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Abstract—We compute the throughput obtained by a TCP In a UMTS network a TCP packet is fragmented into several
connection in a UMTS environment. For downloading data at PDUs (Protocol Data Unit). Each PDU is transmitted on the
a mobile terminal, the packets of each TCP connection are ire|ass link. The wireless link is error prone. If the rees
stored in separate queues at the base station (node B). AISOPDU is in error then it is retransmitted on the wireless link
due to fragmentation of the TCP packets into Protocol Data ] S :
Units (PDU) and link layer retransmissions of PDUs there can 1he maximum number of transmission attempts allowed for a
be significant delays at the queue of the node B. In such a PDU is N7 which can be configured. If the PDU is not received
scenario the existing models of TCP may not be sufficient. Thus, without error inV; transmissions then it is dropped. For a TCP
we provide a new approximate TCP model and also obtain new Jacket to be received successfully, all of its PDUs should be

closed-form expressions of mean window size. Using these w ived without Thus f tati d ret .
obtain the throughput of a TCP connection which matches with received without error. Thus fragmentation and retransioms

simulations quite well. of PDUs can result in a significant overall transmission time
K_eywords' UMTS, TCP, throughput computation, mean window of a TCP packet on the wireless link. Therefore, the regultin
size. gueueing delays of a TCP packet in the wireless queue can be

significant as compared to the propagation delay. We conside
such a scenario and also when the queue may sometimes
We consider the problem of computing throughput of Becomes empty. This scenario seems to have been studied
TCP (Transmission Control Protocol) connection through anly in [1] where a closed-form expression for throughput
UMTS (Universal Mobile Telecommunication System) netis not available. Other studies mentioned above do not pro-
work. UMTS is the most widely used 3G wireless celluvide satisfactory approximation in this scenario. We abtai
lar network. If one sends data from a host (server) in the#osed-form formula for the TCP throughput for this case and
wired backbone through a UMTS network then he will mosiur model is very different and much simpler than that in [1].
likely be using TCP for transmission. For providing minimum In our computation of TCP throughput we will use time
throughput requirement guarantees to a user (the usuatyqualtationary mean window size. It is obtained in [13]-[15]7/]1
of service requirement for a data application), one needs[&D]. But [13] and [15] assume that there is no limit on
compute the throughput of the TCP connection through tiiee window size. Receiver advertised window size limitatio
UMTS network (possibly also through the wired part of thean have significant impact on the mean window size. In
Internet). [14] the authors consider bounded window size and also the
Over the past few years, extensive research has been dmsses due to time-outs and triple duplicate acknowledgésne
on modelling the TCP. However TCP is a very complicateBut they do not provide a closed form formula. [17] and
protocol and there are still important gaps in understandif20] gave approximate expressions for TCP time stationary
its behaviour. Thus in this paper we develop an approximateean window size as a function of the packet loss probability
model for TCP which can be particularly useful in studyin@py modifying the formula in [16] which is for the window
the performance of 3G cellular systems such as UMTS. evolution process considered just before the loss epochs.
The main performance index for TCP connections is their We will theoretically obtain time stationary closed form
mean throughput. It has been obtained in [2], [6], [11], f13formulae for mean window size which are more accurate than
[16], [21] and [24] under various assumptions. For exampléhose in [17] and [20]. Our formulae can be used to provide
[1], [11], [13] and [15] assumeid packet loss. [13] and QoS to different applications in a network. In particular we
[14] assume a constant RTT (Round Trip Time). Hence thell do this for the UMTS system in this paper.
random queueing delays are ignored. Also in [2], [7], [16] Due to error prone nature of a wireless link, TCP can per-
and [21] knowledge of average RTT is required. In [Ljorm quite poorly on it. Thus there have been several studies
RTT is not assumed constant and a detailed model of T@R improving the performance of TCP over wireless networks
and channel are analyzed and it presents a TCP throughipuibugh various methods. Authors in [8] study the perforogan
expression. However, a closed form expression is not dtailaof TCP with a link layer automatic repeat request (ARQ)
and analysis is quite involved. In [6], [19] it is assumedttharotocol. [7], [8] and [23] study the throughput performanc
the queue (router) does not become empty. This may beofaTCP in UMTS. [23] assumes selective repeat ARQ as the
realistic assumption if the bandwidth-delay product is bmdink layer protocol and study its effect on TCP performance
and /or a large number of TCP connections are sharing tileUMTS. In [7] and [8] authors assume a constant RTT in
queue. In [13] and [15] it is assumed that there is no uppetred portion of the network and obtain delay in the wireless
bound on the window size. If the receiver limited windowportion using a model for the RLC (Radio Link Control)
size is not very large then this assumption can really affeetyer. However, they neglect queueing delays in the end-to-
the throughput approximations. end network. This may not be realistic in UMTS like networks

