take values only in a finite set {IIy,...,II;}
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and that the ratio of sections which use II; is given by
a; = |{l : P, = IL}|/L satisfying >/  o; = 1 and
Zi[:l o;Il; = P. We assume that these ratios stay constant as
L — o0. According to the generalized SE in [32] the recursive
equation which describes the behavior of the modified AMP
algorithm is given by

2R [In(6 + 7.2) — 0]3]

7 93)

2 2 .
75, =0 + lim
t+1 w L

where 02 = P71,

0= (0'|.|6") = <\/1?151 ...’\/Z?LSL>T (94)

is a rescaled version of s and 7; is componentwise given by

ni = \/Plftlﬂ-. Since we choose f! = (fi,,.... fl,s) to be
separable the expected value in (93) decouples as follows

E [[ln:(0 +7:2) - 6]3] =

iiﬂi |:(\/ﬁlftl7j (\/ﬁgsé +7'tZ> - \/13132)1

1=1 j=1

95)

As L goes to infinity the sum over [ converges to its mean for
each j

i 1
LL)H;O L

M=

E [(\/Eff,j (VPis, +72) - \/13152-)2}

=1

: 2
S ot (7, (Vs +z) )’

(96)

where now s is a random variable distributed according to
the marginal empirical distribution of s and I; = nll; /L =
JII;/ R;,. This holds for each component j and each j has
the same marginal distribution, so the sum over j becomes
redundant.

Remark 5. We can see that in this calculation the sums over
j and [ are interchangeable. If 27 is large enough the sum
over j already converges to its mean value and the sum over
l becomes redundant. This explains heuristically why we can
observe a good correspondence between the state evolution
and the empirical performance even for small L. Technically
the exponential scaling regime with 8 — oo is not covered by
the result of [32].

Note, that the denoising functions f}, were chosen precisely
as the PME of s in a scalar Gaussian channel like
with power VP So they minimize the MSE in and by
substituting 72 = ! we get the fixed point condition

I
nt=1+4+4 Z aif[immse(nfli).

i=1

o7

The function mmse(¢) is precisely the same as in (19). We
can see that the right hand side of is a linear combination
of rescaled versions of the original MMSE function in (T9).
We can formulate the condition that has no local minima



besides the global minimum around 7 = 1 as follows:

I
mingnize Z o, 1T
i=1
I
1+ Z a; IL;mmse(nIl;) < n~ ' — ¢
i=1

Vn € [0,1—4],

I
E a; = 1,
i=1

OziZO

subject to
(98)

where €,6 > 0 are appropriately chosen slack variables. The
optimization problem (98) is a linear program and therefore
easily solvable. The discrete set of 1I; is chosen as follows. For
fixed K,, J, Ri, we set a target inner channel strength. We use
Theorem E] to determine the smallest power Py such that for
Topt» the global minimizer of (1), it holds that noptf—:’opt exceeds
the target inner channel strength. This P,y serves as lower
bound on the set of II;. The upper bound is chosen arbitrary,
e.g. 5P, The II; are then chosen as a uniform discretisation
of the interval [Py, 5Pyy]. In Figure |8 we visualize this for
K, = 300,J = 20, R;;, = 0.0061, where we have chosen the
slack parameters ¢ = 0.01, = 0.1. The solution of (98) gives
an optimal power distribution that puts weight only two values,
II; = Py, and another value P, in a ratio of a; ~ 0.81 to
ag ~ 0.19. The total average power ay Py + a2 Py is about
0.5dB smaller than P, the power at which (T6) has no local
minimizers. This means by letting one fifth of the sections
use a higher power it is possible to let the other four fifths
of the section use the optimal power without having a local
convergence point. In Figure [8| a) we plot

9(n) = 148 (o1 Popemmse (1 Po) + 0z Pommse(512,) ) = !

