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Generalized HARQ Protocols with Delayed
Channel State Information and Average

Latency Constraints

Kasper Flge Trillingsgaard, Student Member, IEEE, and Petar Popovski, Fellow, IEEE

Abstract

In many practical wireless systems, the signal-to-interference-and-noise ratio (SINR) that is applicable to a
certain transmission, referred to as channel state information (CSI), can only be learned after the transmission has
taken place and is thereby delayed (outdated). In such systems, hybrid automatic repeat request (HARQ) protocols
are often used to achieve high throughput with low latency. This paper put forth the family of expandable message
space (EMS) protocols that generalize the HARQ protocol and allow for rate adaptation based on delayed CSI
at the transmitter (CSIT). Assuming a block-fading channel, the proposed EMS protocols are analyzed using
dynamic programming. When full CSIT is available and there is a constraint on the average decoding time, it is
shown that the optimal EMS protocol has a particularly simple operational interpretation and that the throughput
is identical to that of the backtrack retransmission request (BRQ) protocol. We also devise EMS protocols for
the case in which CSIT is only available through a finite number of feedback messages. The numerical results
demonstrate that BRQ approaches the ergodic capacity quickly compared to HARQ, while EMS protocols with
only three and four feedback messages achieve throughput that are only slightly worse than the throughput of
BRQ.

Index Terms

Hybrid Automatic Repeat Request (HARQ), delayed channel state information, low latency, backtrack re-

transmission request, dynamic programming

I. INTRODUCTION

Channel state information at the transmitter (CSIT) is essential for achieving high throughput in wireless
systems. Preferably, CSIT is known before a transmission takes place, since in that case, the transmitter is able
to optimize the parameters of the transmission, such as rate of the codebook and power. The transmitter may
acquire an estimate of channel state information (CSI) in advance in various ways; for example, by using the
channel reciprocity or via explicit feedback from the receiver. This is referred to as prior CSIT. However, a
wireless channel is dynamic and, in many cases the channel changes from the time the CSI has been acquired
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to the time at which the channel is actually used for transmission [2, pp. 211-213]. In addition, even if the
channel is static, during the transmission there may be an unpredictable amount of interference at the receiver.
In such cases, prior CSI is different, or even uncorrelated, with the actual conditions at the receiver when data
transmission takes place and thus of limited, if any, use for adapting the transmission parameters. On the other
hand, it is viable to assume that the transmitter gets feedback about the CSI affer the data transmission has
been made. We refer to this as delayed CSIT as it carries information to the transmitter about the conditions
at the receiver in the past. The simplest form of delayed CSIT is the 1—bit feedback used in automatic repeat
request (ARQ) protocols: (ACK) the transmission was successful, i.e., the channel could support the chosen
data rate and (NACK) the channel could not support the data rate. In the most elementary form of ARQ, a failed
packet is retransmitted in the subsequent time slots until it is successfully decoded or until a strict decoding
time constraint is violated. In order to increase throughput compared to ARQ, one can use chase combining
(CC) or send incremental redundancy (IR) instead of retransmissions that consist of pure packet repetition. Such
extensions are referred to as HARQ-CC and HARQ-INR, respectively [3]. In this paper, we focus on IR-based
protocols.

The ergodic capacity represents an upper bound on the throughput for any communication protocol and can
be approached by fixed-length coding across many time slots. HARQ-type protocols attempt to get as close
as possible to this upper bound while keeping the average or maximum decoding time as small as possible.
Specifically, as the rate R, which is used in the first transmission opportunity, tends to infinity, the average
decoding time of HARQ-INR also tends to infinity and the throughput of HARQ-INR approaches the ergodic
capacity of the underlying channel provided that there is no strict constraint on the decoding time. If a strict or
average decoding time constraint is present, the achievable throughput is strictly lower than the ergodic capacity.

The purpose of this paper is to put forth and investigate a type of retransmission protocol which is fundamen-
tally different from conventional HARQ protocols and uses rate adaptation based on delayed CSIT to achieve
high throughput subject to an average decoding time constraint. As with most prior work in the area of HARQ-
INR, we assume the channel is modeled by a Gaussian block-fading channel, with each time slot consisting
of n channel uses. The channel gain is kept constant during a single time slot but varies independently from
time slot to time slot. Feedback, such as delayed CSIT or acknowledgements (ACKs), can only be received by
the transmitter at the end of each time slot. The main problem with an HARQ-INR protocol for a block-fading
channel is that resources are wasted when the receiver sends NACK, while it only needs a small amount of
additional information to be able to decode. This results in under-utilization of the last time slot and may
significantly reduce the throughput when the average decoding time is small. Our key idea is to append new
information bits in each time slot such that the last time slot is rarely under-utilized and the throughput
degradation is reduced. We achieve this by using delayed CSIT which allows the transmitter to estimate the

amount of unresolved information at the beginning of each time slot.

A. Prior work

Caire and Tuninetti [3] were among the first who analyzed HARQ from an information-theoretic perspective.
Here, the throughput measure was defined through the renewal-reward theorem (see also [4] and [5]) and

achievability and converse results were proved for the HARQ-INR protocol. Several lines of works has since
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improved the throughput of HARQ-INR by using available side information in combination with either power
adaptation or rate adaptation.

One line of work uses power or rate adaptation to enhance the throughput of HARQ-INR with either prior
or no CSIT. For example, [6] investigates HARQ-INR protocols that maximize the throughput over a block-
fading channel with independent channel gains under both a strict decoding time constraint and a long-term
power constraint. The long-term power constraint allows the use of slot-based power allocation. It is found that
HARQ-INR in combination with slot-based power allocation increases the throughput. The key idea is that the
probability of having to retransmit m times is decreasing in m. This implies that the throughput is increased
by using more power in the first slots. In addition, it is shown that if the single feedback bit is used to convey
a one-bit quantization of the prior CSI rather than an ACK/NACK message, then this can result in significant
throughput gains. The results from [6] are further extended to any number of feedback bits per slot in [7].
Under the same channel conditions, [8] considers rate adaptation for an HARQ-INR protocol without prior nor
delayed CSIT. Dynamic programming is used to maximize the throughput under an outage constraint and it
is found that rate adaptation provides significantly lower outage probabilities. The assumption of independent
channel gains is relaxed in [9], where optimal rate adaptation policies are found for the cases in which the
channel gains are correlated.

Although prior CSIT improves the throughput of HARQ-INR remarkably, CSIT is often delayed when it is
obtained by the transmitter. This has led to another line of work which studies the benefits of delayed CSIT in
context of HARQ-INR protocols. Specifically, [10] and [11] considers a point-to-point channel with independent
block-fading in a setting identical to ours. Apart from the statistics of the channel gain, the transmitter has no
knowledge about the current CSI, but the transmitter is informed about the CSI of the previous slot. In their
protocol, the channel uses of each slot are divided among a large number of parallel HARQ-INR instances
transmitting separate messages in a TDMA fashion. In particular, for a specific HARQ-INR instance, the number
of channel uses used for the kth retransmission is some percentage 0 < {;, < 1 of the number of channel uses
spend in the first transmission. This implies that new HARQ-INR instances, with new data, can be initiated
in each slot. The objective is to maximize the throughput under a constraint on the outage probability. It is
found that delayed CSIT significantly decreases the outage probabilities. A similar setting was considered in
[12], where power adaptation was investigated. Here, the authors used a conventional HARQ-INR instance,
but adapted the power in each slot according to the delayed CSIT. In contrast to [10], in which the authors
design composite protocols based on a large number of HARQ-INR instances, the protocol proposed in [12]
only uses a single HARQ-INR instance with power adaptation which is optimized using dynamic programming.
Rate adaptation can also be achieved using superposition coding. A multi-layer broadcast approach to fading
channels without prior CSIT is proposed in [13]. Specifically, a transmission is initiated in large number of
superposition coded layers and the number of decoded layers at the receiver depends on the actual CSI which
is assumed not to be known in advance. This approach provides an alternative to HARQ protocols in the sense
that it provides variable-rate transmission with a fixed transmission length of one slot. The approach, however,
has the disadvantage that the throughput in practical implementations suffer as the number of layers increases.
A more practical approach is taken in [14] which combines the approach in [13] for few layers with HARQ-

INR. Specifically, the proposed protocols initiate an HARQ-INR instance in each layer. In a certain slot, the
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receiver feeds back the number of decoded layers and, in the subsequent slot, the transmitter only conveys IR
for the layers not decoded. For the layers that are decoded, the transmitter initiates new HARQ-INR instances
with new data. Finally, although not directly related to our work, it was shown in [15] that delayed CSIT,
which is possibly completely independent of the current channel state, increases the multiplexing gains in a
multiple-input multiple-output (MIMO) broadcast channel with K transmit antennas and K receivers each with
one receive antenna.

In contrast to previous works, this paper is motivated by the backtrack retransmission request (BRQ) protocol
proposed in [1]. BRQ is suited for systems in which the transmission opportunities come in slots of a predefined
number of channel uses. This prevents conventional HARQ-INR to optimize the throughput, as the number
of channel uses cannot be adapted to the required amount of IR. BRQ overcomes this problem by appending
additional new information bits before the information bits sent in previous slot have been decoded. The number
of new information bits is adapted according to the reported delayed CSIT. Our approach in this paper combines
the idea of appending new data during a transmission for HARQ in [1], [10], and [14] with streaming codes
proposed in [16] and [17]. The streaming codes in [16] and [17] are a family of codes that allow the transmitter
to append new information bits during a transmission in such a way that all information bits can be jointly
decoded as one code. In [16], each message has the same absolute deadline at which all messages need to be
decoded. In [17], each message is required to be decoded within a certain number slots after arrival. Both [16]
and [17] use a transmission scheme that enlarges the message space in each slot. In coding theory, streaming
codes, as those investigated in [16] and [17], are also known as cross-packet codes. Cross-packet codes based
on Turbo codes and LDPC codes have previously been considered in the context of HARQ in [18] and [19],
respectively. The EMS protocols proposed in this paper extend streaming codes to an HARQ-INR setting in
which the amount of new information bits that are appended within a retransmission is adaptive, as it depends
on the delayed CSIT in manner similar to BRQ.

EMS protocols are thus variable-rate protocols in a sense similar to [10] and [14]. However, to the best
of our knowledge, all previously proposed protocols that allow for rate adaptation are essentially based on
a conventional HARQ-INR protocol as building block, while the rate adaptation is achieved by using a large
number of parallel HARQ-INR instances in a TDMA fashion or in superposition coded layers. These approaches
incur rate penalties in practical implementations because each HARQ-INR instance only uses a small fraction of
the available resources (channel uses/power) in each slot [20]. In contrast, EMS protocols differ fundamentally
from HARQ-INR in the way new information bits are appended in each slot. This implies that, in principle,
one can use our scheme instead of HARQ-INR as a building block and devise protocols similar to [10] and
[14]. Consequently, we consider HARQ-INR and HARQ-INR with power adaptation based on delayed CSIT

as relevant baseline protocols for comparison.

