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Abstract: In this paper we investigate interactions
between TCP and wireless ARQ mechanisms. The aim
is to understand what is the best configuration of the
wireless link protocol in order to guarantee TCP perfor-
mance, seemingly a controversial issue. Interactions be-
tween TCP and different link layer mechanisms are eval-
uated by means of an analytic model, that reproduces a
generic selective repeat ARQ protocol (widely used in the
current wireless environments) and the TCP behavior in a
wired-cum-wireless network scenario. A numerical inves-
tigation is carried out in a specific case study (TCP over
3G radio access) by means of simulations collected with
a very detailed UMTS-TDD simulator based on ns. Our
main finding is that fully reliable ARQ protocols are the
best choices from the TCP perspective; in fact, whereas a
residual packet loss left over by not fully reliable ARQ pro-
tocols may not degrade appreciably TCP throughput per-
formance as long as it is a fraction of the overall end-to-end
TCP packet loss, no apparent performance advantages (e.g.
energy savings) come from limiting the number of retrans-
mission attempts at the wireless link layer.

1 Introduction

In the last years, the issues regarding the behavior of
TCP over wireless links have been extensively addressed
in the networking research community, both because
TCP represents the most widespread transport protocol
in the current Internet (about 90 percent of the overall IP
traffic is carried by TCP according to recent experimental
measurements [1]) and because Internet access through
wireless technologies is rapidly taking up. Recent and
thorough reviews of general problems and possible so-
lutions regarding the specific “TCP over wireless” topic
can be found for example in [2], [3] and [4].

The specific aim of the present work is to investigate the
impact of wireless link layer ARQ mechanisms on TCP
performance through both analytic methods and simula-
tions. In particular, we are interested in studying how the
persistence degree of the radio link layer affects end-to-
end TCP performance and wireless link utilization.

In the current literature the link layer design appears
to be quite a controversial issue. In fact, with respect
to the three commonly considered solutions - persistent
and fully reliable ARQ (i.e., unlimited number of trans-
mission attempts), semi-reliable ARQ (i.e., with a fixed
limit on the number of transmissions), and ARQ with
a dynamically adaptive limit - there is no agreement on
which of them is the best in order to maximize TCP per-
formance (see the recent RFC 3366 [5] for a discussion
on the possible ARQ strategies in IP networks).

Most of the works on TCP over wireless implicitly as-
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sume that wireless links are not fully shielded from “ran-
dom” errors caused by the non-ideality of the radio chan-
nel (i.e., they assume an unreliable or semi-reliable link
layer); according to a number of works (e.g. [6] and
[7]), the advantage of a not fully persistent ARQ is that it
would reduce spurious TCP retransmission timeouts and
packet reordering with a straightforward benefit for TCP.
Conversely, another “school of thought” (e.g., [8], [9]
and [10]) asserts that the wireless link layer should be
fully reliable to preserve TCP performance. This choice
guarantees that any loss detected by TCP is due to net-
work congestion, so it fully respects TCP syntax.

As for the adaptive solutions, in [11] the authors propose
a link layer algorithm that adapts the maximum number
of link layer data units transmission attempts according
to a target loss rate, used as parameter to describe a de-
sired QoS for a TCP connection. They show that TCP
performance can be improved by adapting the maximum
number of transmissions to the desired QoS rather than
leaving it constant.

In this work we evaluate the impact of different ARQ
policies on TCP behavior by adopting an end-to-end
point of view including a wireless link plus a non-ideal
fixed network; we use a cross-layer approach that takes
explicitly into account both TCP and wireless link layer
dynamics.

Our aim is to thoroughly understand the best ARQ pol-
icy on the wireless link for TCP data transfer support and
the reason why.

Our finding is that fully reliable ARQ protocols are the
best choices from the TCP perspective; a residual packet
loss left over by not fully reliable ARQ protocols does
not degrade appreciably TCP delay and throughput per-
formance as long as it is a fraction of the overall end-to-
end packet loss. However it appears that the limitation
of the number of retransmissions does not bring any per-
formance advantages by itself (e.g. energy savings).
Our results are based on a quite general model of a se-
lective repeat ARQ and of TCP connections. This model
gives us an analytical tool that we validate in a specific
and realistic case study (TCP over UMTS radio access)
by means of a very detailed ns [12] based UMTS-TDD
simulator.