99)
and its counterparts without power allocation. Figure [§| b)
shows the integral of g(7), which resemble the RS-potential
(T6) with a non-uniform power allocation. The efficiency of
the power allocation is demonstrated in Figure [9] with finite-
length simulations. We choose L = 8,J = 20 and use the
outer tree code with O parity bits in the first section, 20 parity
bits in the last, and alternating between 8 and 9 parity bits in
the remaining sections. This leaves a total of 89 data bits. We
choose those numbers to stay below the typical number of 100
bits that is commonly used in IoT scenarios. The blocklength
is chosen as n = 26229, which results in R;, = 0.0061
and a per-user spectral efficiency of Ri,Ro = 0.0034. To
distribute the power as closely as possible to the optimized
power allocation obtained above we choose two sections to
have a power roughly twice as high as the remaining six
sections. We can see that by using a power allocation a gain
of about 0.5-1 dB is achievable, which matches the theoretical
prediction. With the same parameters as above but K, = 200
we find that Py = FPyp. So the desired inner channel strength
of 15dB can be obtained by the AMP algorithm with a flat
power allocation. In that case a non-uniform power allocation
may be detrimental, because it could introduce unwanted local
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Fig. 8: Visualization of the solution of the optimization prob-
lem for K, = 300, R;;, = 0.0061, J = 20. The solution puts
weights only on two powers Py, and P, ~ 1.9F, with
ratios av; = 0.81 and as = 0.19. The total power in the
power allocated system is &, = 1.6dB while the algorithmic
threshold is &ipae = 2.1dB. So the power allocation in this
case gives a gain of 0.5dB.

minima into (I6). Indeed, simulations confirm that the 2-level
power allocation that was effective for K, = 300 actually
worsens the performance for K, < 250. This means that the
power allocation has to be tailored carefully to the expected
parameters and it only improves the performance if there is a
gap between Py and FPoy.
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Fig. 9: J = 20, L = 8, B = 89 bits, n = 26229, Ry, = 0.55,
which leads to R;, = 0.0061 and p = 0.0034. P, is the per-
user-probability of error.

IX. CONSIDERATIONS FOR PRACTICAL IMPLEMENTATION

The denoising function in the AMP algorithm, (T0) or its
counterpart for non-uniform powers in (9I)), can be simplified
if K, < 27. Then the probabilities p;, are very small for
k > 2 and by neglecting them we get the modified denoising
function

~ = —1
OR . ~ Po P -2 PJ?
OR (1) = /P (1 oo e (273 )) (100)

which we denote with the suffix OR because it is the PME in
the channel (34). In the parameter range of our simulations we
can see almost no difference between the full version (I0) and
the truncated OR-estimator (T00). For moderate values of 27
compared to K,, we can improve on slightly by taking
into account po:

/P (o= VE)

OR+ _
t,t ( )_ Z(.T) b1 €xXp 2Tt2
(101)
2
(m — 2\/5)
+2(1 —po — p1) exp B a—
Tt
where
—\ 2
r (v VE)
Z(x) =po exp <—27_2> + p1exp oz
t t
(102)
2
(x — 2\/5)

1 — py — _
+ (1 —po — p1)exp 272

If necessary, further terms can be included in the same way.
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X. FINITE-LENGTH SIMULATIONS

In Figure |10 the required Ej,/Ny to achieve a per-user prob-
ability P, < 0.05 is shown. For the empirical curves with
J = 15 we use B = 100 bits and n = 30000 real symbols.
For J = 20 we use B = 89 bits and n = 26226 real symbols.
This results in a per-user spectral efficiency of ;x = 0.0033 and
1 = 0.0034, which is the typical value used in comparable
works [14] 19 |16, {17, [18]]. As an inner decoder we use
the AMP algorithm (@) with as denoiser. After the
inner decoder converged, in each section, the K, + A largest
entries are declared as active and added to the list S; for
the outer tree code. We use A = 50. For J = 15 we use
L = 16 and the parity bits for the outer code are chosen as:
©=(0,7,8,8,9,...,9,13,14). For J = 20 we use L = 8 and
a parity bit distribution 7 = (0,9,8,9,8,9,8,20). The outer
rates are Roy = 0.4167 and Ry, = 0.5563 respectively. For
the SE curves we first estimate the required effective inner
channel strength by setting the error rates in the outer channel
t0 pma = P./L and pp, = A/ 27 The required inner channel
strength is then calculated by (54). We use the potential
to estimate the power to achieve the required inner channel
strength. For the curves with power allocation we use the
method of Section |[VIII|to find the optimal power allocation for
K, = 300. We can see that in both cases, J = 15 and J = 20,
the required power decreases for K, = 300 but increases for
all other values of K,. So the power allocation has to be
adapted to the expected number of users. The empirical values
match the theoretically estimated SE curves very well, which
confirms the precision of the asymptotic analysis, even though
the number of sections is very small.