B. The backtrack retransmission protocol

Next, we shall introduce BRQ through an example. Suppose the transmitter sends to the receiver in slots,
where each slot is a fixed communication resource that consists of n channel uses. The SNRs from slot to slot
are i.i.d. and available to the transmitter only after transmissions have taken place. Suppose that the transmitter

uses the same rate-R codebook in each slot and let us observe three consecutive slots with SNRs equal to
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Hl,HQ, and Hg. Let
Al
C(Hy) = 3 log, (1 + Hy) (1)

denote the supported information rate during the ith slot when the SNR is equal to H;, t = 1,2, 3. Suppose

that the realized SNR values are such that
C(H\) <R, C(Hy) <R, C(H;)>R. 2)

Since the transmitter uses a rate-1 code in each slot, the receiver is unable to decode in the first two slots and,
eventually, the transmission can be decoded in the third slot. The transmitter sends b £ nR new information
bits in the first slot, denoted by d;. For the second slot, the transmitter knows H; and sends again b £ nR

information bits, but the message is prepared in the following way:

e The first r; = n(R—C(H,)) bits are IR, denoted by r; and correspond to the “missing information” from
time slot 1. The bits r;, combined with the signal received and buffered in slot 1, allows the receiver to
recover the information bits dj.

o The remaining b — r; = nC(H;) bits, denoted by do are new information bits transmitted in the second

slot.

It must be noted that the IR bits and the new bits are only separable in a digital domain, but not at the physical
layer, i.e., the whole packet, sent at rate R, needs to be decoded correctly and then the receiver extracts the IR
bits and the new bits. The insertion of IR bits creates dependency between two adjacent packet transmissions.

Coming back to the example, outage also occurs in the second slot, such that the message in the third slot
consists of 7o = n(R — C(Ha)) redundancy bits ry and ds = nC(Hs) new bits ds. As C(Hsz) > R, the
receiver decodes the message in slot 3 and recovers d3 and rs. It then uses ro as IR to decode the transmission
in slot 2 and recover do and r;. Finally, the receiver uses r; to decode the transmission from slot 1 and recover
d;.

The throughput is given by

B TLR+TLC(H1) +nC(H2) o R+O(H1) +O(H2) 3)
N 3n N 3 '

The average rate that could have been achieved over the three slots if the CSIT were known a priori is:

Rprior: C(H3)+C(§{1)+C(H2). @)

It is observed that the transmission with delayed CSIT introduces loss due to low R, but besides that, the data
rates that are achieved with prior CSIT can be recovered by BRQ for the case of delayed CSIT. We remark
that not all the parameters that are adaptable to the channel can be recovered with delayed CSIT. For example,
power that has been erroneously allocated to a bad channel cannot be recovered by the delayed CSIT.

The above example considered the case where the conditions in (2) were satisfied. The protocol, which is
referred to as BRQ and put forth in [1], is easily generalized to any realization of { H; }¢cn. As in the example,
the protocol in general uses a code with blocklength n and a fixed rate R in each slot. In the first slot, the

transmitter sends n R bits of new information. If the realized channel gain H; satisfies C(H;) > R, the receiver

November 15, 2016 DRAFT



decodes the packet, extracts the nR information bits, and the protocol terminates with a decoding time of one
slot. On the other hand, if C(H;) < R, the receiver cannot decode the packet, it feeds back the CSI of the
slot that has terminated, and the protocol continues. Considering the kth slot, with £ > 2 and assuming that
C(H¢y) <Rforall i€ {1, --- k— 1}, the transmitter forms the packet for the kth slot as follows:

1) The first n(R — C(H—_1)) bits are IR that allows the decoding of the packet in slot (k — 1).

2) The remaining nC'(Hjy_1) bits are new information bits.

If C(Hy) < R, the receiver feeds back the CSI of the slot and the protocol continues. If C(Hy) > R, the
receiver can decode the packet in slot k in which case it recovers the nC(Hy_1) information bits. It also
recovers the n(R — C'(Hy—_1)) bits of IR for the packet in slot (k — 1). At this time, the receiver can decode
the (k — 1)th packet using the side information from the IR bits in slot k. This can be achieved using list
decoding. Next, the decoder sequentially decodes the packets (k — 2),(k — 3),---,1 in a similar fashion,
thereby recovering all the n(R + C(H;) + - -- + C(H—1)) bits. The throughput of BRQ, reported in [1], is
restated in Theorem 3.

From the example above, we observe that BRQ relies on appending information bits to the parity bits. The
transmission rate used in BRQ is predefined to be R in each slot. The number of appended information bits
is computed based on delayed CSIT but chosen such that the a priori probability of decoding a certain slot is
kept constant. Hence, a BRQ process ends a transmission as soon as the CSI is above a level that is sufficient

for decoding the predefined rate R.

C. Contribution

In this paper, we generalize the BRQ protocol from [1]. First, we propose a family of EMS protocols that
allow the transmitter to expand the message space in manner similar to BRQ. In contrast to BRQ, however,
the EMS protocols are based on streaming codes and all information bits are decoded jointly. The notion of
an EMS protocol introduced here is sufficiently general to include protocols like ARQ, HARQ-INR, and BRQ.
Next, we prove a strong converse and an achievability result for the EMS protocols, and it is shown that the
throughput of the optimal EMS protocol given a constraint on the average decoding time and full delayed CSIT
is identical to the throughput of BRQ. Then, we address the same problem with only a finite number of feedback
messages in each slot. In this case, we put forth heuristic EMS protocols which have a structure similar to BRQ,
but are designed to work with finite number of feedback messages. Finally, the throughput of BRQ and the
proposed finite feedback EMS protocols are evaluated and compared to relevant baseline protocols. Specifically,
we compute the throughput in terms of SNR and average decoding time. Our numerical results confirm that
the throughput of BRQ converges to the ergodic capacity much faster than the throughput of HARQ-INR.
Moreover, the proposed finite feedback EMS protocol using only three feedback messages per slot achieves
throughput which is only slightly worse than the throughput of BRQ. We remark that EMS protocols have
previously been introduced in [21], where we used finite blocklength analysis to investigate a protocol similar
to BRQ, but for the binary symmetric channel and binary fading. For a similar setting, optimal rate adaptation
policies were optimized using error exponents in [22].

Notation: Upper case, lower case, and calligraphic letters denote random variables, deterministic quantities,

and sets, respectively. A tuple of random variables (X;,---,X;), j > 4, is denoted by Xf . We adopt the

November 15, 2016 DRAFT



convention that Zf;jl a; = 0 and likewise we let Xf ~1 denote the empty tuple. Let N be the natural numbers,
R be the reals, R, be the nonnegative reals, Z be the integers, and Z be the nonnegative integers. Moreover,
the range of integers {i,---,j}, ¢ < j, is denoted by [i:j]. Vectors are denoted by boldface (e.g., a), while
their entries are denoted by roman letters (e.g., a;). The transpose of a vector a is denoted by a™, the length
of a vector by len(-), and the tuple (a;,--- ,a;), for ¢ < j, is by ag. We also use the standard asymptotic
notation f(n) = O(g(n)) and f(n) = o(g(n)) which means that limsup,,_, . |f(n)/g(n)| < oo and that
limsup,, .. |f(n)/g(n)| = 0, respectively. Finally, let [z]" £ max{z,0} and [z]~ £ min{z,0}.

II. SYSTEM MODEL

We consider a single-user block-fading channel with Gaussian noise. The transmitter sends to the receiver
in slots of n channel uses, where n is sufficiently large to offer reliable communication that is optimal in an

information-theoretic sense. The received signal vector in slot ¢ € N is given by

Y= VvVHX; + 7 )

where Z; ~ N(0,,1,) is a n-dimensional noise vector distributed according to the Gaussian distribution with

zero mean and identity covariance matrix, X; is the transmitted n-dimensional vector satisfying
Lt
Xy Xy <1 (6)
n

and H; > 0 denotes the instantanecous SNR, drawn independently from a smooth probability density P (-).
The cumulative distribution function of Hy is given by Fp(-). The instantaneous SNR H; is unknown at the
transmitter prior to the transmission of X; but is known at the receiver after observing Y;. Moreover, the
receiver is able to provide feedback based on previously received CSI. Specifically, we assume that feedback
is given by a sequence of feedback functions v; : RY, — I that maps H to a feedback alphabet IF such that
V; = vy (H?) is observed at the transmitter before transmission in the (¢+ 1)th slot. The feedback cost is defined
as the cardinality of the feedback alphabet |IF| and may be finite, countably infinite, or uncountably infinite.
The transmitter is said to have full delayed CSIT if H; can be recovered from V;.

If a transmission is to be done over slot ¢ alone, the maximum supported rate is given by C(H;), whereas

the maximum achievable rate if a transmission is done over many slots approaches the ergodic capacity [23]
Cag = E[C(H)] )

as the number of slots tends to infinity. Here, H denotes a random variable distributed according to Pp. If,
however, a transmission is to be done over few slots, high throughput cannot be achieved without either layered
transmissions as in [14] or a HARQ technique. The latter approach is commonly applied in practical systems
due to its relative simplicity compared to the layered transmissions.

A comment on the block-fading assumption is in order. The block-fading channel model is an abstraction of
a practical system model. In particular, if slots are transmitted consecutively in time as this model suggests, the
channel gains cannot be assumed to be independent. In practical systems, however, the delay of ACK/NACK
feedback can often spread over multiple slots in time. Therefore, in wireless systems such as LTE, multiple

HARAQ instances are interleaved in time [24, Ch. 12] — while the transmitter waits for feedback from one
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HARQ instance, it transmits to other users. In the uplink in LTE, a synchronous version of HARQ is employed
[24, Ch. 12]. This ensures that the time between each retransmission is fixed and known by both the transmitter
and the receiver. The fact that each transmission opportunity is spaced apart by a certain number of slots
implies that channel gains are close to independent. In addition to these considerations, one cannot expect that
each transmission opportunity occurs in the same frequency slot; this further justifies the use of a block-fading
model.

Next, we define an EMS protocol by the tuple ({vt}, {ri™y, (683 1001, {Tn}) described as follows:

o A sequence of feedback functions v, : R, — I that maps H{ to the feedback alphabet I such that
Vi £ vi(H}). ®)

Moreover, for hf = (hy,--- ,h;) € RY, we denote the tuple (Vi (kY ), -~ ,vi(h%)) by v, = Vi, (h}) for
t' <t

« A sequence of rate selection functions r\™ : T R, that satisfy R\ 2 r{(v;_,), RI"™V () > R
for all ¢t € N, and Rﬁ”) < rmax for some positive constant Ip,,. We also define the cumulative rates
R &Y R

e A sequence of encoding functions fin) 1B — R™ such that
()
X, 2§ <B{”Rt W) . )

Here, B denotes all binary vectors (of arbitrary length), i.e., B £ {[J} UJ;2,{0, 1}%, where [] denotes
the vector of length 0; and B; are independent Bernoulli variables with parameter 1/2 and we denote
(Bi,--, B;) by Bl.

o A sequence of decoding functions gﬁ") ;R X R — B.