The rest of the paper is structured as follows. Section
2 briefly reviews the recent related research works. In
Section 3 we depict the network reference scenario. In
Sections 4 we describe the ARQ link layer model and
the TCP model. In Section 5 we discuss analytic and
simulation results. Finally we give the conclusions and
some hints to further work.
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Figure 1: Network scenario.

2 Related Works

Quite a number of recent works analyze interactions
between TCP and wireless ARQ mechanisms, testify-
ing the current interest for this topic. In this section we
briefly review those researches in order to point out the
differences with the present work.

In [13] a simulative study about wireless TCP with hy-
brid FEC/ARQ is presented and it is shown that a suf-
ficiently (but not fully) persistent ARQ improves TCP
performance.

In [14] and [15] analytical studies, based on the well-
known TCP model presented in [16], are carried out on
TCP with ARQ in a UMTS network environment. As
for ARQ, only the fully persistent policy of a Go-back-N
ARQ is analyzed; moreover, it is not studied the effect of
different ARQ persistence degrees on TCP performance
and no simulation validations are presented.

In [17] a simulative evaluation of TCP behavior in a
WLAN environment implementing Stop&Wait ARQ is
carried out. The main conclusions are similar to the ones
presented in this paper; however, here a different network
scenario is considered, an analytic study is carried out to
support our statements and some factors (e.g., ARQ dy-
namics) are analyzed in a greater detail.

In [18] a mixed analytical/simulation study analyzes in-
teractions between hybrid FEC/ARQ link layer mecha-
nisms and TCP. As in the present work persistent TCP
flows are analyzed and a selective repeat ARQ is taken
in consideration. In that work, the analysis is still based
on the model proposed in [16]. An assumption of inde-
pendence on packet error process in the wireless link is
done to model the ARQ dynamics.

To the best of our knowledge, the work presented in this
paper is original under the respect that it accounts all the
following factors both via analytic models and case study
simulations: i) a correlated error generating radio chan-
nel; ii) a selective repeat ARQ in the wireless link.

3 Reference Network Scenario

The reference network scenario considered in this
work is depicted in Figure 1. A number N of TCP
senders (receivers) placed on mobile nodes are con-
nected to N TCP receivers (senders) placed within the
wired section of the Internet. We use the TCP Reno ver-
sion as TCP implementation since today it is the most
popular version of TCP. TCP Reno adopts an end-to-end
closed-loop adaptive window congestion control, whose
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Figure 2: Selective Repeat ARQ protocol.

working details can be found in [19].

TCP sources are assumed to be “greedy”, always ready
to send new data (persistent TCP connection model).
The rapid development of “peer-to-peer” applications
and high-speed access links, that allow the exchange of a
large amount of data among users, makes this hypothesis
realistic. Besides, already now, according to [1], persis-
tent streams carry a high proportion (50 or 60 percent) of
the total amount of traffic on the Internet.

A number of earlier experimental works (see for exam-
ple [20] and [21]) has shown that Internet is far from
being ideal, given that congestion packet loss events are
quite frequent (even 1 to 10 percent). In order to repro-
duce this non-ideality, TCP packets are dropped in the
wired portion of our network scenario with probability
py according to a random process assumed independent
of TCP connection status?>. The wired network also in-
troduces a round trip delay 7'y, assumed fixed.

As for the radio interface we assume a centralized ra-
dio access handled by a Base Station (BS). Mobile Sta-
tions (MSs) communicate with wired nodes through the
BS, connected to the wired network with a dedicated
link. Time is divided into frames of duration 7 and every
frame provides capacity for both uplink and downlink.
The Link Layer (LL) implements a selective repeat ARQ
mechanism for error recovery. LL Service Data Units
(SDUs) are accepted from the upper layers® and, once
segmented into 7,4, Packet Data Units (PDUs), are
placed in the LL transmission buffer, assumed infitite.