The obtained value of 4.3 dB for K, = 300 is at the point
of writing 0.7 dB better than the best reported value of 5
dB, which was achieved in [57]]. For smaller values of K,
other coding schemes have achieved better results, the best
of which at the point of writing are [[19] and [18]], but both
of those schemes have shown a rapid increase in required
energy as K, grows large. In [57] an enhanced version of the
discussed concatenated coding scheme was presented, where
another outer code was used that enabled the passing of soft
decoding information between the AMP decoder and the outer
decoder, resulting in an turbo-like iterative decoding scheme,
alternating between inner and outer decoder. With this type
of decoding the required power for K, < 250 is reduced
significantly, but for K, = 300 the required power is still
around 5dB.

XI. SUMMARY AND OUTLOOK

In this work we have introduced a concatenated coding con-
struction that extends the concept of sparse regression codes
to the unsourced random access scenario. In this construction
an inner code is used as an efficient single user channel code
for the AWGN channel and an outer code is used to resolve
the multiple access interference. The structural similarity to
the coupled compressed sensing scheme allowed us to use
the tree code presented in [[I7] as an outer code. We use
the AMP algorithm as inner decoder, for which we have
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Fig. 10: Required E}, /Ny to achieve a per-user error probability
P, < 0.05. For J = 15 we used B = 100, n = 30000, and
for J =20 we used B = 89, n = 26229.

introduced a low-complexity approximation to the Bayesian
optimal denoiser. We introduced a decomposition of the chan-
nel into an inner and an outer channel to analyse the asymptotic
limits under optimal decoding. Furthermore, we calculated
the asymptotically required energy-per-bit of the inner AMP
decoder and compared it to the optimal decoder. Finite-length
simulations show that the calculated results describe the actual
required energy-per-bit for a fixed per-user error probability
very precisely. We find that as J — oo, where 27 is the
size of the outer alphabet, the achievable sum-rates of the
concatenated code converge to the Shannon limit, even if the
number of active users K, grows to infinity simultaneously,
but much faster than J. This is in stark contrast to the typical
information theoretic limit, where the size of the message is
considered to be much larger than the number of active users.
Therefore, it is noteworthy that even under short message
length (compared to the number of users) and no coordination
between users the Shannon limit can be achieved.

Unfortunately, also the difference in required energy be-
tween the AMP decoder and the optimal decoder grows rapidly
with J once J surpasses a certain value that depends on the
rate. When there is a difference in performance between the
AMP and the optimal inner decoder, a non-uniform power
allocation can be used to improve the performance of the AMP
decoder. We present a linear programming algorithm to find an
optimized power allocation. Although for small sum-spectral
efficiencies existing U-RA coding schemes like [[19} |18] are
more energy-efficient than the presented scheme, we show that
for a sum-spectral efficiency of 1 bit/c.u. and K, = 300 users
the presented approach improves on existing ones by almost 1
dB. The good performance at high spectral efficiencies and the
availability of a precise analysis make the presented coding
scheme stand out among the existing U-RA approaches and
therefore an interesting candidate for massive MTC.

The extension of the presented coding scheme and anal-
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ysis to more general channel models incorporating fading,
asynchronicity or multiple receivers seems to be in reach
and promising research directions. Furthermore, the presented
analysis can be seen as a basis to analyse the more complex
turbo-like decoder of [57].