I. INTRODUCTION



Wireless

Uplink and downlink transmissions are separated in time
Link

within a frame. We allocate the first 8 slots for the uplink to
transmit the acks, capacity request messages and otheolcont
information and the next 7 slots for the downlink direction t
Tcpsende  transmit the PDUs and capacity allocation messages. Inta slo

Network

. Base Station 4 PDUs can be transmitted. Hence the effective link sgeéd
TCP Receiver the_downlink dir_ection is 28 PDUs/frame896 kbps. A set of
‘ ‘ _ variable spreading factor orthogonal codes are used t@dpre
Fig. 1. Typical UMTS reference network scenario QPSK modulated data symbols in every slot. We assume these

) o parameters are such that all the PDUs of a TCP packet can be
where the queueing delays may be non-negligible comparggd,smitted in the allocated slots for the downlink in a feam
to the overall RTT. [7] and [8] assume Go-back-N ARQqde B receives acks at the begining of the next frame for the
as the RLC protocol. Authors in [24] obtain bounds on thgccessfully received PDUs and it retransmits the erraneou
TCP throughput assuming a selective repeat ARQ protoclps along with the PDUs of the next TCP packet. Thus if
[23] studies the throughput performance without neglectin, tcp packet is discarded, at least some of its PDUs would

the queueing delays. But they do not provide closed-forfhye peen transmitted iV, consecutive frames. We assume
expressions for throughput. In this paper, we study theeﬂyst_that each ack/nack is delivered without error.

with s_elective repeat ARQ as the link Iayer protocql which is The probability of successful reception of a PDU depends
used in the actual system. We also consider queueing dajayﬁ;?on the transmit power, receiver noise, the channel gain

the wireless link. Also, unlike in [23] we obtain closed+ior (355umed constant here although it is time varying in a eée|
simple expressions for the TCP throughput. _ channel), the spreading factor and the interference frae th
The paper is organized as follows. Section Il describes tBgher ysers. These are the important system parameterh whic
UMTS and provides preliminary computations. Section lliipqq pe tuned to obtain proper performance. In the foligwi
studies the TCP model and discusses the TCP throughQuf ohtain the system performance assuming these have been
available under different bandwidth-delay product regimefiyeq Our study can be used to tune these parameters. Let

Section IV obtains new formulae for mean TCP window sizg, genote the PDU error probability in a single transmission
Section V provides a new approximate model of TCP a tempt. Therp, = plNl is the probability that a PDU is lost

develops throughput formulae when the queue length is ngia, makingN; transmission attempts.

negligible but the link also may not be utilized fully. Sexti We are interested in computing the throughput of a TCP

VI utilizes these formulae to obtain throughput for & TCR,hhection in this system. In this section we will compute

connection in a UMTS network. Comparison with simulatiog,q first and second moments of the transmission time a TCP
results is also provided. Section VII concludes the paper. 4 qet takes in the wireless link. These will be used later on
in computing the throughput.
Il. MODEL AND REFERENCENETWORK SCENARIO Let s, be the number of transmission attempts on the

