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VI. C ONCLUSION
We have proposed an MC method for OFDM-based broadcast
services, where cells are divided into three CGs, an OFDM-symbol
block is partitioned into multiple subblocks, and a combination of a
CG and an antenna is assigned to each subblock for the transmission
of two TD code branches. For the proposed method, the uncoded BER
and the upper bound on the PEP are derived to predict the performance
without lengthy simulations. With the analytically derived results,
we can choose the proper CG and antenna-assignment rule for the
proposed method. Simulation results also reveal that the proposed
method can uniformly improve the cell-boundary performance and
double the cell coverage at the same power budget without a significant
increase in complexity. Thus, the proposed method can be a feasible
solution to providing a higher data rate of broadcast and multicast
services in the cellular networks. In future work, it will be interesting to
investigate the performance of the proposed and conventional methods
using a practical channel-estimation method.
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Abstract—In this paper, we introduce a fractional retransmission (FR)
scheme to optimize the performance of a truncated automatic repeat
request (ARQ) error control mechanism for transmission over wireless
fading channels. For data and real-time traffic packets, we derive the
explicit expressions of the average packet loss rate and find the optimal
retransmission limit. Simulation results demonstrate that the FR scheme
can minimize the packet loss rate.
Index Terms—Automatic repeat request (ARQ), fading channel, fractional retransmission (FR), M/M/1/K, optimal retransmission limit.

I. I NTRODUCTION
Automatic repeat request (ARQ) is a well-known technique for
reliable data transmission, which is particularly preferable for wireless link with burst transmission errors. In ARQ, a sender retries
a failed transmission until the transmission is successful or up to
a predefined retransmission limit. Unlike forward error correction,
ARQ with an infinite retransmission limit cannot bound the transmission latency, which is an important constraint for real-time (RT)
traffic transmissions. Therefore, a finite number of retransmissions
is typically employed for ARQ, and it is referred to as a truncated
ARQ scheme.
The retransmission limit M has a significant impact on the performance of the truncated ARQ scheme. If M is large, the packet loss rate
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due to transmission errors can be reduced. However, a large value of
M increases the waiting time for packet transmissions, and therefore,
it can lead to higher buffer overflow. On the other hand, for a small
value of M , the possibility of buffer overflow is not significant, but
more packets will be lost due to transmission errors. Consequently, it is
important to seek an optimal retransmission limit to minimize the total
packet loss rate due to both transmission errors and buffer overflows.
In the literature, there have been some research works on the analysis of the optimal retransmission limit in the truncated ARQ scheme
and its adaptive application. Vacirca et al. [1] investigated the optimal
choice for ARQ to improve the transmission control protocol (TCP)
performance over wireless links. Shen et al. [2] analyzed the effect of
the retransmission limit on the TCP-friendly rate control performance
over wireless links. Li and Schaar [3] proposed a retransmission
limit adaptation scheme for adaptive quality of service provisioning
to layered coded video in wireless local area networks. Issariyakul
and Hossain [4] classified ARQ schemes and analyzed their performance in multihop wireless networks. Chatterjee et al. [5] studied
the optimal medium access control (MAC) layer retransmission limit
in code division multiple access systems employing both MAC layer
retransmission and radio link protocol.
All the aforementioned works use an integer value as an optimal
retransmission limit. A concept of fractional threshold has been
introduced for location management [6] and call admission control
[7]. Fractional threshold uses a real number to achieve the optimal performance. In this paper, we propose a fractional retransmission (FR)
scheme to enhance the packet loss performance in the truncated ARQ
scheme over wireless fading channels. In the FR scheme, a sender
maintains a retransmission limit as a real number M ∗ = n + α,
where n is an integer, and 0 ≤ α < 1. The sender retransmits an
unsuccessful packet up to n times. If the packet also fails at the
nth attempt, the sender retransmits the packet with probability α at
the (n + 1)th attempt and drops the packet with probability 1 − α.
Simulation results demonstrate that the performance of the truncated
ARQ can be optimized by adopting the FR scheme. Our main
contributions are two-fold. First, we obtain explicit expressions of
the packet loss rates for both data and RT traffic packets and derive
the optimal retransmission limit. Second, the proposed FR scheme
can minimize the packet loss rate over wireless fading channels with
minimal implementation overhead.
The remainder of this paper is organized as follows: Section II
describes the system model. By using a discrete-time M/M/1/K
queue, the optimal retransmission limit is derived, and the FR scheme
is presented in Section III. Simulation results are given in Section IV,
followed by concluding remarks in Section V.
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Finite-state Markov processes have been widely used to model
Rayleigh fading channels at the packet level because of their mathematical tractability [8]. Therefore, we employ a two-state, i.e., bad
and good, Markov chain to model the wireless fading channel, where
time is slotted with a fixed duration D that includes the packet
transmission and feedback reception times. In the good state, a packet
is successfully transmitted, whereas a packet transmission fails in the
bad state. The transition probabilities of these states are given by the
following matrix:


