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Abstract—As far as transfer reliability is concerned,
the wireless segment of UTRAN is the weakest part of
an Internet session. To overcome this imperfection, the
RLC protocol features a link-level retransmission mech-
anism. In this paper, we show by analytical means and
computer simulations that for a given Block Error Rate
(BLER), the maximum number of RLC transmissions
has a very important impact on TCP performance,
both Round Trip Time (RTT) and throughput. We
extend the link level Automatic Repeat Request model
proposed by Peisa et al. (2001) to be able to set a
maximum number of RLC transmissions, and with the
help of Padhye’s TCP throughput model (2000), we
determine the corresponding throughput analytically.
We also show that, knowing the current BLER, a
network operator may tune the maximum number of
retransmissions either to reduce the RTT or to increase
the throughput.

I. Introduction

RLC recovery is a local retransmission mechanism de-
signed to partially overcome the imperfection of the wire-
less segment in the UTRAN [1]. It is based on the buffering
of the Protocol Data Units (PDU) at the transmit end of
the wireless link, coupled with a local retransmission mech-
anism between the User Equipment (UE) and the Radio
Network Controller (RNC). Using the RLC Acknowledged
Mode (AM), this mechanism lets the RNC know whether
a RLC PDU has been received correctly or not. In case
of loss or erroneous transmission of a PDU, the RNC has
the ability to retransmit it locally, making TCP unaware
of the loss from an end-to-end perspective.

The parameters of the RLC (buffer size, number of
retransmissions) are of uttermost importance to achieve
good performance. Usually, these are operator-specific.
In [2], the impact of the buffer size has been investi-
gated. It has been shown that a small RLC buffer size
has negative effects on the TCP throughput, though the
simulation parameters supposed an unlimited number of
RLC retransmissions.

The purpose of the current paper is to address the
setting of the number of local retransmissions. Indeed,
a limited number of retransmissions is likely to lead to
a TCP packet loss at the receiver’s side due to the
unability to recover from the PDU loss. As a result, the
TCP sender would reduce its congestion window, and

the transmission throughput would decrease, despite the
loss could possibly have been recovered with a single
additional PDU retransmission. On the other hand, too
many retransmissions would lead to a TCP timeout, and
therefore the retransmission of PDUs from a duplicated
TCP packet. Hence, determining the optimum number of
local retransmissions from the circumstances, e.g. channel
quality as measured by the PDU error rate, is a meaningful
task.

In this paper, we will show to which extend the maxi-
mum number of RLC retransmissions is determining the
TCP performance in terms of RTT and throughput. The
study will be performed by means of analytical develop-
ments, validated by computer simulations.

II. Description of the investigated scenario

We are considering the scenario illustrated on Fig. 1:
one user is downloading a file using FTP from his/her UE,
where the wireless link is affected by errors measured by
the RLC PDU Block Error Rate (BLER). Errors on the
wireless link are assumed to be uncorrelated. On the other
hand, the rest of the connection, from the server down to
the RNC, is regarded as error-free.

Fig. 1. Scenario

We assume that every TCP segment is split into N RLC
PDUs,

N =

⌈

TCP Segment size

RLC PDU size

⌉

, (1)

with dxe standing for the smallest integer greater than or
equal to x. Moreover, as in [3], it is further assumed that



a simple TCP segment completely fills in the transmitter
buffer with its N RLC PDUs.

The RLC protocol is fully described in [1]. Our focus
here is on its AM mode. If a RLC PDU has been either
lost or corrupted between the Node B and the UE, the
receiver signals the incident through a status report. In
the absence of such a feedback, the transmitter can poll
the receiver at the expiry of a polling timer. The RLC
can retransmit a missing PDU (maxDAT − 1) times,
where maxDAT is the total number of transmissions of a
RLC PDU: the first transmission itself, and the maximum
number of retransmissions. In case the PDU has not been
acknowledged by the UE to the RNC after maxDAT

transmissions, the whole TCP packet is then dropped.
Already acknowledged PDUs are dropped as well, and a
TCP retransmission is triggered.

In the following sections, we will investigate the influ-
ence of BLER and maxDAT on TCP performance, first
analytically, then with the help of computer simulations.

