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Abstract: This study deals with the throughput analysis of data services over high-speed downlink packet access
(HSDPA) systems. The achievable throughput is calculated with an approximate analytical method based on the
Padhye model that has two input parameters: the packet loss probability and the transmission control protocol
(TCP) round trip time. The proposed solution is to calculate these parameters with an equivalent queuing network
model of the HSDPA system that takes into account the possible congestion points in the system and the protocol
layers that have dominant impact on the delay and packet drop. The modelling considerations and the analysis
method are described in detail. Finally, the model is validated with a performance study of the HSDPA system that
is executed with detailed NS2- based simulations too. The proposed method is found to be reasonably accurate

requiring less computational effort than the simulations.

1 Introduction
High-speed downlink packet access (HSDPA) is a packet-

based downlink service for data users over the universal
mobile telecommunications system (UMTS) with data rates
ranging up to several megabits per second [1].

In conventional UMTS, Layer 2 protocols of the radio
protocol interface, such as radio link control (RLC) and
medium access control (MAC) protocol, are terminated in
the radio network controller (RNC). Physical layer
protocols of the radio interface are implemented in the
Node-B that is connected to the RLC via the Iub
interface. In acknowledged mode (AM), the RLC is
responsible for error-free, in-sequence delivery of the user
data. This is achieved by retransmissions based on the
automatic repeat request (ARQ) mechanism. RLC
retransmissions increase the Layer 2 round trip time (RTT)
and may trigger TCP timeouts.

In HSDPA an additional protocol layer located in the
Node-B (see Fig. 1), namely MAC-hs, was introduced,
which makes Node-B controlled fast adaptation of the
modulation and coding scheme, fast scheduling and

retransmission handling with the Hybrid ARQ_(HARQ)

functionality possible. This solution reduced the Layer 2
RTT when retransmissions are required because of erroneous
data transfer. Although retransmissions are handled by the
Node-B, RLC ARQ_was maintained in the system for
compatibility reasons with the earlier (Release '99) network
solutions, that is, to support the channel switching between
HSDPA and Release '99 transport channels, and to provide
the capability of soft handover control. The RLC ARQ_still
handles retransmissions if the maximum allowed number of
MAC-hs retransmissions is exceeded or there are packet
drops on the transport network. The RLC retransmissions
increase the RTT of the data connections using HSDPA
service. In addition, as RLC retransmissions might also be
triggered by increased transport delays, the RLC contributes
to the congestion. These factors and the in-sequence delivery
of the user packets by the RLC lead to the fact that, the
TCP flow control is incapable of detecting and resolving the
congestion situation on the Iub interface. As a result, the
TCP notices the congestion only upon Timeout or when
finally the RLC discards the packets that have reached the

maximum number of retransmissions.

The distribution of the radio protocol architecture between
the RNC and the Node-B requires that a flow control
algorithm - the HSDPA flow control [2] - is
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Figure 1 Overview of the protocols of HSDPA

implemented. With this algorithm, the Node-B controls the
amount of data sent from the RNC in order to keep its
buffers at optimal level so that the air interface capacity is
not wasted, and at the same time the delay on the Node-B
buffer is kept not too high. Typically, the HSDPA flow
control monitors the Node-B buffer size and the amount of
transferred packet data units (PDUs) over a sampling
period without considering the available resources on the

Iub transport network shared by real time, non-real time
and HSDPA services.

A good indicator of the level of service an HSDPA access
network can provide to the mobile users is the achievable
TCP throughput. There are numerous papers on the TCP
performance in HSDPA. Several papers apply discrete
event simulation to study the TCP performance over
HSDPA [3, 4]. Some other papers present analytical
solutions by modelling the behaviour of the Node-B only.
In [5-8] the throughput of TCP traffic is evaluated based
on analytical formulas and Monte-Carlo simulation. In [9]
a queueing model is presented for the Node-B with
compound poisson process traffic. These results cannot be
used for transport network dimensioning since they do not
model the transport network at all, thus the case when the
transport network is the bottleneck is not covered. The
analysis of the UMTS terrestrial radio access network
(UTRAN) including the transport network is provided in
[10] but some random and probabilistic terms are involved
in the solution that are difficult to be determined

analytically. Therefore simulations have been used to obtain
the TCP throughput. In [11] a completely different, elastic
approach is used to analyse the throughput in the
UTRAN. However, in that paper the focus is on the
performance analysis of a specific congestion control
algorithm, and it assumes ideal elastic traffic and no buffers
in the network, thus it is not suitable for link capacity
dimensioning.