Figure 1 depicts a typical UMTS network environmentk® PDU of a TCP packet. A TCP packet ssiccessful in
Different mobile nodes establish TCP connections withrtheransmission if each of its PDUs is successfully transmitte
hosts on the wired network. We assume that the MSs (Mobiléthin N, transmission attempts. Let be the probability
Stations) are downloading files. We will assume these aieat a TCP packet is lost. Lef; be the total time taken in
persistent connections. However, our formula can be used faansmission of a TCP packet if it is successfully transeditt
ON-OFF TCP connections also, as in [10] and [17]. The TCahd letS; be the time spent if it is not successfully transmitted.
connections pass through separate queues at the base.stdiit S be the time taken in transmission by a TCP packet
We assume that the base station allocates sufficient buifer (successful or lost). Then we have
each queue such that there is no overflow. The base station N
segmems each TCP packet into a fixed number of PDUs and p=1-(1—-p)V, §= Z s T. 1)
transmits them.

We use the following notation for our analysis. Each TCP )
packet is segmented inty PDUs of L bits each. The PDUs WhereT = L/C'. Let A be the event that a PDU is successful
are transmitted successively one after the other. If a PDWtransmission withinV, transmission attempts and I8tbe
is not successfully received in its first attempt, the segldir‘ihe event that a TCP packet is successfully transmittedn The
RLC entity retransmits the PDU until it succeeds. However, = )
there is a limit N, on the number of transmission attempts P(sp=nlA) = "——F—, n=1,....Ni (2
per PDU. If a PDU is not successful in transmission even L=p
after N7 attempts, the PDU and the corresponding TCP packatd

k=1

are discarded from the RLC buffer. The TCP sender has to ol P (1 —m)

retransmit such discarded packets. Else|A] = Z” 1_ N ®)
In the UMTS TDD (Time Division Duplex) radio interface, n=t P

transmission of PDUs takes place in frames of duration Hence E[S;] = NE|[s;|A]T. Let Sy be the number of

msec. Each frame is further subdivided into 15 time slot8ansmission attempts by a dropped TCP packet. Then we have



(because of the specific selective ARQ mentioned above)

N
E[S4] > P(m PDUs are logB)
m=1
(Ny.m + (N —m)E[s|A]) ()
where
P(m PDUs are 1033°) = P(m PDUs are lost )

P(B°)

where P(m PDUs are lost = (Y)p7*(1 — p,)¥~™ and
P(B¢) =1—(1—p,)".
Also, E[S)] = E[S4q]T. Thus we have
E[S] = pE[Si] + (1 — p)E[S,]. (6)
We will also need the second moments,
E[S%] = pE[S?] + (1 — p) E[S?] (7
where
N
Nz:l
= Z [s?1A] + N(N — 1)(E[s1]A])?]
E[Sf] = E| 3] 9)
N
E[SY = Z (m PDUs are los$BB°). (10)
(N1 m+ (N —m)E[s;,|A])? (11)

. TCP MODEL AND THROUGHPUTCOMPUTATION
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Fig. 2. Multiple TCP flows through a single router with fixede@’

stationary distribution for the system. L&[WW;(p;)] be the
time stationary mean window size arfd[q;] be the mean
number of packets at the router queue for tffeconnection.
Let \; be the throughput obtained (in packets/sec) forithe
TCP connection. From Little’s lawy; A; is the mean number
of TCP i packets propagating outside the queue. Thus,
Elgi] = EIW (p;)] -

NA;. (12)

We apprOX|mate the mean sojourn tinfgS] at the router
queue byzj 1 Elq;]E[s;]/C. This is approximately same
for all packets. Thus the throughpit obtained by theit”
TCP connection can be approximated by

\i = E[Wi(p)]C packets/seci =1, ...,

Y Bl Els] + AiC
(13)

This formula was shown to be reasonably accurate in [19].
In (13) we haveN equations withV unknownshy, ..., Ayn.
However these are not linearly independent and hence eequir

N.

In this and following sections we provide a TCP model an@lOré constraints to provide a unique solution. These con-
its mean throughput computation which can be useful not orifffaints depend upon the particular scenario one is indolve

in the UMTS context but also else where. Thus our model mé&y

be more general than needed in the present context.