PDUs are transmitted when the MAC layer indicates that
there are available transmission resources.

On reception of a PDU, after decoding, the physical
layer performs error detection, and passes the result of
the check to the LL, together with data. When all the
npdu PDUs belonging to a SDU are received correctly,
the SDU is reassembled and delivered to the upper layer
preserving the original SDU sequence.

Every SDU, the transmitter entity polls the receiver for a
status report. According to the Selective Repeat ARQ,
the receiver sends a PDU containing the status report
(Status PDU) indicating the PDUs received correctly and
the ones to be retransmitted. When the Status PDU is
received, PDUs buffered in the retransmission buffer of

2This hypothesis is reasonable when the traffic generated by the
target TCP connections is a negligible fraction of the overall traffic
crossing the TCP connection path in the considered wired network.

3 A link layer SDU corresponds to an IP packet carrying a TCP seg-
ment.



Figure 3: Markov chain describing ARQ protocol.

the sender entity are deleted or retransmitted according
to the status report. Every PDU can be transmitted at
most M; times. When this number is reached, the trans-
mitter entity discards that PDU and all PDUs belonging
to the same SDU. Given the limited value of M;, a SDU
loss probability p,, is present in the wireless link.

An example of the ARQ mechanism when the number of
PDUs in a SDU is 8 is depicted in Figure 2.

4 Analytic Models

4.1 Selective Repeat ARQ Model

In this section we describe the discrete Markov chain
modeling the wireless link selective repeat ARQ of Sec-
tion 3.

The model will be used in this work for two aims. On the
one hand, its results will be integrated in the TCP model
described in Section 4.2. On the other hand, in Section
5, we use it to define a cross-layer adaptive ARQ algo-
rithm.

The radio channel is modeled as a Gilbert-Elliot channel
with two states (GOOD and BAD) [22], widely used in
literature to characterize wireless transmission medium
(see for example [23]). The GOOD state is the one with
very low PDU error probability pg, whereas the BAD
state is the one with high PDU error probability pp.

The discrete Markov chain, with time unit 7 correspond-
ing to a radio frame, is characterized by the transition
probabilities g and b, that represent the conditional prob-
abilities that the channel state remains respectively in the
state GOOD and BAD during the sampling time 7 pro-
vided it was in the same state in the previous sampling
interval. The b and g parameters can be estimated by di-
rect field measurements on the basis of the mean time
in the BAD state 7/(1 — b) and of the mean time in the
GOOD state 7/(1 — g) [23].

The selective repeat ARQ protocol is modeled with a dis-
crete time Markov chain which reproduces the transmis-
sion of a single and isolated SDU under the following
assumptions: i) the SDU is segmented at the link layer
in ny,q, PDUs of equal size; ii) all the PDUs belonging
to the SDU are transmitted in a single time interval of
duration 7; iii) the ack/nack is delivered without errors
by the end of the time interval; iv) all the PDUs which
require retransmission are sent again in the next time in-
terval, and so on; v) the error events of different PDUs
conditional on the state of the channel are independent
of one another.

A chain state is defined by the vector 5 = (C, X'), where:

e C € {GOOD,BAD} is the Gilbert-Elliot channel
state; in the following the GOOD and the BAD state

are referred often as G and B respectively.

o X € [0,npqy] is the number of PDUs, belonging
to the considered SDU, not successfully transmitted
yet.

In Figure 3 the Markov chain for a single state channel C'
is shown. A transition from the state (C, k) to the state
(C, k) represents the event that k — k' PDUs are trans-
mitted successfully and &’ PDUs are transmitted with er-
ror; only transitions from k to &’ with &’ < k are allowed.
The transition probability b (k, k') is the probability to
fail k&’ transmissions out of k:
/ LAWY k—k'
btk ) = () (1= pe)

where pe is the error probability in the state C. The
transition matrix T ¢ is:

1 0 0
bC(lvO) bC(Ll) 0
Tc = ) )
bc(npdau,0)  bo(npdu, 1) be (Npdu, Mpdu)