In this paper we propose an analytical throughput model
for TCP connections in the HSDPA UTRAN. This
model includes all the buffers of the network devices and
protocol entities the packets have to pass through in the
radio access network when transmitted from the RNC to
the user equipment. We provide an iterative procedure that
approximates the TCP throughput based on the RTT and
loss values calculated from the queueing network model.
The main purpose of our method is to support transport
network dimensioning, thus to investigate how the TCP
throughput changes with the link capacity of the transport
network.

The rest of the paper is organised as follows. Section 2
gives a short technological overview on the HSDPA
UTRAN. It describes how the packets are delivered from
the RNC to the user equipments (UE) and introduces a
queueing network model of the system. Section 3
summarises the concept of the approximate throughput
calculation and describes in detail the queuing network
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model of the system. Numerical examples and the
performance evaluation of the system are provided in
Section 4, finally Section 5 concludes the paper.

2 System overview and the
equivalent queuing model

The overview of the radio access network configuration in
case of HSDPA service is shown in Fig. 1. After header
compression in the packet data convergence protocol
(PDCP) layer, the incoming data (TCP/IP) packets are
segmented and encapsulated by the RLC AM entity.
These segments (PDUs) are scheduled by the MAC-d
layer according to the HSDPA flow control commands.
The RLC entity actively polls the user equipment (UE)
that responds with status PDUs indicating the sequence
number of lost and received PDUs. Lost PDUs are
retransmitted. The master of the HSDPA flow control is
the MAC-hs located in the Node-B. It grants resources to
the HSDPA connections (MAC-d flows) at the RNC by
sending a high-speed dedicated shared channel (HS-
DSCH) Capacity allocation message that includes the
allocation size, that is, the number of PDUs and their
maximum size (HS-DSCH credits, MAC-d PDU length),
the interval the data can be sent at (HS-DSCH Interval)
and the validity period of the allocation (HS-DSCH
Repetition Period). This message is sent either solicited,
upon reception of a HS-DSCH CAPACITY REQUEST
message from the RNC, or unsolicited. The HS-DSCH
frame protocol (FP) assembles a frame out of the scheduled
PDUs and transfers it to the ATM adaptation layer type 2
(AAL2), where these frames are segmented to 45 bytes,
and encapsulated into common part sublayer (CPS)
packets. The size of the CPS-packet header is 3 bytes, thus
the maximum size of one packet is 48 bytes. The CPS-
packets are eventually assembled into CPS PDUs and sent
to the destination via the virtual channel connection
(VCC). The CPS-PDU header is 1 byte long, thus at
maximum 47 CPS-packet bytes can be fitted into one
asynchronous transfer mode (ATM) cell. As queues are
intrinsic to the HSDPA system, a natural approach to
model the TCP RTT - which is an important parameter
with impact on the overall TCP performance — is to create
an equivalent queuing model. Accordingly, the potential
bottleneck points that dominate the downlink delay have to
be identified (in case of mobile services the users are mainly
downloading content to their mobiles loading the system
mostly in downlink). The developed model focuses on the
downlink performance, whereas the uplink delay is
modelled with a constant delay. Packet drop (p) can appear
at these bottleneck points because of buffer overflow or
when the maximum number of retransmissions is reached.
There are three such points in the system:

e The buffers of the RLC layer where the RLC PDUs
(resulted from the segmentation of the user packets) are
stored until a positive acknowledgement arrives or the

maximum number of retransmissions is reached and the
RLC AM entity discards them. The RLC buffers are
scheduled by the MAC-d layer based on the credits
received from the Node-B (MAC-hs entity). These credits
are calculated in order to maximise the air interface
throughput. The congestion situation over the Iub links is
not necessarily taken into consideration, thus the RLC
layer can easily overload the transport network. In this
model, it is assumed that the uplink delay of the HS-
DSCH CAPACITY ALLOCATION message is zero.

o The buffers of the AAL2/ATM transport network. As the
transport network is a shared and limited resource, congestion
may occur leading to increased delay and eventually to packet
drops. In this paper the transport network is modelled with
one buffer corresponding to the bottleneck link.

e The MAC-hs buffers in the Node-B. There is one buffer
per MAC-d flow (HSDPA connection) that stores the
MAC-d PDUs waiting for transmission. The amount of the
MAC-d PDUs that can be transmitted in a 2-ms long
transmission time interval (T'TI) depends on the reported
channel quality indicator (CQI). In case of transmission
failure, the MAC-d PDUs are retransmitted. If the
maximum number of retransmissions is reached, the MAC-
d PDUs are discarded by the HARQ_and the RLC ARQ_
will handle further retransmissions.