P=

We consider a downlink transmission over a wireless Rayleigh
fading channel. The base station (BS) has a first-in–first-out buffer with
a finite size B − 1. Packets arrive according to a Poisson distribution
with rate λ, which is independent from transmission errors. A timeslotted truncated ARQ scheme is employed for packet transmission,
where, at most, one packet can be transmitted during a time slot of
length D. If the buffer is empty, an arriving packet is immediately
transmitted. On the other hand, if the buffer is full when a packet
arrives, the packet is lost due to overflow. If a packet transmission
fails at a given time slot, the packet is retransmitted at the next
time slot, but the maximum number of retransmissions is bounded by
M − 1. In short, a packet is removed from the BS buffer after being
successfully delivered or after M transmission attempts (including the
first transmission). Since the feedback message is usually short and
well protected, it is assumed error free.

pbg
pgg


(1)

where pxy is the transition probability from state x ∈ {b, g} to state
y ∈ {b, g}. Given an average error rate πb , which is defined as the
ratio of the number of erroneous packets to the total number of sent
packets, and a burst length lB , which is defined as the average length
of consecutive packet losses, the transition probabilities can be easily
computed. The derivation of the fading parameters lB and πb from a
low level channel error process is beyond the scope of this paper.
III. FR S CHEME
In this section, we first derive the optimal retransmission limit for
data and RT packets. Subsequently, the FR scheme is proposed.
A. Optimal Retransmission Limit
We use a discrete-time M/M/1/K queue to derive the optimal
retransmission limit, where the system size is B. Let λB and µB (M )
be the arrival and service rates in a time slot when the retransmission
limit is M − 1, respectively. The probability that a packet transmission
is successful at the ith transmission attempt (2 ≤ i < M ) when the
channel state at the last transmission of the previous packet is g is given
i−2
i−1
pbg . On the other hand, pbb
pbg is the probability that a
by pgb pbb
packet transmission is successful at the ith transmission attempt (1 ≤
i < M ) when the channel state at the last transmission of the previous
packet is b. pgb pbb M −2 and pbb pbb M −2 represent the probabilities that
the M th transmission is attempted (either success or failure) when
the previous packet transmissions succeeded and failed, respectively.
Then, the average service time 1/µB (M ) (in numbers of time slots)
can be computed as



1
= (1 − πb ) pgg + 2pgb pbg + 3pgb pbb pbg + · · ·
µb (M )
+ (M − 1)pgb pbb M −3 pbg + M pgb pbb M −2



II. S YSTEM M ODEL

pbb
pgb



+ πb pbg + 2pbb pbg + 3pbb pbb pbg + · · · + (M − 1)
× pbb pbb M −3 pbg + M pbb pbb M −2



= (1 − πb ) 1 +


+ πb

pgb (1 − pbb M −1 )
1 − pbb

1 − pbb M −1
+ pbb M −1
1 − pbb






(2)

where the first and second terms on the right-hand side represent the
average service times when the previous packet is successfully transmitted and when the previous packet is dropped due to transmission
errors, respectively.
The packet loss rate due to buffer overflow is given by [9]
O(M ) =

(1 − ρB (M )) ρB (M )B
1 − ρB (M )B+1
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where ρB (M ) = λB /µB (M ). On the other hand, a packet is lost if
the channel state remains in the bad state for M time slots. Therefore,
the packet loss rate due to transmission error is given by
E(M ) = πb pbb M −1 .