« A sequence of nonnegative integer-valued random variables {7,,}°2 ;, which are stopping times with respect
to the filtration F; = o{V'*} (see e.g. [25, p. 488]) and satisfy 7,,,1 > 7, and sup E[r;,] < oc.

We also define the limiting rate selection functions and the stopping time:

re2 lim r™ (10)
n—oo

TE sup 7,. (11)
n— oo

(n)

The limit of rg") exists because r;  is non-decreasing and bounded above by Ip,. On the other hand, we
define 7 as the supremum over 7, since the existence of the limit of 7,, cannot be guarenteed because only
E[r,] is bounded above for increasing n.

Note that one can feedback the rate selection directly and omit defining v;(-). The restriction on the feedback
cost can be induced by restricting the number of distinct rate selections that can be fed back. We have made
this restriction explicit by defining both r:(-) and v(-).

The random variables B> € {0,1}°° correspond to the binary sequence of information bits, which size in
bits is unbounded. We assume that all the information bits are available prior to the transmission in the first
slot. This implies that the stopping time 7,, is also the decoding time and the transmission time in slots. In

remainder of this paper, we shall refer to 7,, as a decoding time. We note that our definition of decoding time
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deviates from some other works. For example, in [8] and [10], the decoding time is measured as the time from
the information bits are appended to the time at which they are decoded. Such definition of decoding time is
relevant in some real-time applications such as control over network.

As an implication of the definition of an EMS protocol, X; becomes a function of the block of information

B(n)
bits BlrnRt T_ (B1,---,B . This enables the encoder to combine IR and new information bits, i.e.,

)

in each slot the encoder fetches nREn) information bits and encodes them jointly with the previously encoded

nRET_L)l information bits. This message structure is different from other works on HARQ-INR protocols. In light
of [26], HARQ-INR can be seen as fixed-to-variable coding because the number of transmitted information bits
are prespecified while the number of channel observations at the receiver depends on channel realization. On the
other hand, for an EMS protocol, both the number of information bits and the number of channel observations
depend on the channel realization. This concept has previously been used in [10] and [14]; however, none of
these works alter the conventional HARQ-INR protocol. They rather use it as a building block and initiate a
large number of HARQ-INR instances which run in parallel in a TDMA fashion or in multiple superposition
coded layers.

Following other HARQ works [3], [5], [14], we define the throughput 7 of an EMS protocol in terms of a
renewal-reward process. A renewal event occurs at time 7,, and the reward is the sum of all rates appended since
time 1. Likewise, the inter-renewal time corresponds to the decoding time 7,,. Hence, we define the throughput
of an EMS protocol as lim,,_,, E [R(T:)] /E[7]. This leads us to the definition of a zero outage EMS protocol.

Definition 1: An EMS protocol is called an (1, T')-zero outage EMS protocol if there exists a non-decreasing

integer-valued sequence {7, } such that 7, < 7, E[r,] < T, lim,,_, E {Rﬁﬂ JE[mn] =1,

lim P[E,] =0 (12)
n— 00
and
lim max P[&,|m, =t =0. (13)
n—o0 te[l:7, —1]:
Plr,=t]>0
Here, we have defined the error event
&n 2 o0y 1) £ B[] (14)

Our focus is on the characterization of optimal zero outage EMS protocols:
Nopt(T) = sup{n : there exists an (1, T')-zero outage EMS protocol }. (15)

The condition (12) ensures that the outage probability of the EMS protocol is zero while the condition in (13)
ensures that the conditional probability of error given a decoding time vanishes uniformly for all decoding
times except for 7,.

We note that most other HARQ works solely consider strict latency constraints which naturally arise in
wireless communication systems having either a strict deadline or a limited buffer size. We consider average

decoding time constraints and zero outage protocols for two reasons:

o A strict latency constraint does not naturally arise in systems without a strict deadline or limited buffer size,
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and hence, in such applications, there is no reason to choose a specific deadline 7" in the strict decoding
time constraint P[7 < T] = 1. For example, consider an application that requires a high reliability. In
this case, imposing a strict latency constraint for the HARQ protocol only implies that the receiver will
request a retransmission of the data in outage. This is the case for LTE, which uses HARQ in the medium
access control (MAC) layer, while it implements an ARQ protocol on a higher layer — in the radio link
control (RLC) layer — that requests retransmissions for data in outage [24, Ch. 12]. In that sense, LTE
attempts to achieve an outage probability of zero, and an average decoding time constraint is therefore a
natural constraint which attempts to keep the decoding time low on average but does not give any strict
guarantees. As previously mentioned, LTE employs synchronous HARQ in the uplink which implies that
the decoding time 7 is indeed proportional to real decoding time in a system. We also point out that the
customary metric for latency in queuing theory is the average waiting time.

« It turns out that the throughput of the optimal EMS protocol, under an average decoding time constraint,
coincides with the throughput of the BRQ protocol proposed in [1], i.e., the optimization problem in (15)

has a simple form.

III. STRONG CONVERSE AND ACHIEVABILITY

In this section, we state a strong converse and an achievability result that we shall apply in the subsequent
sections. The achievability and converse results state conditions for when the probability of error tends to zero
or one, respectively. In order to state the results, we need to introduce some notation. In particular, given rate

selection functions and feedback functions, let

t

i) 2 37 [P e (b)) = O (16)
i=k
for k£ <t and let u,(cnt) () £ 0 for t < k. Intuitively, u1 4 (ht) is the remaining amount of information needed

to decode the information bits up to time ¢ given slot observations up to time ¢ with channel gains h{ =

(h1,--- ,ht). We also define

[ri(vic1(Ri71) = C(ha)] - a7

-

Il
>

Ue(h)) £ Tim Uy} (k) =

We prove the following results in Appendix I and Appendix II.
Lemma 1 (Strong converse): Given an EMS protocol, we have

lim P [é'n

n—oo

oo _ hOO} —1 (18)

for all every h® such that sup¢y.-) Uk,~(h"™) > 0 and such that 7 < occ.

Remark 1: The conditions in Lemma 1 are only given in terms of the asymptotic random variables 7 and
r; and not 7, and r(n). Therefore, Lemma 1 allows us to restrict the search for optimal zero outage EMS
protocols to those EMS protocols for which supyc(1.,] Uk, - (h7) < 0 almost surely (see details in the converse

proof of Theorem 3).
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Remark 2: The smallest limiting decoding time which is not ruled out by Lemma 1 is given by
Topt = inf{t >1:uy,(H}) <0}. (19)

To show that an EMS protocol with 7 = 74, is not ruled out by Lemma 1, note that by the definition of 74y,

we must have
Ui (H{) >0, Up 1 (H{™ ") >0 and Uy, (H™) < 0. (20)

Thus, using the fact that Uy, (H;™) = Uy, (H]™) — Uy 1 (H{ ") <0 for every k € [1:7op], e find that
the conditions in Lemma 1 are not satisfied.
Lemma 2 (Achievability): Let {7}, rate selection functions {r§")}, and feedback functions {v;} be given.

Suppose that there exist positive sequences c¢,,, g,, and 7, such that 7, € N, 7,, < 7, and

T 0 Q1)
ngncy,
as n — oo. Moreover, define the event
H, 2! max ul™ (H™) < —c, 22
, {kg[ll:i] for (H™) < —c (22)
and assume for all sufficiently large n that
min  P[7r, = t|H,] > gn. (23)

te[l:7,]:
Plrn=t|Hn]>0

Then, there exists an EMS protocol satisfying
lim max P {En

n—00 te[l:7y,]:
P[r,=t]>0

Hyo o = t} —0. 24)

IV. FuLL DELAYED CSIT

In this section, we consider the case in which the feedback alphabet is the positive reals, ' = R, and the

feedback functions are given by
Ve(h) = hy. (25)

This provides the transmitter with full delayed CSIT. In the following, we characterize the trade-off between
throughput and the average decoding time for optimal zero outage EMS protocols. First, we specify an EMS

protocol and we shall later show that it is an optimal zero outage EMS protocol. We specify the EMS protocol

as follows
Clhy) — t=1
rgn)(v) A ( T) logn (26)
mm{C(v),C(hT) — 10‘271} t>2
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for t € N, a positive constant h7, and an arbitrary constant ¢; > 0. The decoding times are given by
Tn £ min{7,, 7} (27)

where

s |y |
" IOgFH(hT)
T2 inf{t > 1:hy < H;} (29)

|>

(28)

for an arbitrary constant co > 0. The particular choice of the rate selection functions has a simple operational
interpretation when neglecting the vanishing term ¢ / log n. Consider a transmitter using a fixed-rate codebook
with rate C'(hr) in each slot such that the minimal SNR required to decode a slot is hp. Based on the delayed
CSI, in slot ¢, the transmitter sends the exact amount of IR that is required to decode the previous packet, i.e.,
n(C(hy) — C(H;—1)) bits, along with nC(H;_1) bits of new information bits. This protocol resembles the
BRQ protocol previously described in Section I-B but formulated as an EMS protocol.

The operation of BRQ is illustrated and compared to HARQ-INR in Fig. 1. Initially, HARQ-INR transmits at
a rate Ryarq. The receiver accumulates information until the amount of unresolved information reaches zero.
BRQ starts the transmission at a rate [?grg, but in contrast to HARQ-INR, it uses the delayed CSI to append
new information bits in each slot to ensure that the amount of unresolved information, before the receiver
observes Y; and H;, remains [Zgrq. Note that, in order to attain the same average decoding time for BRQ and
HARQ-INR, Rgrq needs to be chosen smaller than Ryarg since no additional information bits are appended
during transmission in the HARQ-INR protocol. This is why we have chosen Ryarq > Rprg in the figure. For
the particuar realization of channel gains depicted in Fig. 1, it is seen that HARQ-INR does not fully utilize
the supported rate since the unresolved information, before Y, and H, are observed, is significantly smaller
than the supported rate in that slot. This phenomenon reduces the throughput at low average decoding times.
The problem is partially circumvented in BRQ by ensuring that the amount of unresolved information, before
Y, and H; are observed, is kept constant.

In contrast to BRQ, the EMS protocol specified by (25) and (26) uses the coding scheme described in the
achievability part of Appendix I and thereby uses joint decoding over all slots. Since the EMS protocol specified
by (25) and (26) and BRQ are closely related, we shall refer to the proposed EMS protocol as “BRQ-EMS”
to emphasize its relation to BRQ.