APPENDIX A
OPTIMAL PRODUCT DISTRIBUTION

Lemma 1. Let Q C R be some discrete set. Let p(s) with
J s . J
p: Q% — R, be a probability mass function on Q2". Let

Ps;(81), -+, Ds,, (827) denote the marginals of p(s). Further
let,
2J
Pprod = S):qu(51)7QZQ%R+ Zqi(s):]-
i=1 S€EQ
i (103)
denote the space of product distributions on Q2. Then
argmin D(p | q) Hps, 5) (104)
qepprod
Proof: For a product distribution ¢ € Pprod, D(p || ¢) can
be expressed as:
D(p |l q) Zp (105)
_ Zp Jlog — S) L[ psi(si) (106)
[L ps.(si) q(S)
p i
0y T )+ S S rioe 22
s i=1
(107)

The first term is independent of ¢ and the second term can be
rewritten as

ZZ p(s) log 22 SZ)) (108)
_22 S%:p log p((s)) (109)
= ;zg:psl s;) log psl(( Z)) (110)

(111)

= ZD(ps,, I a:)

which is non-negative and minimized by ¢; = ps,. ]



APPENDIX B
Dx1,(MULT || BIN)

A vector (z1,...,29s) is called multinomial distributed with

parameter n and probabilities p1, ..., pgs if
p(z) = ]P)(Zl = 21,y ZQJ = 2’2.]) (112)
_nl pE P2 ZZJ 2 =n
B e e R 2 =TT 13
0 else

It follows from the multinomial theorem, that the distribution
is normalized ), p(z) = 1. An important property of the
multinomial distribution is that the marginals follow a binomial
distribution:

AW n—z;
i—zz ZP 21,.. 2,'2J = (Z)pzl(l—pl) K

z\z;
(114)
with covariance given by cov(Z;, Z;) = —np;p;.

Letn =K, andp; =277 foralli = 1,..., K, and let ¢(Z)
denote the binomial distribution with parameters n = K, and
p; = 2. Then the marginals of p are all identical and equal
to ¢(Z) and it holds

27
H i p(z)
i=1

log2 )

Zp

= —H(p) +

(115)

27H(q) (116)

where H(p) denotes the entropy of the multinomial distribu-
tion p and H(q) the entropy of the binomial distribution q.
Both entropies are well known and given by

H(p) = JK, — log, K,! (117)
+2JZ( > (1—2 )K“’tloth! (118)

and
H(q) = —logy K, + E,[log Z!] + E,[log(K, — Z)!] (119)
+ JEy[Z] — Ey[K, — Z]log,(1 —277) (120)
We have E,[Z] = K,/27 and E,[K, — Z] = K, — K,/27.

In the limit for large J, we can expand E[log, (K, — Z)!] in
terms of 277 and get:

1
Eq[logy (K, — 2)!] = logy K,! loggK +0 (22J>

(121)

Inserting this, and (120) into (T16), many terms cancel
and we get:

Ka
Dxu (p quv) (122)
=1
=logy Ko! — Ko(27 — 1) logy(1 —277) — K, logy K,
(123)

Using logy(1 —277) =
J and the Stirling approximation log, K,! =

—log,(e)/27 + O(1/2%7) for large
K, logy K, —
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K,log, e+ O(log K,) we get

Dy (

which implies @])

K,logy e

(2, ) =0O(logK,) — 57 . (124)

APPENDIX C
EXPONENTIAL L! CONVERGENCE IMPLIES EXPONENTIAL
CONVERGENCE IN MEASURE

Theorem 9. Let (fj)s=12...
functions s.t.

be a sequence of integrable

1fs = fll < 27
for some constant ¢ > 0 and all large enough J. For any 6 > 0
there is a Js such that for all J > Js

VI

(125)

5t0) ~ )l < 7 (126)
holds for all ¢ except for a set of size O(5.J~1/?). O
Proof: Let € > 0 then
i c vai
Z 1f5 = flle < 971 < €507 (127)
Jj=J
holds for all 9
2¢d
where we have used condition (123) and the formula
Z 277 =2-(J=1), (129)
j=J
Now define the sets
s={eino-ro= ) ao

and let ;1(A;) denote the Lebesgue measure of A;. Then it
follows from elementary properties of the integral that

SPTIRL V7
;H(A 52J<Z||fj o <esgy (13D

and so
n| U4, Z (132)

Jj=J

Let Ay := U‘;‘;J Aj;, then

v, wzJ} (133)

=
[N}

_ {t:uj@)—f(tﬂ <

and so (I32) states that (A), the measure of the set of points
on which the pointwise convergence does not hold, can be
made arbitrarily small. More precisely, it follows from
that 5
of)
VI

w(Ay) (134)