In scenario 1 when the queue never becomes empty, the

We consider a system with several TCP connections passiAtp! throughput from the queue & bps. Thus,

through one or more routers / queues (Fig.2). The TCP
connections are long-lived and they always have packets to
transmit. Our results can be generalized to ON-OFF TCP

connections [10].

We will consider a single router. Our results have beely tion ).
generalized to multiple routers in [4]. We obtain the TCIT

throughput under the following different scenarios:
1) The router queue never becomes empty.

2) Queueing delay is negligible compared to overall RTT E|

N
}:&EBA:C (14)
Along with the N equat|ons (13), (14) provides a unique
i » & = 1,...,N provided the E[W;(p;)], i =

, N are known.
In the setup of the second scenario, the throu?hput of
connectioni can be approximated b¥[W; (p;)
Wi;(pi)] is available.

3) Queueing delay may not be negligible compared to RTT |n the UMTS setup of Section II, the probability of packet

and also the queue may sometimes become empty.
Together, these three cases cover all possible scenarios.

lossp; will be known (or controllable) based on other system
parameters (as explained in the last section). Often thieapro

We use the following notation in our analysis. There adgility of loss p for a TCP connection depends upon the queue

N long-lived (persistent) TCP connections. For e TCP
connectionWy,.x(7) is the maximum window size); is the

length. For example if RED (Random Early Detection) [9]
is used in the queue then the probabilitydepends upon the

total propagation delay (outside the queue) anid the packet RED parameters (for a TCP connection) and the average queue
length in bits (assumed.i.d for each connection, indepen-length. But the average queue length also depends upon the
dently of packet lengths of other connections). Packetd’of other connections (see [19] for analysis of such a system). |
TCP connection are dropped independently with probabilitpore usual scenario, when there is a finite buffer and taipdr

pi. The link speed isC' bps. Then from [19] we have athe probability with which the packets of a TCP connectian ar



T the RTT is constant and .much larger thEn,..s i.e.,
o B N 8 rstems) | bandwidth-delay product is large).
=N - fonl Most of the above assumptions are commonly made in
literature. TCP-Reno version is the most used version in
practice. The slow start phase lasts for a negligible time.
Also, assuming TCP packet losses toibel is of immediate
relevance to us.
Under the above assumptions the TCP window evolution
process seen after each (constant) RTT is a discrete time
Markov chain (DTMC) with the transition probabilities

Wiy1 = min(Wy + 1, Wiax) With probability(1 — p)"*
= max(1,|W/2]), otherwise (15)

Mean window size
>

2

. .
[ 0.02 0.04 0.06
Packet loss probability

We denote its transition matrix by,. The first equality in
(15) represents the probability of no packet loss in a window
when the window size i8V}.. In this case the TCP increments
dropped depends upon the other system parameters. In siheh congestion window by one packet. The second equality
cases the throughputs obtained by different TCP connextiogpresents the case where atleast one packet loss occurs.
are more complicated to compute (see, e.g., [1]). Hence TCP halves the congestion window. Here we ignore
We consider the scenario 3 in Section V, where the queueitig: probability that more than one packet is lost in a window.
delay at the router may not be negligible compared to théhus time-outs are ignored. This will be a good approxinmatio
overall RTT and also the queue may become empty sometiniesa smallp. We will consider refinements later on.
(and hence (14) may not provide a good approximation). ThisThe above TCP congestion window evolution procgss, }
is a likely scenario in UMTS (especially because at the bagean irreducible, finite state, aperiodic Markov chain. en
station each connection passes through a separate queue)his DTMC has a unique steady state probability veatp(all
As remarked earlier even for scenarios 1 and 2 our approyectors will be taken as column vectors). It is easy to comput
mation (13) for throughput requires computing time stadign E[WW (p)] from =, for any p. However, we are interested in
EW;(p;)]. The E[W;(p;)] can be computed approximatelydeveloping closed form expressions [V (p)]. This can be
from [17], [20]. We do not know any other closed formuseful not only in the present context but also, for examiple,
formulae in the literature. For our purposes, it will be wsef[10], [17] and [19]. For this we expand, as a Taylor series
to have closed form expressions. The formulae B9¥ (p)]  around the poinp = 0. This is done becauseis usually small
in [17], [20] are adhoc and provide reasonable approximatién practice (at least should be) ang is known: 7,(i) = 0
only for low values ofp. Thus in the next section we will except wheni = Wi.x. We will show below thatr, has
theoretically obtain better formulae f&[W (p)]. derivatives of all orders w.r.ip. The Taylor series expansion
for m, is