The following result analyzes the trade-off between throughput and average decoding time of BRQ-EMS.
Specifically, we find that the throughput is identical to that of BRQ. Furthermore, we apply the strong converse
in Lemma 1 and we demonstrate using dynamic programming that BRQ-EMS is optimal within the class of
EMS protocols.

Theorem 3: For T' > 1, we have

hr
o) = mag(T) = [ Puiycin) an G2 60
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Information

Ryprq

Slot # 1 2 3 4 t
(a) HARQ-INR.
Delayed CSI Delayed CSI Delayed CSI Delayed CSI
Information H, Hy Hj Hy

| | !

Rgrq

Slot # 1 2 3 4 t
.Supported rate log(l + Ht) Dunresolved information
m New information m Incremental redundancy
(b) BRQ.

Fig. 1. Comparison between HARQ-INR and BRQ. In slot ¢, the left and right striped areas corresponds to the amount of unresolved
information before receiving Y. The dark grey areas designate the instantaneous supported rate and the light grey areas corresponds to
the unresolved information after observing Y;. Note that for each time slot, the dark grey areas have the same size for both HARQ-INR
and BRQ.

where
hy & Ft (1 — 1> . (31)
T
Moreover, ngrq (1) = nopt(T') if
Pu(h) 1 Py(n)

= Fa) TR T P = (32)

for all h > 0.

Remark 3: The throughput of BRQ, which is identical to (30), was first reported in [1].

Remark 4: One can verify that (32) is satisfied for the Rayleigh fading distribution Py (h) = Le~"/T" for all
I > 0. Indeed, the LHS of (32) yields (1 + h)~! which is nonnegative for all h > 0.

Remark 5: Tt follows directly from (30) that 7grq(7") — Cerg as T'— oco. This follows because hr — 0o as
T — oo, and thus the first term in (30) tends to C¢;, while the second term in (30) tends to zero.

Remark 6: The second term on the RHS of (30) is the throughput of the conventional ARQ protocol with a
rate equal to C(hr). The first term on the RHS of (30) thereby corresponds to the improvement of BRQ-EMS
over ARQ.

Proof: We shall first use Lemma 2 to show that there exists an (npro(7),T")-zero outage EMS protocol
with rate selection and feedback functions given by (25) and (26), respectively. Then, we apply the strong
converse in Lemma 1 to show that 7o, (7") = nsro(7) under the condition in (32).

Fix positive constants ¢; and co. We first show that an EMS protocol specified by (25)—(27) has throughput

nerQ(T") and average decoding time upper bounded by T'. Since {7,,} is a non-decreasing sequence of random
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variables and since E[7,,] < E[7] < oo, Lebesgue’s monotone convergence theorem [25, Th. 16.2] implies that

li_>m E[r.] = E[7] (33)
=Y iFu(hr) ™" (1= Fu(hr)) (34)
=1
1
11— Fy(hr) 33
=T (36)
Similarly, we also have that
Jim E[RE] = lim € [Zﬂ{fn >t <vt-1(Hf‘1>>] a7
~E [Z Tim {7, >t} (vt_l(H{—l))] (38)
=1 L —> OO
= C(hr)+E|Y min{C(H;_1),C(hr)} 1{r > t}] (39)
t=2
= C(hr) + > Emin{C(H,_1),C(hp)} 1{7 > t}] (40)
t=2
= C(hy) +E[C(H)|H < hr] ZPT>t (41)
=2
= C(hr) + E[C(H)|H < hr] (E[T} -1 (42)
hr
= C(hy) +T/ Py (h)C(h)dh (43)
0

(n)

Here, (38) follows from Lebesgue’s monotone convergence theorem [25, Th. 16.2] because 7, and r; ~ are

non-decreasing in n and bounded above by 7, and ry,y, respectively. Moreover, (40) follows from Tonelli’s

theorem, and the last the equation follows because
hr
/ Py (h)C(h)dh = E[C(H)|H < hy|P[H < hy] (44)
0

and because T' = E[7] = 1/P[H > hr]. Using (36) and (43), the throughput is given by

_ E[R™ hr C(h
nh_)rgo I[E[Tn]] = ; Py (h)C(h)dh + (TT) = nero (7). 45)

To show the existence of an (nprq(7"),T)-zero outage EMS protocol, we only need to demonstrate that
BRQ-EMS satisfies (12) and (13). Both of these conditions follow from (24) if the conditions of Lemma 2 can

be verified. We shall first show that 7 < 7,, implies that maxjei.r, ] u,(C 2 (H{") < —cp, i.e., that

PHnlrn =t =1 (46)

for t € [1:7, — 1], where H,, is defined in (22). Because u1 )(ht) < Uy (h') for every h* € RY, and because

Uy,r, (H™) <0 when 7 < 7,, this follows from

ul™) (H7") < upp (H™) — ¢ < —c (47)
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and from the following chain of inequalities’

Dax Ui (HT")
- g3 [min{C(hT) . 0<Hi,1)} - C(Hi)} 48)
< Jax {C(Hk—l) — C(hr)
+ Z {min{C(hT) —cn, C(Hi—1)} — C(Hi—l)} } (49)
ik
= kg[lfq)—i,] {(C(Hkl) +c¢p — C(hr)) —cn
+ Z {C(hT) —Cp — C(Hifl)} _} (50)
i—k
+ 3 [Chr) = e = CHi)| } D
i=k+1
e (52)

Here, (48) follows from (16) and (26), (49) follows because (29) implies that hr < H, when 7 < 7,, and
(52) follows because [-]~ < 0. Next, we show that g,, = O(1/y/n) satisfies (23):

min P[Tn = t|7:ln] > min P[Tn = t,’;':ln] (53)
te[1:7,]: te[l:7,]:
P[TnZtl/}:[n}>0 P[Tn=t|7'ln}>0
= min Plr =t (54)
te1:7y,]:
Plrn=t|H.|>0
= Fy(hr)™ (1 = Fy(hr)) (55)
— O(elog(FH(hT))‘T'n) (56)
1
= e = (On. 7
o()
It also follows that (21) is satisfied:
—2 1 2 1 2
ngnc? vn

As a consequence of (57) and (58), Lemma 2 implies that there exists an EMS protocol satisfying (24). In
addition, the EMS protocol is also an (ngrq(T),T)-zero outage EMS protocol, which follows because the
condition in (13) is implied by (24) and (46)

P =t = P =t.H ]P[H =
ez Plalm = 1] te[m{u:{ [EnlTn = t, Ha] P[Hnlmn = 1]
Plr,=t]>0 Plr,=t]>0

'We use the convention that ZZ;; a; = 0 for all a; and for all integers j.
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+ Pl = 1, HE] P[HS | = 1] | (59)

< max P[5n|7'n = t,7-_ln] (60)
te[l:7, —1]:
Plr,=t]>0

=o(1) (61)

as n — oo, and the condition in (12) follows from (61) and because P[r, = 7,] — 0 as n — oc.

Next, we prove that no EMS protocol can achieve a throughput larger than the RHS of (30), i.e., we establish
that nop (1) = nero(T") for T > 1. We do this by applying the strong converse in Lemma 1, which implies that
a zero outage EMS protocol must satisfy supc;.r) Ug,-(H™) < 0 almost surely. To see this, note first that we
must have 7 < oo almost surely. Otherwise, sup,, E[7,,] = co. Additionally, suppose that a zero outage EMS

protocol satisfies P {supke[lr] Up-(HT) > 0} > 0. Then,

lim inf P[&,)
n—oo
> P{ sup Up-(HT)>0,7< oo]
ke[l:7]
x lim infE[P[5n|H°°] ‘ sup Ui -(HT) > 0,7 < oo] (62)
n—00 kel:7]
> P{ sup U (HT) > 0}
ke[l:7]
X E[hm inf P[&, [ H>] ‘ sup U (HT) > 0,7 < oo} (63)
n—00 ke[l:7]
= P{ sup Ug.(HT) > 0} (64)
ke[l:7]
> 0. (65)

Here, (63) follows from Fatou’s lemma [25, Th. 16.3] and because 7 < oo almost surely, and (64) follows from
Lemma 1. Therefore, we can find the optimal zero outage EMS protocol satisfying the constraint E[7] < T by

solving the following optimization problem:

G(T)= sup TE[R,] /E[7] (662)
{ri}v{vt}v‘r
st E[f]<T (66b)
P[ s?p]uk,T(Hf) <o| =1 (66¢)
ke[l:T

Here, R, = > 7, ri(v;—1(H'"')). It turns out that it is convenient to scale the objective function in (66)
by T'. We shall prove that the solution to (66) coincides with the BRQ-EMS protocol, i.e., we find that
C1(T) = Tnero(T) under the condition in (32).

Since the transmitter has full delayed CSIT, it is sufficient to maximize over all composite rate selection-
feedback functions rv; : R%' + Ry such that ry(v;_1(H{ ")) = rv,(H} ). Moreover, we also define the

optimization problem

((T) %= sup E[R;] (67a)
{rv¢},7
st. E[r]<T (67b)
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P| sup up,(HT) < 0} =1. (67¢)
ke[l:7]

Since we have lower-bounded the objective function to get (67), we have that ((T') < (;(T), but if it can
be shown that {(-) is an increasing function, then (;(T') = ((T'). Indeed, suppose that {(-) is an increasing
function and that there exists 7' > 1 such that ¢(T) < ¢;(T). Let 7* be the solution of (66) for T = T. Then,
we must have that C(E[7*]) = ¢ (E[7*]) and that E[7*] < T But since {(T’) is an increasing function, we also
have that ((T) > ¢(E[7*]) = ¢ (E[r*]) = ¢i(T') which cannot be true since ¢(T) < ¢;(T)) for all T > 1. We
shall later use this fact to prove equality between (;(7") and {(T") under the condition in (32).