An overview of the queueing network model of the system
is shown in Fig. 3. The three components of the queuing
model, that is, the RLC buffers, the transport buffer, and
the MAC-hs buffers, are located at different protocol
layers. Each flow has a dedicated buffer at the RLC layer
that stores the PDUs resulting from the segmentation of
the TCP packets. The MAC-d schedules these buffers
independently based on the credits received from the
Node-B. PDUs are discarded in case of buffer overflow or
when the maximum number of retransmissions is reached.
Each PDU is stored in the buffer until the positive
acknowledgement is received or until PDU discard
procedure is executed by the RLC.

The transport network is modelled by one buffer
representing the bottleneck link. ATM cells are discarded
at buffer overflow. At the Node-B, each MAC-d flow has
a dedicated buffer. At each 2 ms TTI, the proportional fair
(PF) scheduler selects the buffer to be served based on the
average throughput of each flow and its instantaneous
channel quality. Upon an erroneous transmission over the
air interface, the PDUs are retransmitted until the
maximum number of transmissions is reached.

3 Concept of the TCP
throughput calculation

There are several models available to calculate the TCP
throughput. The most popular one is the so-called Padhye
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model [12]. This model essentially gives a simple formula
that expresses the TCP throughput (B) as a function of the
packet loss (p) and round trip time (RTT) (see (1))

In the formula p denotes the packet loss probability, & is
the number of packets covered by one acknowledgement
(4 =1 is assumed in this paper), T} is the timeout (we use
T, = 1.5s), RTT is the round trip time of the packets, ¥,
is the random wvariable denoting the unconstrained
congestion window size, W, is the maximum value of the
constrained Congestion Window size. E(-) 1is the
expectation operator and accordingly E(W,) is the mean
unconstrained window size given by

_ 2
E(%):2325+\/8(13[7PP)+(2;5> )

Q(-w) is the probability that a loss in a window of size w is due
to timeout, calculated with the formula

Q(w) = min (1 (1-(1-p)A+A-p’a-(1- p)ws))>

1-1-p"~
3)

Finally, /(p) is a simplifying notation [12]
F@ =1+p+2p" +4p° +8p* +16p° +32° (4

Thus, the two unknown parameters of the TCP throughput
calculation are the Round Trip Time (RTT) and the packet
loss probability (p). Since the major part of the RTT is spent
as waiting time in the buffers of the network devices, and the
packet loss occurs because of saturated bufters or air interface
errors, we model the HSDPA system by a queueing network.
To reduce complexity, we decided not to involve the micro-
behaviour of the TCP flow control into the model. Instead,
we consider the TCP traffic as a flow of packets having a
constant intensity.

By assuming a constant rate TCP traffic, the RTT and p
are calculated using the queueing network model of the
system described in detail in the next sections. Once the
RTT and p are known, the TCP traffic intensity
corresponding to p and RTT can be calculated with the
Padhye model. This value is not necessarily equal to the
TCP rate assumed initially. In this case the initially
assumed TCP rate is adjusted, and throughput calculation
is repeated until the equilibrium is reached. The output of
the method will be the TCP rate B* that — when loaded
into the queueing network model — results in a p and RTT

www.ietdl.org

with which the Padhye model provides the same TCP
throughput, thus B* = B(p, RTT).

We are aware of that several assumptions of the Padhye
model are not met (we have multiple connections, different
loss pattern and highly varying RTT) but the complexity of
HSDPA transmission made it impossible to come up with
a TCP model tailored to HSDPA characteristics. Instead,
we follow the tagged traffic approach: a tagged TCP flow is
taken, the mean network delay and packet loss probability
are calculated, and the mean throughput is obtained with
the Padhye model assuming that the tagged one is the only
traffic in the system (the same approach has been applied
in [13]).

3.1 Overview of the calculation algorithm

Throughout the paper we consider a parameter setting given
in Table 1. The selected TCP parameters are typical in the
recent TCP implementations over various operating
systems. The buffer sizes and the maximum number of
retransmissions are typical in case of HSDPA. The P, and
P, parameters are throughput independent, they depend
only on the SIR target, modulation and coding.