Fig. 3. Comparison of2[W (p)]: Taylor series

IV. COMPUTING E[W (p)]

In this section we obtain the time-stationary distributi omyp p* m, p" 0"mp
of the TCP congestion window size and ther?the TCPvzft]eagﬁ/_ 770+p87p|":0+§87p?|”:0+' o o =0+
state mean window siz€[W (p)] as a function of the packet o _ _ (16)
loss probabilityp. From (15) we see thaP, |s_d|fferent|able inp. Thus, the
We will assume that the packets are dropped independerfiffivatives ofr, can be obtained as
of each other. This assumption is not satisfied in a Tail-drop % B oy 0 Vee(P,) (17)
queue but is satisfied if RED is deployed at the router or dp — dVec(P,) dp p

in @ UMTS system considered in Section |l when sufficient, 1/ onerator ([12]) is defined as follows. If
interleaving is present in the physical layer. We considgy o

one TCP connection in this section. It is persistent and uses a1l a2 aig
Reno. The key assumptions in this section are: A= | ao1 age ass (18)
1) There is a receiver buffer limitation on the TCP sender’s az1  Gz2 433
congestion window with the maximum window SIZ&henVec(A) denotesayy, ara, ais, asi, ase, ass, asi, aze, ass) L.
Winax . ) The derivative of a vectoX = (x4, zo, . .. ,xn)T with respect
2) TCP ack packets are always successfully delivered 40, vectory — (Y1, 92, .. ym)T is the Jacobian ([12]).
the sender. , , However , is obtained fromr} B, = 7 along with the
3) TCP packet losses are independent events with eqt‘ahstraintzwp(i) — 1. Thus we can not directly obtain
probability p. o, !

. . . . We use the Implicit Function Theorem [18] on the
4) The effect of all packet losses in a window is seen §lge“<Pv) P (18]

o . uation
the end of transmission of a window of packets (for
simplicity one could think of this as a scenario when f(Py,mp) = (I = PBy)'mp+ (mp e —1)e.  (19)



wheree is a column vector with all 1's andlis the identity ma- - [ s
trix. Thenm, is a stationary distribution oP, only if (P,, ;) uor T Treon@rizoted |
is a zero of the functiorf (P,, ). The term(we—1)e on the w00} % Thebmurt-asoee) ||
right hand side corresponds to the constrgifitm, (i) = 1. w sl
We can show that the conditions for the implicit function & |m
. g < 8or 0. g
theorem are satisfied bf(P,,m,) and B R +
5™ ;+
on —1 £
aipp = _v‘frpf(Pp77Tp) vVec(Pp)f(Pp77Tp)- (20) g sor - +
V,Vee(P,) iy CE. ST
((Iipp+A)71)an(ﬂg®l)nxnz' ? \%::éé\:i:j\~~‘\; 7
(Vo Pyt \\\@:::::::::::ée
where 4 is ann x n matrix of all 1's andA ® B is the ° **Packet loss probability %

Kronecker product of matriced and B ([12]).
Using above results, the Taylor series expansionrfowith
two terms and¥ ., = 10, is