To solve the optimization problem in (67), we first relate ((7") to the decoding time 7 defined in (19) as

follows
Topl T r T T
((T)= sup (E rvi(H™Y |+ max E rv.(H:7H | . (68)
@)= sw Z (HTD| 4 max :Z (HY)
E[rop|<T - - L opt-+ d
Topt T r T T
= sup E ert(HH) + max E Z rv,(H Y| 5. (69)
{rvt}5 t=1 {rvi}fTZTopl t—r )
E[rop|<T - - L opt-+ i

As previously, the maximization problems with respect to 7 are subject to the constraints E[r] < T and
P Isupgefi.r Uk, (HT) < 0} = 1. In (68), we have used that any feasible (in the sense defined by the constraints
in (67)) decoding time 7 must satisfy 7 > 7, almost surely, and (69) follows because, by the definition of 74,
the constraints U, ,(H7) < 0 are automatically satisfied for k € [1:74y] When maxye(r, 1.7 U, (H]) < 0

because
ukT(H{) = ulyT‘)pl(HIop[) - ulykfl(H{cil) + uTopl+1yT(HI) é 0' (70)

It follows that the inner maximization in (69) is equal to ((T" — E[7p]). Thus, we have

¢(T) = max {E[ert(Ht‘l) +g(T—E[Topt])} (71)
{rv.:}:
Elrop] <T t=1
= pmax {Copt(T1) +¢(T2)} (72)
T+ T>=T
where
ow(T) 2 max E rv.(H:H | . 73
Co(T) £ max Lz_; i >] (73)
E[TOP[]ST

We can upper bound (o (-) using weak duality as follows

Copt(T) < min{)\(T —1)+ maX{E [i: rvt(Ht—l)] — XME[Top] — 1)} } (74)

A>0 {rv.} =

We solve the inner maximization in (74) using dynamic programming. For given A > 0, let {rv;} be the solution
to the inner maximization problem in (74). Then, observe that rv; depends only on H fl through u’ifl(H ’1&71).
Intuitively, this means that the rate selection depends only on the amount of unresolved information up to time

t. We define functions TV, : R~ R, and let TV, (uy,—1(hi™")) £ rvy(h!™") for t € N and b} " € R
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Now, define the value function (see e.g. [27])

7 (u)

Vi(u) & E TV (01 (u, HTY)) — A —t 75
() £ ax®| 3 T:(Onaa o H)) = Alm(w) =) (75)
where

7e(u) £ min{t’ > ¢ : U p (u, HY') < 0} (76)

for t € N and

t .
U, b)) 2w+ > [V (O -1 (u, b 1)) — C(hy)] (77)
i=k

for ¢,k € N. Using these definitions, the inner maximization in (74) can be expressed in terms of V;(-) in (75):

{rv.}

Vi(0 maXE[Z rv;(Hi ) — AM7op — 1)] (78)

To apply dynamic programming, the value function V; in (75) is expressed in a recursive form:

Te41(0; (u, He))
Vi(u) = max {rvt(u) + Fo(u + TV (u)) (E l( Z Wi(Ut,i_1(u,HZ1))>

1=t+1
_ A(Tt+1(Ut,t(u, H)) —t— 1) ’C(Ht) <u +Wt(u)] - A) } (79)
:rilzaxé({r+Fc(u+r) [E[V}ﬂ(u—kr— (Hy) ‘C <u+r} —)\} } (80)

Here, we have defined F(r) £ P[C(H) < 7] and let Pc(+) be the probability density of C'(H ). The problem is
thereby formulated as a standard infinite horizon dynamic programming problem [27]. Consequently, the value
function V; is time-invariant such that V;(u) = Vi (u) for all £ € N and u € R. We denote the time-invariant

value function by V(u) £ Vi (u). As a result, we can write

Viu) = I??El;’ié({’f'-l—Fc(u—FT) {E{V(u—&—r —C(H))|C(H) < u+r] — )\}} (81)
= max {r+EM{CH) <u+r}(V(u+r—CH) -]} (82)

It remains to guess V' (u) satisfying (82). We claim that the value function has the form V(u) = A — u for

u € [0,74], where

C(r) — Fc(r))\} (83)

AL Clr) = Fo(r)i
e {T R

and 74 is the maximizer in (83). Here, C(r) £ [ Pc(x)dz. Indeed, from (82) and by substituting V (u) =

A — u, we have

Viu) = ng{r—i— E[I{CH)<u+r}(A—u—r+C(H)—-N]} (84)
_H/lgif {7‘ (1 - Fo(r ))+€(T’)+Fc(7"/) (A—A)} —u (85)
—A—u (86)
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for every u € [0,74]. Here, (86) follows from (83) because

C(r) = Fe(r)A
O_I?ﬁ‘éi{rA+1_FCC(T)} (87)
= max {(r = A)(1 = Fo(r)) + O(r) = Fo(r)A} (88)
= max {r(1 = Fo(r)) + C(r) + Fo(r)(A =N} - 4 (89)

Since 74 is a maximizer of the RHS of (83), it is also a maximizer of (89), and thus also of the optimization
problem in (85). This proves that V(u) = A — u for u € [0,74].
We shall shortly prove that (32) implies that

1 _ 1
Tsro(T) = F! (1 — T) +TC (Fcl (1 — T)) (90)

is concave in T'. Consequently, we have shown the following

Z rvt(Hf‘l)] — ME[Topd] — 1)} } oD

<0pt(T) < I>I\1>1101{)\(T — 1) + max{E

{rvi}
R 6(7") - )\Fc(’l“)

. 1 1 A p-1 !

= I/\n>1%1{)\T+ Iqr)lgi({FC (1 - 1/) + yC(FC (1 - z/)) - /\V}} (93)

B 1 1 —( 1

s (1-2) e (- )
_ 1 — 1

:Fcl<1—T>+TC(FCI(1—T>> (95)

— Tiro(T). (96)

Here, (92) follows from V'(0) = A, (93) follows from the substitution r = Fi, (1 —1/v), (94) follows because
(90) is concave and by Slater’s condition [28, pp. 226-227], and the final equality holds since the objective
function in (94) is increasing in v.

Next, we need to show that (;(T") = (opi(7"). From the concavity of oy (-), the simple upper bound (o (77) <
T Cerg, and limy_, o0 a%gop[(T) = Cerg, we have that ((T") = (op(T') < Tgro(T). Moreover, since ngrq(-) is
an increasing function, it also follows that (1 (T") < T'nero(T') as desired.

It remains to establish the claim that Tngrq(7") is concave in T'. To do so, we show that the second derivative
of Tnpro(T") with respect to T' is negative. It turns out that the second derivative of Tmpro(7") with respect to

T is given by

O (Tnro) _ 1
log(2) OT2 B (1+ F};l(l — 1/T))T3PH(FI;1(1 - 1/T))
1
(1+ F5'(1— 1/T))2T* Py (Fy (1 — 1/T))2

) Py (Fy' (1= 1/T)) o)
(1+ Fyy (1= 1/T) T P (Fyg (1= 1/T))*

By multiplying the RHS of (97) by the positive term (1 + Fj;*(1 — 1/7))>T* and by using the substitution

T =1/(1 — Fy(h)), we find that % < 0 is equivalent to the condition in (32), hence establishing the
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desired result. [ |

V. FINITE NUMBER OF FEEDBACK MESSAGES

The requirement of full delayed CSIT feedback is not realistic in many applications. This section therefore
addresses the case where the feedback cost is finite. While HARQ-INR does not allow for rate adaptations,
EMS protocols with three or more feedback messages can be used to signal ACK/NACK, but also to instruct the
transmitter to append additional information bits in the subsequent slot. The key difference from the case with
full delayed CSIT is that the optimal amount of new information to be appended cannot be specified through
feedback. We provide a heuristic choice of the rate selection functions, feedback functions, and decoding times
and demonstrate the existence of a zero outage EMS protocol. In Section VI, it is shown that the throughput
of the finite feedback cost EMS protocol is comparable with BRQ.

In our heuristic EMS protocol, termed EMS-(f + 1), we define the rate selection and feedback functions as

[F— el |y (h) > 0

vi(hy) = 98)
—1, Ul,t(hﬁ) < 0
n rf—cy, t=1
r" (v1) 2 ©9
min{r(f —1) —cp, rv_1 }1{v;1 # -1}, t>2
Here, r > 0 is a predefined constant, F = [—1:f — 1], and ¢,, = ¢1/log(n) for an arbitrary positive constant
c1. The decoding time is given by
Tp = min{7,, 7}. (100)
where
rEinf{t>1:V, =1} (101)
log(c
T & — { og(c2v/n) J (102)
log Fo(r(f —1))

Here, cy is an arbitrary positive constant and the feedback —1 designates an ACK message. Since VE") can take

at most f + 1 = |F| values, the corresponding EMS protocol has feedback cost f + 1. As for the BRQ-EMS

protocol, we also define the composite rate-feedback function as
o a . [U]+
TV(u) = rming f — 1, f—T . (103)
With this definition, we can write
F(Veoa () = T(ur e (BE) (104)

for all ¢ > 2 and A{™' € R such that uy ;1 (h™") > 0.

The trade-off between throughput and average decoding time achievable by an EMS-(f + 1) protocol is
characterized by the following theorem which provides a way to compute the throughput and average decoding
time by solving a pair of integral equations. Varying the parameter r determines the trade-off between throughput

and average decoding time.
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Theorem 4: Define W : [0,rf] — R4 and M : [0, rf] — R, through the integral equations
u+TV(u)
W) 2 TV(u) + / Po(2)W (u + T9(u) — 2)dz (105)
0
and
u+TV(u)
Mu)=1+ / Po(x)M(u+TV(u) — z)dz. (106)
0

Here, Pc(-) denotes the probability density function of C(H). Then, there exists an (7, T')-zero outage EMS
protocol with
rf +E[L{C(H) < rfyW(rf - C(H))]

. (107)
1+ E[Il{C(H) <rfyM(rf- C(H))}

and

T= l—s—E{]l{C(H) < rf}M(rf—C(H))}. (108)

Proof: In order to show that (98)—(100) define a zero outage EMS protocol, we need to verify the conditions
of Lemma 2. We shall first show that (23) is satisfied for g, = O(1/+4/n). The remaining conditions can be

verified using same arguments as in the proof of Theorem 3. Given that 7 < 7,,, we have for k € [2:7,]

uy) (H™) = i -min{r(f —1)—cq,r {f —~ ulll(rHll)J } - C(Hi)] (109)
=k -

< 3 -min{r(f —1) —cp, {f - ull(rHll)J } - C(H,»)] — Uy, (H™) (110)
i=k -

Tn (n}) Hi71 —
=> r(f—l)—cn—r{f—ul"_lf_l)ﬂ — Uy 1 (HFY (111)
i=k -
< [entunis (HEY] = un g (HFY (112)
< min{—c¢,, _ul,ifl(H{;l)} + Z [_Cn + uLi*l(Hfil)]i (113)
i=k+1
< e, (114)

Here, (109) follows from (16) and (98)—(99), (110) follows because Uy ., (H™) < 0 when 7 < 7,, (112)

follows from |z] € (z — 1,z], (114) follows because [x]~ < 0. Using the same arguments as in (47), it can

also be shown that UYLT)n (H™) < —c, when 7 < 7,,. Hence, we conclude that maxy¢(1.r, u,(cnln (H™) < —cp,

when 7 < 7,,. An immediate implication of this is that
t, 7-_ln] Plr =t]

Pln =t ] _Plr=1] 5 g _y (115)

P{Tn = t"}:ln} =

for all ¢ € [1:7,]. Note that 7 is not necessarily Geometrically distributed as for the case with full CSIT. Instead,
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since |x| € (z — 1,z] for any constant x, we have that

U (AT

Ul’t_l(htil) + rt(Vt_l(htil)) = Ulﬁt_l(htil) +r \:f J € (r(f - ].), rf] (116)

r
Therefore, for all ¢t € N, we also have that
Plr>t+1r >t = P[ul,t(Ht) > 0|t > t} € [Fe(r(f—1)),Fo(rf)] (117)
Thus,
t—1
Plr =t] =P[r =t|r > {] H Plr>i+ 1|7 >i] > Fo(r(f — 1)1 — Fo(rf)) (118)
i=1

It follows from (115) and (118) that (23) is satisfied for g, = O(1/y/n). The conditions in (12), (13),
and (21) follows using the same arguments as in the proof of Theorem 3. Similarly, we can also show that
lim,, ;o E[7,] = E[7] and that lim,, ,, E [RSZ)} = E[R;]. Hence, it only remains to compute the throughput
given by E[R;| /E[r] and the limiting average decoding time E[r].