Let T be a matrix obtained from T'¢ by removing the
first row and the first column, the matrix Q is defined as:

g- T* (1_9)'T*G' 1
Q=11lpy.T b. T M

Q is the one step transition probability matrix of a tran-
sient Markov chain, whose absorption time 7 gives the
number of frames needed to complete the delivery of the
PDUs making up an SDU. The residual SDU loss prob-
ability, provided the number of transmission attempts
per PDU is n, is F'(n) = Pr{n > n} = 7wQ"e for
n > 0 where e = [1...1]7 and 7 is the 2n,q, compo-
nents row vector of the initial probabilities; 7 is equal to
[0,0,...7g,0,0,...75], where m¢ and 7 are assumed
to be the steady-state probabilities of the Gilbert-Elliot
Markov chain.

The expected value of 7 is the mean number of transmis-
sions per SDU and can be evaluated as follows:

Eln) = ZnPr{n_n}_ ZF 7(I-Q) 'e (2)
The mean number of transmissions per SDU, when the
number of transmissions per PDU is limited to M, is:

M;—1

ZF w(I—

Using equations (2) and (3) and considering the trans-
mission process of a SDU consisting of a single PDU
(i.e. npgy = 1), we can calculate the mean number of
transmissions per PDU, N, and N}y, , respectively in
the case of unlimited transmissions and in the case of a
limited number of transmissions.

In [24] an approximate expression for the residual SDU
loss probability F'(n) has been derived:

F(n) = [17

Elnn < M;] = QYH(I-Q) e (3

[ra(1—pa)"r* +mp(1—pp)"*™]| X[ (4)



for n > 1, where \1; is the maximum eigenvalue of Q.
Equation (4) (evaluated for n = Mj;) can be easily in-
verted in order to obtain an explicit expression for the
maximum number of transmissions per PDU M; given
the residual SDU loss probability required. This will be
used in Section 5 to define an adaptive ARQ algorithm.
The validation of the model has been presented in [24].

4.2 Analytic Model for TCP Behavior in Wireless

Environments

In this section we discuss the TCP analytic model able
to reproduce the stationary behavior of TCP.
The following hypotheses are assumed: i) TCP has al-
ways data to send; ii) TCP Slow Start is neglected; iii)
TCP packet losses are assumed to be independent; iv) the
TCP receiver does not limit the value of the TCP sender
congestion window, according to [26]; v) TCP only re-
veals packet loss by using Fast retransmit/Fast recovery
mechanisms; vi) the ACK packets are always delivered
to TCP sender.
The model is based on a discrete Markov chain. Al-
though the Markov chain approach has been already used
in earlier works (e.g., [27] [28]), with respect to them, we
also include the multiple Fast Retransmit events due to
multiple loss within a single TCP transmission window*
and the effects of queueing delay within the LL buffer.
The discrete Markov chain describing the stationary dy-
namics of TCP is depicted in Figure 4. Every state
is characterized by the current TCP congestion window
W = 1,2,... and its time unit is the time ¢y spent for
transmitting a window W of TCP packets. The transition
probability ¢;; from the state ¢ to the state j is:

(1-w) ifj=i+1
Q- if j = | 5] forlogy (i) > ¢ > 1
BTV - S =1
0 otherwise

(5)
where v =1 — (1 — ps)(1 — pw) is the TCP packet loss
probability due to wireless impairments and to wired net-
work congestion supposing them mutually independent.
The packet loss probability in the wireless link p,, is
F(M,) (as derived in the earlier section) and depends on
the channel transitions and error probabilities, the SDU
size and the ARQ persistence degree.

The first item of (5) represents the probability of having
no packet losses when the window size is 4: in this case
TCP increments the congestion window by one packet.
The second item represents the probability of having
multiple Fast Retransmit: if there are k£ packet losses
within a time unit, we assume TCP performs & times
the Fast Retransmit algorithm so to halve the window
k times; we make the rough simplification that the mul-
tiple Fast Retransmit is performed in a single time unit’.
This simplification is supported by the more than satis-
factory agreement with simulations as shown in Section

4From simulations we observed this is a quite significant occur-
rence.