Fig. 4. Comparison of throughput in pkts/sec fram/GI/1 approximation

1) Queueing delay and propagation delay both are non-

_ _ T negligible.
™ = (0:0,0,0,10p, 10p, 10p, 10p, 10p, 1 = 50p)"  (21) 2) Queue can become empty for non-negligible time.
and E[W (p)] = 10(1 — 15p). For Wi,ae = M, We limit ourselves to a single queue. Generalization to
P 3M ., ) multiple routers will be considered elsewhere. We will use
EWp)] = 5(=05+—=)M"+M(1-0.5pM") the following notation. The TCP packet lengths will hé.d
if M is even with a generic lengths bits, the propagation delay A sec,
— 1.5|M/2](1+ |[M/2))pM + and the link speed i€ bps. The stationary mean sojourn

time in the queue iF[S] sec and the throughput obtained is
M(1—[M/2]Mp) \ packets/sec.

otherwise (22)  We approximate the router queue by af/GI/1 queue.
However its arrival rate will be obtained by taking into acob

This formula gives reasonable results for smallnd/or the TCP dynamics. Then ([5])

small M (< 20). We can obtain better accuracy fat, if

we use the third term also in (16). Then for,,., = 10, _ AE[(s/C)?]  Elsd]

E[W (p)] = 5(2 — 30p + 63p?). “ 21—, TC
Similarly one can include higher order terms of the Taylo

. ) ° Y10 the mean sojourn time of the packets inaWGI1/1 queue
Z:s)erles to get better accuracy for higher packet loss prbtiedi with the given arrival rate and the packet sizavhere p —

APlsl Thus, when the window size of the TCP connection is

.The accuracy of the model can be further improved for high® .
p by including the effect of time-outs and multiple packg'f'?Xed atWiax We can approximate the throughput by

losses WiFhin a window of transmis_sion in our Markov chain A= e 2Wmax packets/sec  (24)
model. With the newP,, one can again use the above methods AB[(s/C)?] 4 E[g]+A

to efficiently obtainm, and E[W (p)]. )

E[S]

(23)

This equation has a unique positive solution which provides

A. Smulations us the throughpud attained by the TCP connection.

In this section we verify the accuracy &fIW (p)] obtained  If the packets are getting dropped with probabilitythen
in the previous section via the different methods. We udée use the approximation witk'[W (p)] replacingWiax in
NS2 simulations. We consider a single TCP (Reno) connectit#ft) whereE[W (p)] is obtained from Section IV.
between two nodes with a packet size 1000 bytes, link speed 1n [4] we have extended this approximation to the sys-
Mbps, total propagation delay (excluding queueing del&g 1tem where multiple TCP connections pass through multiple
msec and receiver buffer limitatiol,,.. = 10. We consider links/routers.
packet loss probabilities from 0.001 to 0.05 and compare thea  gmulations
smulatedE[W_(p)] with theE[W(p)] obtained via the Taylor . We compare the throughput obtained via thé/GI/1
series aroung=0. We also consider the other formulae used |51 oximate model of TCP studied in this section with NS
[17] and [20]. These results are provided in Fig 3 which shove " ama studied In this section wi

that the Taylor series provides much more accurate formul%']%]mations' We consider a single TCP connection with 1
than those in [17] and [20]. ps link speed,W,,.. = 10 and 1000 byte packet size.

We show the results for propagation delays (excluding the
gueueing delays) 50 msec, 100 msec and 200 msep &nd
0.001 to 0.03. This way we will cover all the three scenarios
considered above. The results are provided in Fig 4. One sees
In this section we consider the scenario 3 of Section Ill: a good match with simulations ti = 0.01.

V. TCP THROUGHPUT FORNON NEGLIGIBLE QUEUEING
DELAY AND IDLE TIME
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Fig. 5. Throughput for UMTS in pkts/sec

retransmission of PDUs at link layer, there can be significan
random queueing/transmission delays at the wireless.|Dks

the otherhand the link may not be fully utilized. For such
a scenario the existing TCP models do not provide accurate
throughput. Therefore, we develop new models to compute the
mean TCP window size and the throughput. We have shown
that our theoretical model provides a good approximation to
the TCP throughput in a UMTS network.
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