We compute the throughput E [RT] /E[7] via the rate selection and feedback functions in (98)—(99) and the

decoding time in (100). Using the following recursive relation
Ul,t(ht) = Ul’tfl(ht_l) +W(U1’t,1(ht_1)) - C(ht) (119)

for t > 2, we observe that, if t > k > 2, then u; ,(h*~1, H}) only depends on h*~! through u; ;1 (h*~1).
Therefore, we can define U(u, Hf) such that O(uy x—1(h*~1), H!) = ui(h*1, H}). In order to compute

E[R,], define

T (u)
We(u) = E[ > rv(u(wHH)] (120)
1=t
for u € [0, rf], where
e(u) 2 inf{t’ >t o(u HY) < 0}. (121)

Observe that E[R; | = rf+E[W;(uy,1(H1))1{C(H1) < rf}]. Rewriting the RHS of (120) in terms of Wy 1(-),

we obtain
Te+1(0(u, He)) ‘
Wi(n) = To(u) + E| 1{u+ TV() = C(H)} S T(a(a(u, Hy), H;ﬁ))] (122)
i=t+1
Te+1(0(u, He)) ‘
PV + Eg, | 1w+ TV() = C(H) Ep, | S P(0(a(u, Hy), H;A))H (123)
i=t+1
=TV(u) + E[1{u + FV(u) > C(Hy)} Wet1(O(u, Hy)) (124)
u+TV(u)
=TV(u) + / Po(x)Wipq (u+ TV(u) — z)dz. (125)
0

By defining W (-) £ Wy (-) and by noting that W (u) = Wy, (u) for u € [0, r f], we have the integral equation
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in (105). The expected reward is thereby given by
E[R.] = rf +E[Q{C(H) < rf}W(rf - C(H))]. (126)

Using derivations similar to (120)—(125), we obtain E[7] =1+ E[1{C(H) < rf} M(rf — C(H))]. |
We remark that the integral equations in Theorem 4 can be written as Fredholm equations of the second kind.
These are readily solved as a system of linear equations when discretized or by using a quadrature method

specifically for Fredholm equations [29].

VI. NUMERICAL RESULTS

In the following, the throughput of the described protocols are assessed and compared to traditional transmis-

sion strategies. Specifically, we compare our protocols with HARQ-INR and HARQ-INR with power adaptation.

A. Coding strategies

1) HARQ-INR: In HARQ-INR (also known as HARQ-INR), the transmitter initially transmits at a rate R
in the first slot and continues to send additional parity bits in the subsequent slots. By the end of each slot, the
receiver attempts to decode and feeds back an ACK/NACK depending on whether the decoding was successful
or not. The receiver is thereby able to accumulate information until decoding is possible. Then the average

decoding time of HARQ-INR is given by [14]

Elr] = > mpm ' (R) — pou(R)) (127)
m=1
=1+ pu(R) (128)
m=1

where p,(-) is the outage probability after the mth retransmission and is given by

Poul() =P

> C(Hy) < z] . (129)
k=1

The achievable throughput is

R

The optimal throughput of HARQ-INR subject to the average decoding time constraint is given by

TTHARQ-INR,R = (130)

R
NaarQ-INR (I') = max SR (131a)
¢ R 143 pou(R)
o0
st. 14> plu(R) < T. (131b)
m=1

We point out that Suppe (1 o) MTHARQINR (T') = Cerg.

2) HARQ-INR with power adaptation: A comparison between BRQ and HARQ-INR is not fair in the sense
that HARQ-INR does not use the available delayed CSIT. It has been shown in literature that delayed CSIT can
provide significant throughput benefits if the short-term power constraint in (6) is relaxed. Power adaptation

based on delayed CSIT has previously been proposed in a slightly different setting in [12]. In this section, we

November 15, 2016 DRAFT



24

optimize HARQ-INR with power adaptation under a constraint on the average decoding time. We follow [6]

and redefine the power constraint in (6) such that %XtTXt < p¢, where we require that the random variables

p: depends only on {H,}!Z] and that {p;}5°, satisfies
ED iy pil
—=— < 1. 132
e (132

The constraint in (132) ensures that the average power per slot over many runs of the protocol does not exceed
one. Under this relaxation, we can design an HARQ-INR-type protocol that benefits from full delayed CSIT
using power adaptation. In particular, full delayed CSIT provides the transmitter with knowledge about the
amount of unresolved information at the receiver and is allowed to use this knowledge to optimize the power
spend in the following slot. The transmitter sends in the first slot at a rate R using power p;. At the end of
the slot, the transmitter receives the delayed CSIT which can be used to compute the unresolved information
I; at the receiver. In the tth slot, the transmitter sends IR with power p;(I;_1), where I;_; is the amount of
unresolved information at the receiver by the end of slot ¢ — 1 and p.(-) denotes the power adaptation policy

in the ¢th slot. It follows that the unresolved information in slot ¢ satisfies
Ii=1 11— C(Htpt(ft—l)) (133)

where Iy £ R. We shall solve the following optimization problem using dynamic programming:

O, 57 (134
s.t. E[Z pi(Itl)] < E[7]. (134b)
t=1

First, we rewrite (134) as an unconstrained optimization problem using duality:

Iygg{pir(r})i%ol{E[T] +A <E LZ; pi(It—l)] - E[T]) }
ijpi(ft_l)] } : (135)

t=1

=max min < E[r](1—-X)+ AE
A>0 {p:i()}324

Then, we rewrite the inner minimization in (135) as an infinite-horizon dynamic programming problem.

Specifically, we have that

min < E[7] (1 —X) + AE
{pi()}724

ipi(nl)] } = J\(R) (136)

t=1
where the function Jy(+) is defined by Jy(u) = 0 for v < 0 and, for u > 0,

2% —1

Jx(u) = min{l + )\p+/
0

i Py (h)Jx(u — C’(hp))dh} . (137)

Consequently, we find that the solution to the optimization problem in (134) is given by maxyso Jx(R). The

throughput of HARQ-INR with power adaptation under an average decoding time constraint is thereby given
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Fig. 2. Throughput versus average decoding time E[7] of various protocols. The throughput of HARQ-INR and HARQ-INR with power
adaptation are computed using (131) and (138), respectively. The throughput of BRQ/BRQ-EMS is computed using (30) and for the EMS
protocols we use (107).

by
(T) = max R (138a)
'HARQ-INR-P ~ R>0 maxyso Jr(R)
s.t. max Jy(R) < T. (138b)
A>0

B. Assessment

We evaluate the proposed protocols by assuming Rayleigh block-fading, independent from slot to slot, i.e.,

the probability density of H is given by
1
Py (h) = fe*h/F. (139)

Fig. 2 depicts the throughput of various protocols as a function of average decoding time for average SNR equal
to 10 dB and 30 dB. We remark that the stair-step behavior of the throughput of HARQ-INR at SNR = 30 dB
origins because the probability distribution of C'(H ) becomes increasingly concentrated around Cq, as the SNR
increases. For high SNR, this implies that the average decoding time, and therefore also the throughput, has
a stair-step behavior when R grows linearly. It is seen that the throughput of all protocols tend to the ergodic
capacity as the allowed average decoding times are increased. We observe that BRQ and the EMS protocols
with finite feedback cost significantly outperforms both HARQ-INR and HARQ-INR with power adaptation in
terms of throughput. A particular interesting observation is that the proposed EMS protocols for finite feedback
cost achieves throughput that are very close to that of BRQ, even for the case f = 2. Our interpretation of this
is that the precise amount of additional information bits appended in each slot does not affect the throughput
significantly.

In Fig. 3, the throughput is plotted in terms of SNR for fixed average decoding time E[7]. Observe that the
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Fig. 3. Average throughput versus SNR of various protocols. The throughput of HARQ-INR and HARQ-INR with power adaptation are
computed using (131) and (138), respectively. The throughput of BRQ/BRQ-EMS is computed using (30) and for the EMS protocols we
use (107).

rate penalty of BRQ compared to the ergodic capacity is approximately constant throughout the range of SNR

values while the penalty of the remaining protocols increases for higher SNR.

VII. DISCUSSION AND CONCLUSIONS

The objective of this paper is to generalize and extend the BRQ protocol, proposed in [1], to a broader class
of communication strategies, termed expandable message space (EMS) protocols. EMS protocols are useful
when the CSI is only available after the transmission has taken place. The main novelty of EMS protocols is
the possibility of appending new information bits before previously transmitted data has been resolved. EMS
protocols thereby provides an elegant way to design communication protocols that approach the ergodic capacity
within a low average decoding time. In contrast to BRQ, EMS protocols in general also benefit from limited
feedback. Specifically, it has been shown that even ternary feedback is sufficient to achieve throughput close to
that of BRQ. This suggests that the main reason for the superior throughput of BRQ and EMS protocols is that,
compared to HARQ-type protocols with/without power adaptation, they only terminate a transmission when
the CSI is sufficiently good, whereas HARQ-INR terminates a transmission as soon as a sufficient amount of
information is accumulated. As a result, HARQ-INR protocol often collect a wasteful amount of information
which far surpasses the amount of unresolved information, leading to waste of resources.

Unlike most works in the field of HARQ, we have presented results for systems with an average decoding time
constraint as opposed to a strict decoding time constraint. Strict decoding time constraints lead to protocols with
a maximum transmission length. Such constraints are motivated by applications like streaming of multimedia
data, where data become useless after a certain amount of time. Despite this, there are many applications where
data is retransmitted at a packet level upon outage. In other words, a new transmission is initiated with the
same data — perhaps concatenated with data from new data arrivals. For such applications, a constraint on the

average decoding time is more applicable. Although strict decoding time constraints have not been considered,
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they are not ruled by the definition of EMS protocols. The time-dependent rate selection functions allows for
detailed modeling of the distribution of decoding times. An optimal EMS protocol with full delayed CSIT and a
constraint on outage probability instead of average decoding time can be computed using dynamic programming
in a manner similar to [10]. An interesting extension to this work is thus to consider a queuing-based system
model where data packets arrive at a certain rate A. In such a system, EMS protocols does not always have
data available for transmission as it is assumed in this work.