(4)

For a data packet, it can be lost due to either buffer overflow or
transmission error. Therefore, the total loss rate of a data packet can be
expressed as
L(M ) = O(M ) + (1 − O(M )) E(M ).

(5)

On the other hand, if the total processing delay (including waiting
and service times) of an arrived RT packet exceeds a predefined delay
bound, the packet will be useless with respect to applications and
discarded. Let qn be the probability that an arriving packet finds n
packets in the system, i.e.,
1
qn =
1 − O(M )



(1 − ρB (M )) ρB (M )n
1 − ρB (M )B+1


.

Fig. 1.

FR scheme.

Fig. 2.

Optimal retransmission limit (M AX = 10).

(6)

Let T be the total processing latency in the M/M/1/K queue. Then,
the cumulative distribution function (CDF) of T can be defined as







B−1

Pr(T ≤ t) = q0 · 1 − e−µ(M )t +

qn

n=1

· Pr ((n + 1) packets are serviced within t|n packets)

(7)

where 1 − e−µ(M )t is the CDF of the arriving packet’s service time.
In the M/M/1/K queue, the service time follows an exponential
distribution with rate µ(M ), so that the service time of (n + 1) packets
(including the arriving packet) follows an (n + 1)-stage Erlangian
distribution. Therefore, (7) can be rewritten as




 B−1

q0 · 1 − e−µ(M )t +

t
qn ·

n=1

µ(M ) (µ(M )x)n −µ(M )x
e
dx.
n!

(8)

0

After some manipulation, Pr(T ≤ t) can be derived as [9]



Pr(T ≤ t) = q0 · 1 − e−µ(M )t





B−1

+

n=1

 (µ(M )t)i e−µ(M )t
n

qn ·

1−

i=0

i!

.

(9)

Let δ be the predefined delay bound for an RT packet, which is
determined by the application requirements. Then, the packet loss rate
due to delay outage is given by
D(M ) = Pr(T > δ) = 1 − Pr(T ≤ δ).

(10)

Consequently, the total loss rate of an RT packet can be computed as
L(M ) = O(M ) + (1 − O(M )) E(M )
+ (1 − O(M )) (1 − E(M )) D(M ).

(11)

Obviously, O(M ) and D(M ) are increasing functions of M , whereas
E(M ) is a decreasing function of M . Depending on the selected
parameters (system size B, delay bound for an RT packet δ, and chan-

nel state transition matrix P), L(M ) can be an increasing, decreasing,
or convex function. If L(M ) is an increasing or decreasing function,
the optimal retransmission limit M ∗ is determined by 1 (i.e., the lower
bound) or a maximum feasible value for retransmission (i.e., the upper
bound). On the other hand, if L(M ) is a convex function of M , the
optimal retransmission limit M ∗ satisfies (∂L(M )/∂M )|M =M ∗ = 0.
Accordingly, M ∗ can be obtained from a binary search algorithm
shown in Algorithm 1, which is similar to that in [6]. Initially,
let Lef t = 1 and Right = M AX, which are the left and right
endpoints of the search interval [Lef t, Right]. M AX is the maximum number of retransmission. If (∂L(M )/∂M )|M =Lef t (∂L(M )/
∂M )|M =Right > 0, L(M ) is an increasing or decreasing function of
M , and therefore, M ∗ is determined by Lef t (increasing function)
or Right (decreasing function). Otherwise, it is evaluated based
on whether ∂L(M )/∂M is less than a sufficiently small value 
when M is equal to K = (Lef t + Right)/2. If the evaluation result is positive, M ∗ is given by K, and this algorithm is terminated. On the other hand, if (∂L(M )/∂M )|M =K is larger than ,
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TABLE I
TOTAL PACKET LOSS RATE: DATA PACKET (B = 10, A: ANALYTICAL RESULTS, S: SIMULATION RESULTS)