III. Closed-form expression of the throughput

A TCP segment is successfully transmitted if and only
if each of its RLC PDU reaches the UE correctly. Knowing
that a RLC PDU may be transmitted at most maxDAT

times, the probability of a successfull RLC PDU transmis-
sion is given by

Prob (Successful PDU transmission)

= 1−BLER(maxDAT ). (2)

If the TCP segment is split into N RLC PDUs, the
probability of a successfull TCP transmission p writes

p = Prob (Successful TCP transmission)

=
[

1−BLER(maxDAT )
]N

. (3)

In order to compute the throughput of the TCP connec-
tion, we need to estimate the Round Trip Time (RTT) of
the session. An analytical expression of the RTT applicable
to UMTS scenarios has been derived in [3]. The authors
split the whole RTT into a contribution due to the RLC,
RTTRLC , and the transmission delay in the wired network,
RTTWired, such that the whole RTT writes

RTTTCP = RTTRLC + RTTWired. (4)

In the following, RTTWired values will be collected from
the trace files of the computer simulations.

In [3], a closed-form expression of RTTRLC is proposed:
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where variables e, Pi, TPolling, TTI and r respectively
stand for the probability of unsuccessful transmission of
a status report, set as

e =
[

1− (1−BLER)
2
]

, (6)

the probability of needing exactly i retransmissions, the
polling timer delay, the Transmission Time Interval, and
the number of PDUs transmitted within one TTI. bxc
represents the largest integer less than or equal to x.

Relation (5) does unfortunately not take into account
the limitation of the maximum number of retransmissions.
Writing that the probability of the successfull transmission
of N RLC PDUs after i attempts as

PN
i =

[

1−BLER(i+1)
]N

−
[

1−BLERi
]N

(7)

the expression of RTTRLC becomes
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with maxDAT setting the limit on the number of possible
transmissions of a given PDU. As already mentioned,
errors affecting successive PDUs are assumed to be un-
correlated.

Finally, to derive the throughput, we add RTTWired to
RTTRLC in (4) and insert the resulting RTTTCP in the
analytical expression from [4] giving the throughput of a
TCP Reno connection. Assuming that the TCP window
size reaches its maximum value WMAX , the authors of [4]
obtain

Throughput (BLER,maxDAT )

=

p̄
p
+ WMAX

2 + Q (p,WMAX)

RTTTCP

(

WMAX

4 + p̄
pWMAX

+ 2
)

+ Q(p,WMAX)G(p)T0

p̄

(9)

with the help of (3) and (8). In (9), p̄ stands for 1 −
p, T0 represents the TCP retransmission timer, while



Simulation 1 2 3

Number of simulations 5 5 10
Length [s] 600 600 60

Number of users 1
Traffic FTP

Downlink [kbps] 32 128 384
RTTWired [s] 5.1966 1.283 0.4321
DCH TTI [ms] 10
PDU size [Bytes] 40

WMax 20
TCP Version Reno

maxDAT [1..12]
BLER [0..0.4]

TABLE I

Simulations parameters

Q(p,WMAX) and G(p) are functions defined as

Q (p,WMAX)

= min

{

1,

[

1− p̄3
] {

1 + p̄3
[

1− p̄WMAX−3
]}

1− p̄WMAX

}

(10)

G(p) = 1 +
6
∑

i=1

2(i−1) pi. (11)

IV. Simulation set-up

The scenario described in Section II has been simulated
with the help of the Network Simulator ns-2 [5] and its
Enhanced UMTS Radio Access Network Extensions (EU-
RANE) [6]. These extensions did not provide a limitation
for the number of retransmissions, and therefore we had
to implement it ourselves. Only the hatched elements of
Fig. 1 were simulated.

The details of the ns-2 simulation set-up were as follows:
a single user was downloading a single file using FTP, dur-
ing either 60 or 600 seconds, with a downlink bandwidth
of 32, 128 or 384 kbps. The uplink bandwidth was set to
32 kbps, to avoid uplink packet loss due to congestion. The
BLER was set within [0, 0.4], increasing by 0.05 for each
simulation. The simulation parameters are summarised
in Table I. The TCP performance is measured in terms
of RTT and average throughput. The RTT is calculated
according to Karn’s algorithm [7, p. 301], e.g. ignoring re-
transmissions. The average throughput is the total amount
of transfered data during 5 (32 kbps, 128 kbps) or 10
(384 kbps) simulations, divided by the total simulation
length. The RLC buffer size was set large enough to have
no impact on TCP performance, as opposed to the work
presented in [2].

V. Analysis of Results

Figs. 2-5 show the RTT and the throughput as a func-
tion of the PDU error rate BLER and the maximum num-
ber of RLC AM transmissions maxDAT , for a downlink
bandwidth of 128 kbps. BLER value goes from 0 to 0.4,

while we limited maxDAT to 12. RTT and throughput
values are either measured by post-processing ns-2 trace
files (Figs. 2 and 4) or derived from relations (8) and (9),
refer to Figs. 3 and 5.