5 Actually multiple packet losses can produce either multiple Fast
Retransmit or Time Out events. Moreover, the events caused by a mul-
tiple loss last in general more than a single time unit.

Figure 4: Markov chain describing TCP behavior.

5.1. The third item in (5) is derived from the condition
that Zj qij = ]., Vi.

The time ¢y spent in the state W is variable and state
dependent; according to a fluid approximation, used in a
number of TCP related works, we have:

tw =

W .
{al if W > Cy - E[T] ©

E[T] otherwise

where Cy is the capacity available for the TCP connec-
tion at link layer and E[T] is the average end-to-end
round trip delay computed excluding queueing delay ex-
perienced within the LL buffer.
In (6) the first item represents the time necessary to trans-
mit W packets when the capacity available is saturated;
the second item represents the case in which the packets
within a window of size W are transmitted without suf-
fering queuing delays since there is available bandwidth.
Assuming the bottleneck in the wireless link, the avail-
able capacity Cy is the radio interface capacity C' as-
signed to the TCP connection divided by Ny, i.e. the
mean number of transmission attempts per PDU given
the maximum number of transmissions at the LL is M;.
E[T] is the sum of the average round trip time in the
wired network E[T's] and the TCP packet delay spent to
cross the radio interface E[T,,]:

E[T] = E[Ty]+ E[T,]

=Tp+1-Enn < My]+7 (7)

where T is the round trip time of the wired network, 7 is
a frame interval and E[n|n < M,] is the average number
of frames necessary to send correctly a TCP packet. The
last term 7 takes into account the transmission delay of
the TCP ACK on the wireless link, assuming that it is
sent without errors.

According to the Little’s Law, the TCP throughput is the
ratio between the average window and the average value

of tyy: W) >
EW ST

The = Blow] = St m ®)
where 7; are the steady state probabilities of the Markov
chain described above.
Summing up, the TCP analytic model depends on the fol-
lowing input parameters: packet loss probability and av-
erage round trip time in the wired network, the physical
radio interface capacity, the maximum number of trans-
missions, TCP packet size and the set of parameters that
characterize the radio channel.

5 Results and Discussion

In this section we discuss the results provided by either
the analytic models and the simulations. In Section 5.1,



we investigate, by using the TCP model, how the pres-
ence of wireless impairment affects TCP performance.
In Section 5.2, we examine interactions between differ-
ent persistence degree ARQ policies and TCP.
Numerical investigation is carried out with reference to
UMTS-TDD radio access interface.
Since a detailed presentation of the UMTS-TDD system
is beyond the purpose of this paper, here we briefly de-
scribe the UMTS-TDD radio access and the acknowl-
edged mode (AM) of the UMTS link layer (named Ra-
dio Link Control (RLC) in the 3GPP specifications [25])
with the options used in our simulations.
The UMTS-TDD radio interface implements a combined
time division and code division multiple access (TD-
CDMA). Time is divided into frames of duration 7 = 10
ms and every frame is slotted in 15 time slots. Within
each time slot a set of variable spreading factor orthog-
onal codes are defined to spread QPSK modulated data
symbols.
The AM LL uses a selective repeat ARQ mechanism for
error recovery, similar to that described in Section 3.
With respect to that, the AM LL implements a number
of timers to avoid deadlock states and a sliding window
mechanism that regulates the transmission of PDUs.
Many parameters of the selective repeat ARQ protocol
can be configured; among them the size of the transmis-
sion window, the size of Data PDU and Status PDU, the
duration of the timers and the maximum number M, of
transmissions per each PDU. The LL has been config-
ured for in-sequence delivery.
All the simulations have been carried out with a UMTS-
TDD module for ns ® that simulates the TD-CDMA radio
interface. In the simulations, TCP sources are placed on
the mobile nodes and the following parameters are left
unchanged: TCP packet size is 1000 bytes, the LL pay-
load size is 40 bytes (so that the number 7,4, is 25), the
error probabilities in the GOOD and BAD states are re-
spectively pg = 0.01 and pp = 0.9, the bottleneck link
is consistently assumed to be the wireless one.
5.1 What is the packet loss degree tolerable by TCP
in the wireless link?