As described in Section 3, the TCP throughput over
HSDPA is calculated as the load (Apcp) that carried over
the network causes a round trip time RT'T and packet loss
p such that the Padhye formula (1) results in the same
throughput that is, B(p, RTT) = Apcp.

The equilibrium of the load is calculated by a simple interval
bisection method summarised in the Algorithm given in
Fig. 2. At the beginning of the algorithm, the lowest
possible throughput is initialised to @; =0 in line
1. The mean TCP throughput cannot be larger than the
average air interface throughput, thus the upper limit of the
interval bisection is initialised in line 2 to be E(Syoge-p)- In
each step, the queueing network shown in Fig. 3 is analysed
in line 6, the packet loss and mean RTT is calculated. In
lines 8 through 11 the upper and lower bounds of the
interval are adjusted depending on the relationship between
the actual TCP throughput assumption, Apcp and the
throughput  calculated ~with the Padhye formula

Apapnye = B, RTD)Kfr/f-

Parameters p and RTT are results from the analysis of the
queueing network (Fig. 3). The users are assumed to be
identical, the calculation is performed for one selected
(tagged) user. Accordingly, the queueing network seen by
the tagged user consists of three nodes: the RLC bufter,

1—p/p+EW,) + QEWN/1—p

B(p, RTT) =

RTT(6/2EW,) + 1)+ QEWNT, f(p)/1—p’
1= p/p+ W + QEWN/1—p

if EW,) < W,
1

otherwise

RTT(6/8Wpe + 1 — p/pWe +2) + QW) To fF(P)/1 —
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Table 1 Parameters contained i

n sysparam

Description Notation Value
the number of HSDPA users K 16
the RLC buffer size (PDUs) 1000
transport node buffer size L 2000
(ATM cells)
Node-B buffer size (PDUs) 1000
maximum number of RLC R 6
(re)transmissions
maximum number of HARQ M 3
(re)transmissions
TCP packets acknowledged by b 1
one ACK
TCP timeout interval To 15s
maximum TCP congestion Winax 48 KB
window size
block error rate over the air P, 0.01
interface
prob. of two successive P 0.001
erroneous transmissions
service distribution at the air Pr(§ =k) From
interface trace file
TCP packet size fr 1500 byte
size of MAC-d and RLC PDUs fm 336 bit

/

accuracy parameters € € 1
transport link capacity C

the transport (ATM) buffer and the MAC-d buffer at the
Node-B. This queueing network does not belong to the
class of queueing networks for which an exact solution is
known, thus a traffic decomposition-based approximate
analysis has been developed [14]. The analysis starts with
the first queue. In addition to the performance measures of
interest, the output process has to be approximated, too.
This approximate departure process is the arrival process at
the next queue in the network that can be analysed in the
same way. The calculation is repeated until the last queuing
node is analysed. As the network has feedback traffic (RLC
loss is modelled as if the lost PDUs were re-inserted into
the RLC buffer), an iterative solution method has to be
used. Initially it is assumed that there is no feedback traffic;
the whole network is analysed and the feedback traffic
(amount of PDUs that must be retransmitted) is calculated.
In the next iteration step this feedback traffic is added to
the traffic of the first queue. The iterations are repeated
until the difference in the results will not exceed the
accuracy parameter. The algorithm is summarised in Fig. 4.

3.2 Model of the RLC buffer

The model of the RLC layer (referred to as solve rlcin
line 4 in Fig. 4 is based on the observation that the service
process of the RLC buffer (thus, the arrival process at the
RLC PDUs to the transport network) is controlled by the
HSDPA flow control. To achieve efficient air interface
resource usage, the Node-B grants credits to each flow
based on the reported channel quality and the measured
average throughput of the flows. At each HSDPA
scheduling interval, the MAC-d scheduler will transmit the
amount of PDUs defined by the received credits. In this
paper we assume that scheduling interval is 10 ms (that is a

typical value), thus PDUs are scheduled at each

The TCP Throughput Calculation Algorithm

INPUT: sysparam//the system parameters are listed in Table 1

OUTPUT: ~//the TCP throughput
a; = 0/ /the lowest possible throughput value

1:

2: as =

3: set A\oq to be larger than Apcp =
4.