APPENDIX D
PROOF OF THEOREM

Let
q(k) = pr (135)
for £k = 0,.., K,, where p; are the binomial probabilities
defined in (7) and
qor(0) = po (136)
qor(1) =1 — po. (137)

Let 7, s,z be jointly distributed according to the Gaussian
model

7“:\/7;5—1—2, (138)

with z ~ A(0,1) independent of s for some fixed ¢ > 0 and
s distributed according to ¢. Let mmse(¢) be the MMSE of
estimating s from the Gaussian observation r and let f(r) be
the PME of s, given by

K,

o 1 —(r—kvt 2/2
f(r) = 70 ];)pkke ( ) (139)
with
Ka 2
Z(r) =Y pre (V2 (140)
k=0

Let fOR(r) be the mismatched PME, which estimates s from
r assuming that s is distributed according to gog. It is given
by

2

1— 7(7“7\/2) /2
F%r) = ¢ pOZ)ZR(T) (141)
with
ZOR(r) = poe™" /2 + (1= po)e VD2 (142)

Let mmseog(t) be the mean square error of fOR(r). Since
fOR(r) is mismatched we have mmse(t) < mmseor (t) and it
holds:

0 < mmseggr (t) — mmse(t)

_ ipkE{[k— JOR (ﬁmz)r —[k- f(ﬁk+2)]2}
k=0

(143)

(144)
= poE { [/ - /) } (145)
oo {[1 o ()] o ()]

(146)

+,§pk1E{[k—fOR (‘/’E’”z)r_ [k_f(‘/gkﬂ)r}

(147)
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We can bound the terms (T43)) - (147) individually. Since 0 <
FOR(r) < 1, (I&7) is bound by

K,

@7 < puk? (148)
k=2

= Var(s) + [E(s)]* — p1 (149)

Ka Ka Kg Ka —J K,—1
:2<1_2J)+22J_2J(1_2 )

(150)
K
o(z)

For the remaining terms we split the expected values over z in
(T45) and (T46) in two parts, depending on whether Z(r) =
Z(\/t + z) is smaller or larger than ZOR(r).

(151)

1) Z(r) < Z9R(r)

We have:
f‘”‘(r)zz%()(l po)e VD2 1s2)
< Z@u—p@e—@ i)'/ (153)
and

LSS o (e vin)?

fr) === ppke (rVIk)/2 (154)
z<r>,§0

> %me*(“”m (155)

because all the summands are non-negative. It follows for all
7

LR = [F(r))? (156)
Ty ]
< -<1;1p°>2—11 (158)
- (g—(l(l—z_?J)]IzK_l> 1 (159)
<o (5) 60)

which bounds the integral in (T43) on the set {Z(z) <
ZOR(2)}. For (T46) notice that

(161)
(162)

[1— fOR(r)]* = [1 = f(r)?
= fOR(r)2 = f(r)? + 2 [f(r) — fOR(r)]



The first term was already bound in (T60), we bound the
second term by

Fr) = fO%(r) (163)
= [1— )] — 1= f(r)] (164)
_ 170'3_7’2/2 0e™ /2 4 ZkK:al (1 — k)ef(rf\/iky/z
T OZOR(p) Z(r)

(165)
<L i (k — 1)e~(r=Vik)"/ (166)
= Z(ry &P*

k=2
<2 max{ef(rﬂﬁk)gﬁ} 3 k (167)
~ Z(r) k>2 P Pk
_ 1 —(r=viK)?/2\ [ Ka
~ iy {0V (G5 - (168)
o= (r=vik")*/2 K?

where k* = arg max;,>, {exp(—(r — v/tk)?/2)}. For the last
line, notice that Z(r) > py exp(—(r — v/tk)?/2) for all k and
especially for k& = 1. In (T69) we have r = v/t + 2. For the
expected value in (T46) we have to integrate over z, restricted
to the values of z for which Z(r) < Z9R(r). Since

o pre==*/2 oy

(170)

and the integrand is non-negative, the same integral, restricted
to {z: Z(Vt+z2) < ZOR(V/t +2)}, is also bounded by 1/p;.