We have not treated the impact of the accuracy of the delayed CSI in our throughput comparisons. In the
conventional HARQ-INR protocol that rely on, possibly quantized, prior CSI to perform rate and/or power
adaptation, the accuracy of CSI has a significant impact on the throughput [2, pp. 209-213]. The main reason
for this is that the channel gains change from the time the CSI is estimated to the time the channel is used,
which can take a duration that spans multiple slots. This inaccuracy is largely eliminated by relying only on
delayed CSI. This follows because the receiver can make a much more precise estimate of the CSI after having
observed a time slot. For the EMS protocols, however, inaccurate delayed CSI implies that the transmitter cannot
precisely append the optimal amount of new information in each step. Our results for the EMS protocols with
finite feedback cost show that the precise amount of new information appended in each slot does not significantly
alter the achievable throughput. Therefore, we do not expect that the throughput of EMS protocols to suffer
significantly if the CSI is inaccurate.

Finally, we note that HARQ-INR have led to several composite protocols that use HARQ-INR as building
block. As previously discussed, two examples which are of relevance to this paper are [10] and [14]. One can
design similar composite protocols using the EMS protocols as building blocks. For example, the broadcast
approach to HARQ-INR proposed in [14] provides an approach combine multiple HARQ-INR instances that
run in parallel in multiple superposition coded layers. We can combine multilayered transmission and EMS
protocols similarly. One feasible approach is to divide each transmission into two layers: one with IR for the
previous slots and one with new information bits. One can then optimize over the distribution of power in
the two layers. In this way the decoder does not need to decode both the IR for previous slot and the new
information bits simultaneously. Hence, such protocols might lead to higher throughput than the present paper
report. One can also follow the approach taken in [10] and instantiate several instances of EMS protocols which

run in parallel in a TDMA fashion.
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APPENDIX |

PROOF OF LEMMA 1 (STRONG CONVERSE)

Fix an EMS protocol defined by {7}, {r'™}, {v,}, {£™}, and {g\™}. The EMS protocol induces a
probability distribution on (X", Y™, H™) given by Pyrn x g . To simplify notation, we condition on

H®> = h™> throughout the proof and define the probability distribution P on (X™,Y™) by
ﬁ[] = P[-|H> = h™]. (140)
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Since the stopping time and rate selection functions depend only on the channel realizations, conditioning
on H> = h® implies that {7,} and {RE”)} are deterministic sequences. The probability distribution of the

channel outputs at the tth slot is

n

Py,x, (y]x) £ H e —3 i Vi), (141)
1

Since 7 < oo, the limit lim,,_,, 7, = 7 exists and implies that there exist positive integers N and ngy such
that 7,, < N for all n > ng. Therefore, we have?

Tn

. (n) N — T ) |
A ke{{}i‘fﬂ];(& C(hs)) = lim_ kemzjivx+1]§ 1{i < 7} (R — C(hy)) (142)
= < P .
keﬁl:?vx-s-l] Z: i < 7} (R = C(hi)) (143)
= max U ,(h")>0. (144)
ke[l:m4+1]

The last inequality follows from the condition supy¢.,| Uk, (A7) > 0. This implies that there exist a positive
integer n;, a positive constant v, and a sequence of integers {k,}52,, with k,, € [1:7,] such that

i (R — C(h:)) > 2y (145)

i=kn,
for all n > n;.
To proceed, we prove a straightforward variation of the converse by Verdd and Han [30]. To state the result,
we shall define the information density for ¢ € [1:7,] as follows

= [T Py x, (vilxi)

log,
PYT"|Xt Ly Xt 1)

z(xt syt x™ y™ e R"n, (146)

Lemma 5: Under the above definitions, the following holds for every n

X < SR - v] g (147)

P[£,] > max P[z(XI’L;YT’L
k=t

te(limy] n

where 7 > 0 is an arbitrary constant.

Proof: The proof closely follows those found in [30, Th. 4] or [31, Lemma 3.2.2]. The encoder functions
(F o ) generates M, 2 2["EZT codewords which we denote by {u(i )}M= | where u(i) € R"™. Note
that Px: (u'(i)) = 2~ nB" for i € [1:M,,] and t € [0:7,] (recall that R(n) = 0). The decoder function gﬁ’j)()
defines disjoint decoding regions {D;}" such that D; C R"™ and UM" D; = R"™. Set 32 27" and note

that

Tn —1 )

1Z(XT" yT"|Xt71) _ llog PXZﬂlY:TL’XLl(
n £ n 2 PX:n‘Xt—l(Xt"|Xt 1)

ki n 1 = T <, T -
ZRé )+ n logy Px 7y 7o xe-1 (%" |y, x' b (148)

2We use the convention that Zg;jl a; = 0 for all a; and for all integers j.
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The last equality follows because

log, ﬁx:n jxt-1 (X" Ix'™1) = logy Pxn (x™) — logy Pxe—1(x' 1) (149)
= —nR™ + R (150)
=-n> R". (151)

k=t

Consequently, we have

1. . . B Tn . o ) ) i
P[”Z(th;Ytn X l) <3 A _7] - P{PXInwzn,xm(Xt"IYt",Xt h < 6} . (152)
k=t
Define
Bi = {y™ € R™™ : Pagn e xes (u" ()y7 w1 (0)) < B (153)

We obtain a lower bound on P[£,] through the following chain of inequalities

|1 N n
P li(X{";YZ" XH) <> R - 7]
n k=t
My,
= PX"’n Y™ [u(i), Bl] (]54)
=1
M, My,
= Pxeu e [u(), B N DE| + 3 Py [u(i), B 1 D) (155)
=1 i=1
1 M’Vl
_ -
< n ™n ;
- Mn i=1 PY ‘X (DZ |U(Z))
A{n o o
+ Z / PYT" Xt—1 (yT" , util(i)) PX;’n Y7 xt-1 (u:" (Z.)|y27;" R util(i)) dyT" (156)
i=1 B;ND;
— A{” —
<PEN+ 8D Pyr xe—1 (BN Dy, u (i) (157)
=1
My,
<PE]+ B Pyrn xe—1 (Di,u' (i) (158)
i=1
< P[&,] + B. (159)

Here, (154) follows from (152) and (153), (156) follows because B; N DE - DE, because Pxx Y™ can be
factorized as ﬁYT",XFlﬁX:n iy7e x5 (157) follows from (153); and finally, (159) follows because {D;} M
are disjoint sets. Since (159) holds for ¢ € [1:7,,], we have established (147). [ |

By Lemma 5 and (145), we have for all n > ny

o |1 _ Tn n
Pl 2P| —i(Xp s YE [XE 1) < 30 RV -] 27 (160)
" vy
D 1 T, T Ep— - —n
>P EZ(XI—CZ;YEZ X 1) < Z C(hy) +~| —27™. (161)
k=k,
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Next, by using the techniques in the proof of [31, Th. 3.7.4] to analyze the first term in (161), we find that
. 5|1 . T T
lim P[z(xk“;Yk" =1, (162)
n V1 “n

n— oo

x’_"”_l) < iC(hk) +v
k=t

Using (162) in (161), we find that lim,,_,~ P[£,] = 1 as desired.

APPENDIX I

PROOF OF LEMMA 2 (ACHIEVABILITY)

Define the random variable U,, € U,, £ R™ x R™ x R" x --- by the probability distribution
Py, = Pp X Pp X Py X -+ (163)

where P,, denotes probability density of \/ﬁfi/Hf( , where X ~ N (0,1,), i.e., P, denotes the uniform

distribution on the n-dimensional sphere with radius \/n. We use one realization of U,, to generate the encoder

and decoder functions. Then, we show that the conditional probability of error averaged over U,, {Z:}:°,,

(n)

and H* given that maxyc[y.r,] U, 7,

(H*) < —c¢, tends to zero. Invoking the random coding argument then
enables us to show that there must be at least one realization of U,, for each n such that the probability of
error tends to zero as n — oo. Let the ith entry of u € U, be denoted by u(i) € R™. By countability of N2,
there exists a bijection between N? and N defined by the mapping 2 : N2 — N. The encoder functions ") for

n,t’

r € Ry, are then defined in terms of u € U,, as

len(b)
£ (u,b) = u(z <t, 1+ > bi2i‘1>> (164)

i=1
for every b € B, where b; is the ith entry of b and len(-) denotes the length of a vector. The inner sum
in (164) is a binary-to-integer conversion that converts the information bit vector b into an integer-valued
index in the range [1:2len(b)]. Based on the above construction of the encoder, we have that (recall that

nR{MVT _

Bll— _(Blv"'aB"nREﬂ)]))

A (n)
X, = f" (Un, Bt 7) ‘ (165)

In order to keep notation simple, we define for b € {0, 1}[nR§,")1 and j,t €N, j <t
o(n n nR(™ n nR(™
X" (u,b) 2 [fg ><u,b£ & 1) S S ><u,b§ K 1)] (166)

Let ¢, £ ¢, /2. For every y*, we define the threshold-based decoding functions as follows:

9™ (u,yt, HY)
b if 3b e {0,13R") st V) € [1:4] - i(x(f?(u,b); yt|Hf) >n Yt R 4 ng,

J

(167)
[J, otherwise.

Here, [] is the vector of length which indicates an error and we have defined the “mismatched” information
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density [32]

i [ v
2(h+1)log(2) 21og(2)

We note that E[i(X;; Y| H:)|H; = h] = nC(h) and by using the same arguments as in [32], we find that

i(x;y|h) £ nC(h) +

(168)

1 .
Valh) 2 —Varli(Xe; Yol Hy) | Hy = A

nosg h(h + 2)2 (169)
2(h +1)21og=(2)
1
= 21og*(2) (70
Ly 171)

Thus, for sufficiently large n, we have that V,,(h) < 2V for all h € R;..
It remains to analyze the probability of error. To do so, we rely on the technique used to prove Shannon’s
achievability bound in [33, Th. 17.1]. Assume, without loss of generality, that B; = 0 for ¢ € N. We define the

“outage” events as follows

AL {(XE}(U 0);Y7" H;")<an,§")+ngn}7 j €Ll (172)

k=j

Here, 0 denotes the all-zero vector (we omit specifying the length to keep notation simple). The “confusion”

events are similarly defined by
B2 () iR @b YU = 0 Y B g a7)
JE[L:Tn] k=j
where b € {0, 1}["R 1 . Here, A; is the event that the information density of the correct codeword does not
exceed the threshold while B(-) is the event that the information density of an incorrect codeword does exceed
the threshold. Define the (random) set of information bit vectors for k € [1:7,]

o R )
B 2 {b e {0.1)"A Ty 0 2 0], (174)

We also define B, ;1 = (). Here, we let R(") = 0 such that B; is the set of all binary vectors of length
R except the all-zero vector 0. Note that |Bj,| = 2/™(Es+++E~)1 _ | and that X(n) (Un,b) and Y]"

are conditionally independent for every b € By given B{°® = 0 and H°. Define the error event