TABLE II
TOTAL PACKET LOSS RATE: RT PACKET (B = 10 AND δ = 10)

(∂L(M )/∂M )|M =K (∂L(M )/∂M )|M =Right is tested. If this value
is larger than 0, M ∗ exists in [Lef t, K], and thus, Right is set to K;
otherwise, M ∗ exists in [K, Right], and Lef t is set to K. After that,
K is set to (Lef t + Right)/2, and the previous evaluation is repeated
until (∂L(M )/∂M )|M =K converges to a value less than .
Algorithm 1 Determination of M ∗
Lef t ← 1; Right ← M AX;
if (∂L(M )/∂M )|M =Lef t (∂L(M )/∂M )|M =Right > 0 then
if L(M )|M =Lef t < L(M )|M =Right then
M ∗ ← Lef t;
else
M ∗ ← Right;
end if
end if
K ← (Lef t + Right)/2;
while (∂L(M )/∂M )|M =K >  do
if (∂L(M )/∂M )|M =K (∂L(M )/∂M )|M =Right > 0 then
Right ← K;
else
Lef t ← K;
end if
K ← (Lef t + Right)/2;
end while
M ∗ ← K.
B. FR Scheme
Fig. 1 shows the flowchart of the FR scheme. Let M ∗ = n + α,
where n is an integer, and 0 ≤ α < 1. If the counter for a packet
transmission is less than n, the packet is repeatedly transmitted until it
is successfully transmitted. When the counter is equal to n, a random
number R is chosen in [0,1). If R is equal to or less than α, the
(n + 1)th transmission for the packet is conducted; otherwise, the
packet transmission fails, and the packet is dropped from the BS buffer.
When the packet is successfully transmitted or is dropped, the counter
is reset, and the next packet is dispatched.
IV. S IMULATION R ESULT
We compare the performance of the FR scheme with floor and
ceiling function-based schemes via simulations.1 In the simulation,
the following two channel profiles are used: 1) πb = 0.01 and lB = 5
and 2) πb = 0.1 and lB = 5. The arrival rate λB in a given time
slot is 0.8.
Fig. 2 shows the optimal retransmission limit M ∗ for data and RT
packets. In the ARQ scheme, the packet loss rate due to transmission
errors can be significantly lowered by means of retransmissions.
1 The floor and ceiling functions of a real number x return the largest integer
less than or equal to x and the smallest integer not less than x, respectively.

Hence, reducing buffer overflow has a dominant effect on the total
packet loss rate. Consequently, even though πb increases, only few
retransmissions are permitted to keep the buffer overflow at a low
level. Therefore, M ∗ decreases as πb increases. If B is large, the
packet loss due to buffer overflow is not significant, and thus, more
transmissions can be made without any concern about buffer overflow.
Therefore, for data packets, a larger retransmission limit is allowed
when the buffer size is large (i.e., B = 20). It can be seen that the
optimal retransmission limit is also high when the delay bound δ for
RT packets is high. This is because RT packets are less sensitive to
transmission latency if δ is large.
As shown in Tables I and II, the gain of the FR scheme is not
apparent when the transmission error rate is low (i.e., πb = 0.01).
This is because most transmission errors can be recovered by a small
number of retransmissions in such situation. On the other hand, if
the transmission error rate is high (i.e., πb = 0.1), it is possible to
reduce the total packet loss rate by adopting the FR scheme. In short,
the FR scheme can further reduce the total packet loss rate with
comparable implementation overhead as the floor and ceiling functionbased schemes.
V. C ONCLUSION
In this paper, we have derived the optimal retransmission limit for
data and RT packets in the truncated ARQ scheme over wireless fading
channels. In addition, we have proposed an FR scheme to optimize
the performance of the truncated ARQ. Simulation results demonstrate
that the FR scheme can reduce the packet loss rates for both data and
RT packets compared with integer-value-based adaptive schemes.
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