Estimates of the RTT for low maxDAT and high BLER

are either unavailable or questionable in Fig. 2. Obviously,
the total RTT can not be lower than RTTWired. However,
some estimates seem to be that small. This is actually
a statistical artefact, due to the fact that the number
of collected samples from ns-2 trace files was too low to
enable us to derive a statistically meaningful estimate. The
width of this uncertainty area grows with BLER. In the
corresponding area in Fig. 4, no throughput is observed.
We will call the limit beyond which no throughput is ob-
served RetA. On the other hand, there is a maxDAT value
beyond which the throughput is not growing anymore, that
we shall call RetB . For a given BLER, [RetA, RetB ] bound
the maxDAT interval setting the actual TCP throughput,
as illustrated in Figs. 6 and 7, to be discussed later on.

For maxDAT values smaller than RETA, there is al-
ways at least one RLC PDU corrupted or lost per TCP
packet, and therefore the whole TCP packet is regarded
as lost. Since there is no explicit congestion notification,
the next TCP packet is sent only after the TCP time-
out has expired. Throughput is therefore very low. For
maxDAT values in [RetA, RetB ], some TCP packets are
being received correctly, and the throughput is growing
very fast with maxDAT , reaching its maximum in RetB .
For maxDAT values beyond RetB , no further increase of
the throughput is observed. If maxDAT is set higher than
RetB , then the throughput decreases linearly with BLER,
even for high RLC PDU loss rates.

Moving to the RTT, one can notice from Fig. 2 that
the average RTT grows slightly more than linearly with
BLER.

Comparing simulated to analytical results, one can
notice a pretty good match between absolute figures on
the average. Table II presents the average and maximal
mismatch percentage ∆ between simulation and analytical
results for the three investigated bandwidths, for both
RTT and throughput. For RTT values, the uncertainty
area discussed here above has been disregarded. Whereas
a good match is achieved at 128 kbps, the mismatch
culminates at 74.43% for the 32 kbps bandwidth. However,
one should keep in mind that the authors of [4] acknowl-
edged themselves that their expression of the throughput
was suffering from some limitations. It seems that these
limitations appear here.

Finally, as already announced, Figs. 6 and 7 show the
influence of maxDAT on the RTT and the throughput
of a 128 kbps TCP connection at BLER = 0.15 and
0.4 respectively. Such figures can help operators to assess
the incidence of the choice of their maxDAT value. They



Downlink ∆RTT ∆Throughput

[kbps] Average MAX Average MAX

32 13.64% 35.64% 22.74% 74.43%
128 6.93% 13.85% 8.90% 34.79%
384 14.33% 35.58% 13.38% 31.31%

TABLE II

Comparison between simulation and analytical results

illustrate in how much they are confronted with conflicting
goals, as they would like to achieve the shortest possible
RTT, which requires small maxDAT , while delivering the
highest throughput, typically reached at high maxDAT .
In the BLER = 0.15 case (Fig. 6), a maxDAT value of
6 enables to offer the highest throughput (115 kbps) at
the expense of a RTT equal to 1.4 s. However, dividing
maxDAT by 2 leads to a division by 8 of the throughput
without a similar reduction of the RTT. The situation is
even more problematic when BLER = 0.4 (Fig. 7) where
a maxDAT of 6 would enable to achieve less than one
eighth of the measured maximum throughput. Adapting
maxDAT to the channel condition might therefore appear
as an appealing solution. However, the signalling overhead
its implementation would require most likely rules out this
idea. Nevertheless, figures such as the ones shown in this
paper help to pick an operating maxDAT value.

VI. Conclusion

With the help of existing analytical models that we
enhanced on the one hand, and computer simulations on
the other hand, we have shown in this paper in how
much the number of RLC local retransmission has a direct
impact of the TCP performance. The presented results
illustrate to which extend the selection of the number of
retransmissions based on the quality of the wireless link
expressed in terms of error rate can help in achieving a
good trade-off between latency and throughput.
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Fig. 2. Average RTT for 128 kbps - ns-2/EURANE results
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Fig. 3. RTT for 128 kbps - Analytical results
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Fig. 4. Average throughput for 128 kbps - ns-2/EURANE
results
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Fig. 5. Throughput for 128 kbps - Analytical results
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Fig. 6. RTT and throughput vs. maxDAT at BLER = 0.15
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Fig. 7. RTT and throughput vs. maxDAT at BLER = 0.4