2) Z(r) > ZR(r)

Let 7 be such that, Z(r) > ZR(r). It holds that

OR Po€ /2
) =1~ 7RGy (171)

—r2)2

Pboe
<l—— 172
< (172)
= z7~ Zpk rokVe)’ (173)
< —(r=kvE)*/2 (174)
=70
k=1
= f(r) 175)
Since both terms are non-negative we get

FOR()? = f(r)? <0 (176)

which, together with , shows that (T43) is bounded by a
2
term of order O (%

For (I46), the same argumentation as in (I62) holds and it
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remains to bound f(r) — fOR(r). We have that

f(r) = fOR(r) (177)
LI (-2
= B kZ:lkpke - ZOT(’I“)( Po)e
(178)
r—kvt /2 1 _ r—t 2/2
S ) 2 1k:pke 0° 7 )(1 Do)e ( )
(179)
1 =t Vi
r—k
< 7o ;kpke )/ (180)
1 r—vtk 2/2 Ka
=70 5?35‘{ Sy (2J pl) (181)
—(r—vik* ) K2
e a

This is the same term as in (I82), for which we have shown
that its expected value over z is bounded by p; *O(K?2/2%/ )

(182), together with (TI69), shows that f(r) — fOR(r) is
bounded by p; 'O(K?2/2%7) for all r. (I69) and (T76) show

that fOR(r)2 — f(r)? = O(K2/227) for all r, and therefore,

by ([62), also (T46) is bound by a term of order O (QL)
This concludes the proof of Theorem @

APPENDIX E
PROOF OF THEOREM

The RS-potential (37), rescaled by 3/2” takes the form

5 = 2 1) + 2 g~ 1) ) (83)
with the mutual information

I(nP):=I(X;Y)=H(Y)-H(Y|X) (184

for P(X = 0) = pp, P(X =1) =1—pp and Y =

(nP)2 X + Z, for Z ~ N(0,1) independent of X. The mutual
information [ (7715) can be evaluated as follows. First, note
that in an additive channel H(Y|X) = H(Z), so H(Y|X)
is independent of 7 and therefore we can ignore it when
evaluating i®5(n). The distribution of Y is given by

p(y) = pop(ylz = 0) + (1 — po)p(ylz = 1)
2
Po Yy 1—]90 1( A1 2)
= exp| —= | + exp| —=(y—(nP 2)
mp(2>mp<2y(n)
(185)
so the differential output entropy H(Y) =
— ['p(y)logy p(y)dy can be split into the sum of two

parts. Define Hy and H; respectively by

1 oo

Hy =
0 V2T J_so

2
exp (—‘2) logs (p(y))dy  (186)



H, := —\/% _O; exp (—; (y - (7715)5)2> log, (p(y))dy
= _\/%TT " e (—y;) log, (p (y + (nf?)%)) dy
- (187)

such that the following relation holds:
I(nP) = poHo + (1 — po) Hy.

Taking into account the scaling factor in (I83) and using that
limy o 27(1 — po) = K, and lim;_, o, po = 1 we get that

Rin2J ~ . Rin2J S
7 I(nP) = lim < 7 H0—|—JH1> (189)

(188)

lim
J—o0

J—o00

Now let us take a closer look at log, p(y) = log,(e) ln p(y)
which appears in both Hy and H;. Let 1, x5 > 0 with zo >
x1. Then for the logarithm of the sum of exponentials it holds
that

—In(e ™™ +e7™2) = z; + In(1 + e~ @277)) (190)

The error term In(1 + e~ (*2=%1)) decays exponentially as
the difference xo — x1 grows. Since p(y) is the sum of two
exponentials we can approximate In p(y) by:

2

~tup(y) % min {5~ InGpo). 5 (3= 0P)F) "~ 1ul1 = ) |

2
(191)

This approximation is justified, since the difference of the two
exponents in p(y) is proportional to V/J, and so it grows large
with J. First, note, that since min{a, b} < a and min{a, b} <
b holds for all a,b € R, —Inp(y) < y*/2 — In(1 — py) as
well as —Inp(y + (nP)2) < y2/2 + In(27 /K,). This means
that each of the integrands in Hy and H;/J resp. is bounded
uniformly, for all J, by an integrable function. This allows
us to evaluate the integrals by using Lebesgue’s theorem on
dominated convergence. For this purpose we need to calculate
the pointwise limits of Inp(y) and Inp(y + (nP)z)/.J. The
theorem on dominated convergence then states, that the limit
of the integrals is given by the integral of the pointwise limits.
The minimum in (191) can be expressed as

y2

12 A2 27
s (s-eP)) +m ()
where we neglected In(pg) = In(1 — K,/27) ~ K,/27 and ~
is given by

<y
(192)