5: Aold = ATCP

6: p, RTT = QN Analysis (Arcp)
7

8: if ApaDHYE > Atcp then

9: a1 = Arcp

10:  else

11: ag = /\TCP

12:  end if

13: >\TCP = L;M

E (Sxode-B)//the upper bound is the average air interface throughput

14: end while

15: return 7y = Afys//harmonize units

a1+a2

plus e.

while |Arcp — Agd| > € do //the loop of the bisection method

Apapnye = B (p, RTT) - K fr/fu //Apply Padhye model as in (1)

Figure 2 TCP throughout calculation algorithm
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Figure 3 Overview of the queueing network model of the system

TTIgic = 10 ms. The calculation of the amount of PDUs
that can be sent at a given scheduling instance is based on
the assumption that the Node-B has perfect knowledge of

(Note that here we sum five random variables, thus the
distribution of Sy;c is the 5 fold convolution of the
distribution of Sy,ge-p)-

the air interface conditions, thus the distribution of the
number of MAC-d PDUs that can be transmitted over the
air-interface at each 2ms HSDPA TTI is known (see
Section 3.4).

The arrival process at the RLC buffer consists of the
traffic at the input of the system (having an intensity of
A;,/K) and the PDUs that are retransmitted by the RLC
AM entity (this is how RLC losses, denoted by Apg, are
modelled). Apg is calculated with (38). At this calculation
step Poisson traffic with a total arrival rate of A’ is
assumed. The Poisson assumption has been used because
of its simplicity (it has only a rate parameter) and because
it is closed to the basic traffic operations like splitting and
superposition.

Based on this assumption, the number of PDUs the MAC-d
scheduler can transfer (given that there are enough PDUs in the
buffer) during a 10 ms time slot (denoted by Sk ) is given by

5
SRLC = Z SNode—B (5)
1

The QN Analysis method

INPUT: )\, //the load generated by the TCP sources

OUTPUT: p, RTT//packet loss and mean round trip time

N = %//the throughput of the tagged HSDPA uscr

set AL, to be larger than A’ plus €.

while [\ — AL4| > €/ do //loop to find the equilibrium value of X’
(Prrc, E (Thic), Drrc) = solve rlec(N)//see Section 3.2
(P, E(Try), D) = solve tr(C, Dric)//see Section 3.3
(PNode-Bs E (TNode-B) s Au) = solve node-b (S, D)/ /see Section 3.4
pr. < (Prr, PNode-B, Prarq)//the loopback probability given by (36)

D= //the probability that the PDU is resent by RLC
L

5;11(17PL>k—1p

10: N 4=

11: end while

12: (Dy, Ds) < (Prv, Pxode-B, Prarg: E (Trrc) , E (T're) , E (TNode-8))//(40)
13: RTT = Dyr, + Y1, p}"%lp;“) ((k—1)D, + D,)//the RTT as in (41)
14: p=1— 2L //the TCP loss probability given in (42)

Figure 4 QN Analysis method
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Thus we have

Ain
/\/ - f + )\FB (6)

The distribution of the number of packets entering
the RLC buffer in a 10 ms interval is calculated as
follows

oy ()‘/TTIRLC)k NTTIg o

£=0,1,2, ...

The distribution is truncated at N such that the
probability of the cut-off part of the distribution is
reasonably small (< 107%).

The queue length evolution embedded at TTI; - long
time slots is then modelled by a discrete time Markov
chain (DTMC) according to the following evolution

equation

Xn+1 = (mln(Xn +An+1’ L) - Sn+l)+ (8)

where X, ; is the queue length, 4, ; is the number of
arrivals and §,,; is the number of packets served in the
n+ 1st time slot, L is the buffer length, ()" denotes
max(0, -).