In a related work [29] it has been verified by means of
simulations that, when the packet loss probability expe-
rienced by the TCP connection in the wireless link is one
order of magnitude lower than the one experienced in the
wired network, TCP performance is essentially not af-
fected by the wireless impairment. Here, we substantiate
that result by applying the TCP model defined in Section
4.2 and carrying out further detailed simulations.

We define the coefficient o as the ratio between the
packet loss probability in the wireless link p,, and the
packet loss probability in the wired network p¢:

Pw
a=—
D

©))

In Figure 5 the normalized TCP throughput, defined as
the ratio between TCP throughput and the maximum
reachable one (Cy), is shown as a function of « for
pr= 0.01 andpf =0.1.

6available via http://net.infocom.uniromal.it

‘é 08t

=y

(=2 x
8 x
[ x
£ o7 <
% o Simulation p'=0.01 0"
’_; —— Model pf:OAm x
2 oer x  Simulation p=0.1 *
g — — Model p=0.1

S

=z

04

03 : :
10° 107 107 10°

Figure 5: Normalized TCP Throughput vs packet loss
degree, «, in the wireless link (RTT=1.15s).

These data indicate that the TCP throughput degradation
is essentially negligible provided o < 1 (e.g. a < 0.1),
i.e. some residual loss in the radio link is tolerable if it
is a fraction of the fixed network segment loss. This be-
havior is captured by both model and simulations.

As for the TCP model accuracy against simulation re-
sults, it is quite poor only for very high values of « (close
to 20% as appears in Figure 5). For such loss rates, TCP
time-out events are no more negligible as assumed in our
model.

5.2 Effects of ARQ persistence on TCP perfor-
mance

In the previous section we have shown how a certain
degree of packet losses in the wireless link does not re-
duce TCP performance significantly. This degree de-
pends on both wired network packet loss (i.e. conges-
tion) and wireless channel transmission quality and can
be represented by the coefficient a.

Now, we describe an adaptive selective repeat ARQ
mechanism similar to the one proposed in [11] and al-
ternative to the traditional ones (that have either limited
or unlimited but fixed retransmission attempts), able to
adjust dynamically the ARQ persistence degree on the
basis of the current network condition, so to impose a de-
sired residual packet loss rate on the wireless link; such
target packet loss rate must be chosen as not to limit TCP
performance.

By following a cross-layer approach, the adaptive mech-
anism is based on the exchange of information between
the wireless link layer and the TCP entity (either sender
or receiver) placed on the mobile node.

The algorithm adapts the maximum number of ARQ
transmissions M by estimating the channel status and
the TCP end-to-end packet loss probability.

End-to-end packet loss probability p and wireless packet
loss probability p,, are estimated by means of classical
moving average runtime estimates respectively by the
TCP entity (either sender or receiver) and by the LL en-
tity both placed on the mobile node. Then the algorithm
adapts the maximum number of ARQ transmissions so
as to obtain a farget link layer packet loss probability p,,
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of p and p,, respectively. Given the target error probabil-
ity p.,, we are able to compute the maximum number of
transmission attempts by using the expression (4).

In the following we report the results of the simulations
carried out to evaluate the three possible ARQ solutions
(limited number of transmissions, unlimited number of
transmissions, adaptive number of transmissions).

To point out the effect of limiting the maximum number
of transmission attempts, the TCP goodput as function of
the wired packet loss probability p s is shown in Figure 6
for 1 TCP source and in Figure 7 for 8 concurrent TCP
sources for different values of M, for M; unlimited and
for M, adaptive according to the described algorithm. In
these simulations the round trip delay on the wired sec-
tion of the network is 0.4 sand 1.1 s, & = 0.1, b = 0.9,
g=0.9.