£ (Uy) 2 { (U, YT, H™) # B"Fm ] } (175)

Tn

Then, we obtain the following probability of error

P[&,(Un) ’Ftn}

- p[sn(m :o,ﬂrzn} (176)

_p UAkUUB ) B> =0,#, 177
beB;
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BOO = O’f}:ln = 077:£TL . (178)

+P| | B(®)|B

beB;

SF’[O Ay

k=1

Here, (176) follows from the symmetry of the EMS protocol, (177) follows from (167), (172), and (173); and
(178) follows from the union bound. Next, we upper-bound each of the two terms in (178) separately. For the

first term, we use the law of total expectation and the union bound to obtain

{0

—E ip 11 (XY <ZR(”)+Cn
=k

= O,HW] |Hn] (179)

H> ‘Hn . (180)

n)

For all h*® such that maxjep.r, ] u,(CyTn(hT") < —cy, we upper-bound the inner probability in (180) for

sufficiently large n using Chebyshev’s inequality as follows

1 I [ 2 k41
P|=i(Xp s Y [H) < DR 4 G| H® = h* | <E - VT k+(n)) H>® = h“] (181)
" j=k _n(Zjlk[C(Hj) - Rj ] - Cn)Q
2V (1 — K+ 1)
S TCRTE ] (152
T
_g|3V( f )| o — h“] (183)
ne2
< 8V§”. (184)
nc

Here, (181) follows from Chebyshev’s inequality, from E[i(X¢; Y¢|H)|H:] = nC(H;), and from (171); (182)

follows from maxye(1.r,] ul,(C m) (h™) < —cp; and (184) follows from 7 < 7,,. As a result of (180) and (184),

b T'n,

we have
" o . T8V T, | 872V
P[UAICB :0,7—(4 <E ZW ’Hn] gﬁ. (185)
k=1 k=1
Next, the second term in (178) is upper-bounded as follows
U B(b)|B> =07,
beB;
—E|P U B(b)|B® =0,H>®| |H, (186)
L |peB:
=E|P [U U N { (X0, (UB): Yy ) =0y Ry +ncn} B :O7H°°1 ﬁnl (187)
L Lj=1beB;\B;4+1 q€[1:1] k=q
<E [U U {i(iglr)n(U,B);Y;”) > HZR(") +n4n} = O,HO"] Hnl (188)
L Li=1beB;\B)1 =j
<E ZQ[an R(™] Pl( < an ) > nZRI(gn) +nCa Hoo] ‘Hn (189)
Li=1 k=j
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S [innZ£n7R<n)]2 (nz;c—n R( +7L<n) (190)

l 2 nC,,L+1‘| (191)
nc,,/2+1

(192)

Here, (186) follows from the law of total expectation; (187) follows from (173) and (174); (188) follows

from the union bound and because |B;| = (2r”221.7‘ Rel _

1); (189) follows by defining the random variables
{X;}$, independently according to the probability distribution ,, such that they are independent of {X;}2;

and {Z;}2,; finally, (190) follows from [33, Cor. 17.1]. Consequently, we have shown that

P[En(Un) ’Hn} < Fp27nen /24 5T, 2V (193)
ne2
Therefore, it follows that there exists a deterministic sequence {u}}52 ; such that
_ 872V
P {Sn(u;;) ’Hn] < mpanen/21 g 2t (194)
ne?
Define
Pminn = min_ P[r, =t[H,]. (195)
te[1:7,]:
Plrn=t|H,]>0
The condition in (23) implies that pmyin, > ¢p for all sufficiently large n and therefore we have
lim max [ [é’n(u:L) Ho, Tn = t}
n—00  te[lity,]:
P[Tn:t\’i-z”]>0
1 _ _
< lim — S Plr =t P[gn(u;;) Ho, T = t} (196)
77700 Pmin,n te[Limn]:
Plrn=t|Hn]|>0
1 _
< lim —P[é‘n(u;) n] (197)
n—oo gn
1
< lim — <%n2”c"/2“ i 2V> (198)
n—oo gy, nc
=0. (199)

Here, (197) follows from (23) and the law of total probability. The last equality follows from (21), from the

upper bound e® < 1/(1 — x + 22 /2) which holds for x < 0, and because 7, is a nondecreasing sequence.

REFERENCES

[1] P. Popovski, “Delayed channel state information: Incremental redundancy with backtrack retransmission,” in Proc. IEEE ICC, Jun.
2014.

[2] D. Tse and P. Viswanath, Fundamentals of Wireless Communication. New York: Cambridge Univ. Press, 2005.

[3] G. Caire and D. Tuninetti, “The throughput of hybrid-ARQ protocols for the Gaussian collision channel,” IEEE Trans. Inf. Theory,
vol. 47, no. 5, pp. 1971-1988, Jul. 2001.

[4] R. Wolff, Stochastic modeling and the theory of queues. New York: Prentice Hall, 1989.

[5] M. Zorzi and R. R. Rao, “On the use of renewal theory in the analysis of ARQ protocols,” IEEE Trans. Commun., vol. 44, no. 9,
pp. 1077-1081, sep 1996.

November 15, 2016 DRAFT



[6]

[8]

[9]
[10]
(11]
[12]
(13]
[14]
[15]
[16]
[17]
(18]
[19]
[20]
[21]
[22]
(23]
[24]
[25]
[26]
[27]
[28]
[29]
[30]
[31]

[32]

[33]

34

D. Tuninetti, “Transmitter channel state information and repetition protocols in block fading channels,” in Proc. IEEE Inf. Theory
Workshop (ITW), Lake Tahoe, Sep. 2007, pp. 505-510.

——, “On the benefits of partial channel state information for repetition protocols in block fading channels,” IEEE Trans. Inf. Theory,
vol. 57, no. 8, pp. 5036-5053, Aug. 2011.

L. Szczecinski, C. Correa, and L. Ahumada, “Variable-rate retransmissions for incremental redundancy hybrid ARQ,” Feb. 2012.
[Online]. Available: https://arxiv.org/pdf/1207.0229.pdf

S. M. Kim, W. Choi, T. W. Ban, and D. K. Sung, “Optimal rate adaptation for hybrid ARQ in time-correlated Rayleigh fading
channels,” IEEE Trans. Wireless Commun., vol. 10, no. 3, pp. 968-979, Mar. 2011.

L. Szczecinski, S. R. Khosravirad, P. Duhamel, and M. Rahman, “Rate allocation and adaptation for incremental redundancy truncated
HARQ),” IEEE Trans. Commun., vol. 61, no. 6, pp. 2580-2590, Jun. 2013.

M. Jabi, A. E. Hamss, L. Szczecinski, and P. Piantanida, “Multipacket hybrid ARQ: Closing gap to the ergodic capacity,” IEEE Trans.
Commun., vol. 63, no. 12, pp. 5191-5205, Dec. 2015.

M. Jabi, L. Szczecinski, M. Benjillali, and F. Labeau, “Outage minimization via power adaptation and allocation in truncated hybrid
ARQ,” IEEE Trans. Commun., vol. 63, no. 3, pp. 711-723, Mar. 2015.

S. Shamai, “A broadcast strategy for the Gaussian slowly fading channel,” in Proc. IEEE Int. Symp. Inf. Theory (ISIT), Jun. 1997,
pp. 150-154.

A. Steiner and S. Shamai, “Multi-layer broadcasting hybrid-ARQ strategies for block fading channels,” IEEE Trans. Wireless Commun.,
vol. 7, no. 7, pp. 2640-2650, Jul. 2008.

M. A. Maddah-Ali and D. Tse, “Completely stale transmitter channel state information is still very useful,” IEEE Trans. Inf. Theory,
vol. 58, no. 7, pp. 4418-4431, jul 2012.

G. Cocco, D. Gunduz, and C. Ibars, “Streaming transmission over block fading channels with delay constraint,” IEEE Trans. Wireless
Commun., vol. 12, no. 9, pp. 43154327, Sep. 2013.

A. Khisti and S. Draper, “The streaming-DMT of fading channels,” IEEE Trans. Inf. Theory, vol. 60, no. 11, pp. 7058-7072, Nov.
2014.

C. Hausl and A. Chindapol, “Hybrid ARQ with cross-packet channel coding,” IEEE Commun. Lett., vol. 11, no. 5, pp. 434-436,
May 2007.

J. Chui and A. Chindapol, “Design of cross-packet channel coding with low-density parity-check codes,” in Proc. IEEE Information
Theory Workshop on Information Theory for Wireless Networks, Jul. 2007, pp. 1-5.

Y. Polyanskiy, H. V. Poor, and S. Verdd, “Channel coding rate in the finite blocklength regime,” IEEE Trans. Inf. Theory, vol. 56,
no. 5, pp. 2307-2359, May 2010.

K. Trillingsgaard and P. Popovski, “Block-fading channels with delayed CSIT at finite blocklength,” in Proc. IEEE Int. Symp. Inf.
Theory (ISIT), Jun. 2014, pp. 2062-2066.

K. D. Nguyen, R. Timo, and L. K. Rasmussen, “Causal-CSIT rate adaptation for block-fading channels,” in Proc. IEEE Int. Symp.
Inf. Theory (ISIT), Jun. 2015, pp. 351-355.

A. Goldsmith, Wireless Communications. New York, NY, USA: Cambridge Univ. Press, 2005.

E. Dahlman, S. Parval, and J. Skold, 4G LTE/LTE-Advanced for Mobile Broadband. Academic: New York, 2014.

P. Billingsley, Probability and Measure, Anniversary Ed. Hoboken, NJ, USA: Wiley, 2012.

S. Verdu and S. Shamai, “Variable-rate channel capacity,” IEEE Trans. Inf. Theory, vol. 56, no. 6, pp. 2651-2667, Jun. 2010.

S. M. Ross, Introduction to Stochastic Dynamic Programming. New York, NY, USA: Academic Press, 1995.

S. Boyd and L. Vandenberghe, Convex Optimization. New York: Cambridge Univ. Press, 2004.

S. Rahbar and E. Hashemizadeh, “A computational approach to the Fredholm integral equation of the second kind,” in Proc. World
Congress on Engineering, jul 2008.

S. Verdu and T. S. Han, “A general formula for channel capacity,” IEEE Trans. Inf. Theory, vol. 40, no. 4, pp. 1147-1157, Jul. 1994.
T. S. Han, Information Spectrum Methods in Information Theory. Berlin: Springer-Verlag, 2003.

J. Scarlett, V. Y. F. Tan, and G. Durisi, “The dispersion of nearest-neighbor decoding for additive non-Gaussian channels,” in Proc.
IEEE Int. Symp. Inf. Theory (ISIT), Jul. 2016, pp. 2664-2668.

Y. Polyanskiy and Y. Wu, “Lecture notes on information theory,” Jun. 2016.

November 15, 2016 DRAFT