The 7 jth element of the transition probability matrix (P)
of the DTMC is given by (L denotes the length of the
RLC buffer, V is the support of the truncated Poisson
distribution generating the arrivals) (see (9))

In the first case, the queue level is so low that there can
be no loss, thus the transition probability equals the
probability that there were j— i more packets served
than arrived. In the second case, the first (second) term

The steady-state solution () of the DTMC is given by
the solution of the linear equation system

P =

1

) (10)
o =1

1

Having the steady-state solution, the loss probability at the
RLC buffer is calculated as the ratio of the mean number
of lost and of the mean number of arrived PDUs during a
TTIg;c = 10 ms time slot

ZiL:O ; ZQI:O max(0, i + 2 — L)Pr(Ag; c = 4)
ZiL:O T Zfév:O kPr <ARLC = k)

PRLC =

(11)

The system time of the PDUs in the RLC buffer is calculated

using Little’s theorem

E(Xgic)
Pric)E(dgic)

1
E(TRLC) - (1 — TTIRLC + ETTIRLC (12)

where E(Xpyc) is the mean queue length. Since this is a
discrete time model but arrivals can happen in continuous
time, the model does not differentiate between arrivals at
the beginning of the scheduling interval and at the end of
it, that is, as they would not have different system times.
Assuming that the arrival instants are uniformly
distributed over the scheduling interval, the system time
computed from the embedded DTMC is increased by
the half of the interval.

During the analysis of the queueing network, the
departure process from the RLC buffers has to be
calculated as this is the arrival process at the transport
buffer. We assume that the departures are independent

corresponds  to arrival sizes without (with) loss, and identically distributed (i.i.d.), with the distribution of
respectively. the number of departing packets in a TTIg;c interval
% o Prldgrc = &) X0 o Pr(Sprc = i+ &+ ), j=0i<L-N
i Pr(dAprc = B 5 o Pr(Spic = i + £+ €)
) X PrSpie = L+ 0), S i Prldp e =8, J=0i=L-N 9
2ty = j>0,i<L-N ©)

Yo Prdgic = APr(Sprc =i —j +4),
o Pr(dgic = APr(Sgrc =i —j +4)
+Pr(Sprc = L —) ZQI:L—HI Pr(Agic = 4)

7j>0,i>L-N
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computed by

o0

L
i=0 J=k+1—i

L 0
+ Z WiPr(ARLC = é - l) ZPI'(SRLC 2])
i=0

i =k
(13)

This expression consists of two terms: the first corresponds
to the case when there are enough packets in the buffer,
the number of departing packets is determined by the
number of packets the server can serve whereas in the
second term the server could serve more packets than the
buffer content.

3.3 Model of the transport buffer

In this paper we consider an AAL2/ATM-based transport
network (the transport link buffer model and its solution is
referred to in line 5 of Fig. 4). The AAL2 layer is

multiplexing the user connections into one constant bit rate

(CBR) VCC, with capacity C.

The ATM switch works in continuous time in contrast
with the MAC-d and PF schedulers that are working in
time slotted manner. In order to avoid mixing the
continuous and discrete models, we decided to apply a
discrete time model for the transport buffer as well. The
RLC buffer is scheduled with TTIzc =10ms
transmission interval and the PF scheduler in the Node-
B is forwarding PDUs with a TTIy,4.-p =2ms. The
selected time slot for the transport buffer is the minimum
of these two, for example, TTl;, =2ms is used to
approximate the transport buffer mainly because this
value allows finer resolution in time than a model with
10 ms interval. Another assumption is that in the model
the transport buffer stores and transmits RLC PDUs
instead of ATM cells. Since the RLC PDUs are the ‘data
units’ in other parts of the network, using the same data
unit in the transport buffer simplifies the calculation

significantly.

The distribution of the number of arrivals in a time slot
is derived from the distribution of the number of
departures from the RLC layer (Dg;c). The departure
process of the RLC corresponds to a 10 ms TTIg;,
whereas the transport buffer model has a 2 ms TTIp,.
Thus, as a first step a conversion has to be applied
between the MAC-d scheduling interval and the
transport time slot, having a departure distribution from
the RLC layer in a five-time longer TTIy; . Assuming
that the 7/ PDUs arrived in a TTIg; o are distributed
randomly over the 2 ms long TTIy, we can define the
following distribution for the number of packets arrived
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in TTITr

00 i1 k 1 i—k
Pr(Dy,, =4 =Y Pr(Dgic = i) ] (5> (1 - 5) (14)
i=k

When calculating the distribution of the number of arrivals to
the transport buffer, the whole traffic aggregate has to be
considered since each user connection is multiplexed into

one VCC. Thus, with denoting the number of HSDPA

users by K we have

K
ATr = Z D2 msy, (15)
1

(Note that here we sum K random variables, thus the
distribution of A, is calculated as the 5- fold convolution
of the distribution of D, .)