As shown in the figures, the maximum TCP goodput is
always obtained either with unlimited M; or by adapting

M; according to the described algorithm. We observe a
degradation in TCP performance when M; is limited in-
dependently of the loss experienced by TCP in the wired
network. By using the adaptive algorithm we introduce
residual loss probability on the wireless link (o« = 0.1),
nevertheless TCP performance is not affected.

As pointed out in the figures, a well-designed adaptive

equal to a- {1 — } , where p and p,, are the estimates
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Figure 8: R varying the maximum number of transmis-
sion per PDU.

ARQ policy does not reduce TCP performance with re-
spect to a fully persistent ARQ strategy, although it adds
packet losses on the wireless link.

In the following we verify that (and explain why), al-
though an adaptive ARQ protocol does not degrade TCP
throughput, it does not bring advantages in terms of
wireless link layer energy and bandwidth consumption,
which is one of the main issues in a mobile environment.
To study the energy consumption when using an ARQ
with limited transmissions per PDU and when using un-
limited transmissions we define

Nag, /(1= pw) — 1
Nye —1

that represents the ratio between the energy surplus con-
sumed by retransmissions when M, is limited and the
energy surplus due to retransmissions with M; unlim-
ited considering that the packet discarded in the radio
interface with probability p,, are retransmitted by TCP;
this ratio is depicted in Figure 8 varying M, for different
value of b and g = 0.9. It is possible to note that, be-
cause of the TCP retransmission techniques, the energy
consumption in the case of limited transmissions is al-
ways higher or equal than with unlimited transmissions.
Summing up, on the one hand, for TCP performance it
is not strictly necessary to provide unlimited transmis-
sions in the wireless link (in fact, an adaptive algorithm
achieves equal performance by limiting the transmission
attempts). On the other hand, there is a loss in wire-
less efficiency (bandwidth and energy consumption) if
we limit the number of transmissions. Hence, the best
choice for TCP and the simplest from a design point of
view is to adopt a fully reliable link layer protocol.

R =

6 Conclusions

In this paper we investigated the interactions between
ARQ mechanisms and TCP behavior. The main con-
tribute of the work is to give some precise indications
on the design of the link layer protocol for mobile com-
puting applications. We have shown that there are no
practically useful alternatives to the adoption of a fully
persistent ARQ protocol on the wireless link to guaran-



tee TCP performance, even though essentially equivalent
TCP performance can be obtained also with non fully re-
liable but adaptive ARQ schemes. In fact, to limit re-
transmission attempts at the data link layer brings some
disadvantages in terms of wireless energy and bandwidth
savings.

To achieve such conclusions we developed an accurate
analytic model for a generic selective repeat ARQ pro-
tocol and a TCP model in a wired-cum-wireless network
scenario. Moreover we validated our results by means of
simulation environment.

Further work is required to verify if our conclusions are
still valid when: i) resource sharing in the radio inter-
face (MAC layer) is adaptive to the wireless link trans-
mission quality; ii) TCP connections are non-persistent
(short-lived TCP flows).

REFERENCES

[1] N. Brownlee, K.C. Claffy, “Understanding Internet
Traffic Streams: Dragonflies and Tortoises”, IEEE
Communications Magazine, October 2002.

[2] G. Xylomenous et al., “TCP Performance Issues
over Wireless Links”, IEEE Comm. Magazine,
April 2001.

[3] M. Allman, Editor, “Ongoing TCP Research Re-
lated to Satellites”, RFC2760, IETF, Feb. 2000.

[4] C. Barakat et al., “On TCP Performance in a Het-
erogeneous Network: A Survey”, IEEE Communi-
cations Magazine, January 2000.

[5] G. Fairhurst, L. Wood, “Advice to link designers on
link Automatic Repeat reQuest (ARQ)”, RFC3366,
IETF, August 2002.

[6] H. Balakrishnan, S. Seshan, R. H. Katz, “Improv-
ing reliable transport and handoff performance in
cellular wireless networks”, Wireless Networks,
December 1995.

[71 A.DeSimone, M. C. Chuah, O. C. Yue, “Through-
put Performance of Transport-Layer Protocols over
Wireless LANs”, Proc. of IEEE Globecom ’93.