—Inp(y) =
Y=

—1(15)%+1n bl (P)fé (193)
7= 2 n K, n .
Given the considered scaling constraints and P =
JSNR/ R, = 2J &, v can be rewritten as
=1/ J A m (194)
TV 1€in log en/néin

3Technically, this approximation does not hold at the point where the two
exponents in p(y) are equal. However, since the integral of a function does
not depend on the value of the function at points of measure zero, we can
redefine In p(y) arbitrarily at that point.
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The term in parenthesis is strictly positive for all 7 so
lim 7,0 ¥ = oo and therefore the pointwise limit of In p(y) is
give by lim;_, o Inp(y) = —y?/2. It follows from Lebesgue’s
theorem on dominated convergence that

lim Hy = logye (195)
J— 00

which is independent of 7, so we can ignore it when evaluating
i®S(n). For the calculation of H; note that:

2
1 ( Ay L

A1 3\y+ (P ’-’) y<v

—Ilnp (y + (UP)Z) = 22 ( 2J)

S +In (7) y=v

where we defined 7/ := v — (nP)2. 4/ is not non-negative

anymore and therefore the asymptotic behavior of +' depends
on 7 in the following way:

(196)

!

o0 ifn<n
lim v =40 ifn=n 197)
J—00

—oo ifn>7

where 7} was defined in @2). This gives the following asymp-
totic behavior:

oy Pt P)2)  [nga+ 55 <1
J =00 J (1—a71)/logye n=>n
(198)

Finally, using (193), (187), (189), (198) and the # function
defined in @) we get:

() Ri2’
log, e J

= nsgin[l - 0(77 - ﬁ)]
;5 (1—;) 0y — ) + 5 (1= 1)~y

log, e

lim
J—o0

(199)

This proves the expression {@0) for the pointwise limit of
the potential function. A similar calculation shows that the
derivatives of the potentials, i.e., the functions mmse,, also
converge pointwise: The mmse,, function is given by

mmseor (£) = oL ()] + (1 — po)E[(1 — fOR(VE+2))

(200)
where fOR(r) was defined in (T41). First, we show that
the first summand of ﬂPmmseOR(nP) goes to zero. Note
that BP = 2/Ry/J - 2J&, = O(27/K,) since Ry =
S/K,. 1t is apparent that fOR(z) = O(K,/27). Therefore,
BPfOR(2)2 = O(K,/27), which goes to zero for all z.
Furthermore, fOR(z)? can be bounded by 1 which is integrable
w.r.t the Gaussian density. So, by the dominated convergence
theorem, also SPE[fOR(z)?] — 0. For the second summands,
note that SP(1 — pg) = O(1), so it remains to analyze

LmE[(1 — fOR(\/nP + 2))?]. After some algebraic manip-
ulations we find

1—f°“<\/7775+z):c’+ex;(v"(z))

where ¢, ¢’ > 0 are some constants independent of all variables
and

(201)

V'(2) = nJEn + J(1 —a™ ) 4+ 2/20JEn. (202)



We can see that v/ — 0 for i < 7, i.e., lim(1— fOR (/nP+
z))? = const. > 0, and v/ — oo for n > 7, i.e., lim(1 —

fOR(\/nTﬁ +2))? = 0. Again, the integrand can be bound by
1, so by the dominated convergence theorem the convergence
carries over to the expected values.

Note that the limiting mmse function is constant on the
intervals (0,7) and (7, n). Since both the mutual information
and the mmse functions are non-increasing in 7, a standard
result from real analysis states that pointwise convergence
implies uniform convergence in all continuity points of the
limit functions. This shows that both the RS-potential and
its derivatives converge uniformly on the intervals (0,7) and
(77,m). By another standard results from real analysis this
implies that also the sequence of derivatives converges. This
proves the statement of the theorem.
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