[8] H. M. Chaskar et al., “TCP Over Wireless with
Link Level Error Control: Analysis and Design
Methodology”, IEEE/ACM Trans. on Networking,
Vol.7, No.5, October 1999.

[9] R. Ludwig, “A Case for Flow-Adaptive Wireless
Links”, University of California at Berkeley, Tech-
nical Report UCB/CSD-99-1053, May 1999.

[10] R. Ludwig, R.H. Katz, “The Eifel Algorithm:
Making TCP Robust Against Spurious Retransmis-
sions”, ACM Computer Communications Review,
Vol. 30, No. 1, January 2000.

[11] C.F. Chiasserini, M. Meo, “A Reconfigurable Pro-
tocol Setting to Improve TCP over Wireless”, IEEE
Transactions on Vehicular Technology, 2002.

[12] ns-LBL network simulator ns-2.1b9a, doc-
umentation and  software  available via
http://www.isi.edu/nsnam/ns/index.html.

[13] A. Chockalingam, M. Zorzi, V. Tralli “Wireless
TCP Performance with Link Layer FEC/ARQ”,
Proc. of IEEE ICC’99, 1999.

[14] A-F. Canton, T. Chahed, “End-to-end Reliability in
UMTS: TCP over ARQ”, IEEE Globecom’01, San
Antonio (USA), November 2001.

[15] T. Chahed, A-F. Canton, S-E. Elayoubi, “End-to-
end TCP Performance in W-CDMA/UMTS”, IEEE
ICC’03, Anchorage (USA), May 2003.

[16] J. Padhye et. al, “Modeling TCP Reno Through-
put: A Simple Model and its Empirical Validation”,
IEEE/ACM Trans. on Networking, Vol. 8, No. 2,
April 2000.

[17] M. Methfessel et al., “Vertical Optimization of
Data Transmission for Mobile Wireless Termi-
nals”, IEEE Wireless Comm. Mag., Dec. 2002.

[18] C. Barakat et al., “Analysis of Link-Level Hybrid
FEC/ARQ-SR For Wireless Links and Long-Lived
TCP traffic”, Tech. Rep., Feb. 2003.

[19] R. W. Stevens, “TCP/IP Illustrated, Vol I The proto-
cols”, Addison-Wesley, U.S.A., 1994.

[20] V. Paxson, “End-to-End Internet Packet Dynam-
ics”, IEEE/ACM Trans. on Networking, Vol. 7, no.
3, June 1999.

[21] A.De Vendictis, A. Baiocchi, “Wavelet Based Syn-
thetic Generation of Internet Packet Delays”, Proc.
of ITC’17, Salvador (Brazil), December 2001.

[22] E.N. Gilbert, “Capacity of Burst Noise Channels”,
The Bell System Technical Journal, Vol. 39, pp.
1253-1256, 1960.

[23] M. Zorzi et al., “On the Accuracy of a First-order
Markov Model for Data Transmission on Fading
Channels”, Proc of IEEE UPC 1995, Nov. 1995.

[24] F. Vacirca et al., “On the Effects of ARQ Mech-
anisms on TCP Performance in Wireless Environ-
ments”, Proc. of IEEE Globecom’03, Dec. 2003.

[25] TS25.322, “Radio Link Control (RLC) Protocol
Specification”, Release 5 v5.1.0, June 2002.

[26] M. Allman, A. Falk, “On the Effective Evaluation
of TCP”, ACM Computer Communication Review,
29(5), October 1999.

[27] C. Casetti, M. Meo, “A New Approach to Model
the Stationary Behavior of TCP Connections”,
Proc. of IEEE Infocom 2000, Tel-Aviv, Mar. 2000.

[28] J. Padhye, V. Firoiu, D. Towsley, “A Stochastic
Model of TCP Reno Congestion Avoidance and
control”’, CMPSCI Technical Report, January 1999.

[29] F. Vacirca, A. Baiocchi, “End-to-End Evaluation of
WWYW and File Transfer Performance for UMTS-
TDD?”, Proc. of IEEE Globecom’02, Nov. 2002.