The service time of the RLC PDUs in the transport buffer

is calculated as

_ RLC packet size with overheads

D
c

(16)

The transport overheads are considered with the following
formula

RLC packet size with overheads

(424 + 24 E(Dp )y + 72
=M (376 A EDucl ) an

overhead

The size of an ATM cell is 424 bits. The overhead
consists of the ATM header (40 bits) plus the 8-bit
long CPS PDU start field belonging to the AAL2
protocol; this gives an overhead ratio of 424/376.
Additionally, there is a 24-bit long CPS packet header
per an RLC PDU (f; +24/A) and finally the 72-bit
long HS-DSCH FP frame header that carries E(Dg; )
RLC packets in an average.

In our system having TTIy, long time slots the number of
PDUs served in a time slot is TT1y,/D. The problem is that
this is a real number — but since this system is discrete, only
an integer amount of PDUs can be served in a time slot. To
overcome this problem we obtain an average number of
TTIr,/D served PDUs by serving either F = | TTly, /D],
or F'+ 1 PDUs according to a random choice given by the
fractional part of TTIy, /D as follows

TTl,
Pr(Sy, =F)=1-— (T— F)

TTIy,
D

(18)

Pr(Sp, =F+1) = (19)

Of course, all PDUs can be served if the number of PDUs
waiting in the buffer is less than F.
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The queue length can be modelled by a DTMC similar to
the one we applied for the RLC buffer, that is

Xn+1 = (mln(Xn +An+1? L) - Sn+1)+ (20)

where X, is the queue length, 4, ; is the number of arrivals
and §,,, is the number of PDUs served in the 7 4 1st time
slot, L is the buffer length.

Based on the distribution of the number of arrivals and
served PDUs, we can create the transition probability matrix
of the DTMC such that the 7 jth element will be calculated
in the same way as in the case of the RLC buffer (see (21))

The computation of the loss probability is similar to the
one applied at the RLC modelling

po B a0, = Dl =)
Tr = _ P .
Y ™ Yoo Prldr, =)

The numerator is the expected number of lost PDUs and the
denominator is the expected number of PDUs received
correctly. Here we also used the truncated and renormalised
arrival distribution with support [0, N] and the steady-state
solution of the DTMC ().

The system time of the PDUs in the transport buffer is
calculated based on Little’s theorem as (see (12))

E(Xt,)

F = = B0

TTI;, + %TTITr (23)

The calculation of the departure process is similar to that of
the same parameter in case of the RLC buffer.

I-F )
Pr(DTr = é) = Z T; Z Pr(ATr :j)PI‘(STr = k)
=0 j—hfl—i

L-F o
+ Z mPr(Ar, = & — i) Z Pr(St, =)
=0 =
(24)

3.4 Model of the MAC-hs buffers
In this paper it is assumed that the MAC-hs buffers are

channel quality and the average throughput of the users
with the scope to achieve high level of resource usage and
in the same time to provide high level of fairness to the
users. The scheduler selects one user for a transmission at
each scheduling instance (at every TTIy 4.-g = 2ms). The
reported CQI defines the modulation and coding scheme
and thus the number of MAC-d PDUs that can be
transmitted during a TTI. Since the channel conditions
can change quickly, temporary traffic overload can occur in
the Node-B. The arriving PDUs are stored in the MAC-
hs buffers (there is a separate buffer for each flow).

The modelling of the HSDPA air interface model is out of
the scope of this paper. Instead, the MATLAB-based tool
of the Eurane project (see [15]) has been used in order to
obtain the distribution of the number of MAC-d PDUs
that can be transmitted in a TTI (P(S=+%). This
distribution has been generated by assuming saturated
buffers without taking the impact of HARQ_ into
consideration [16].

To obtain the service process of the MAC-hs buffer first
the effect of HARQ_is included in the model. According
to [5, 6] the probability of properly decoding the packet at
the user side and thus the probability of the error-free
transmission after ; trials is

— 1 - Pe’ . ] =1
Py = {Pef—lpsf—za —PP), ;> (25)

The values of P, and P, are listed in Table 1. A MAC-d
PDU can leave the queue either when it has been
transmitted successfully or when the transmission fails if
the maximum number of retransmissions is reached.
Considering that the maximal number of trials is M, the
expected number of time slots before a PDU can leave the
queue, and thus the expected number of retransmissions

before successful transmission or failure, is

M M
E(H) =) jP;+ M(l -y 1?,) (26)

Jj=1 Jj=1

Thus the fraction of time slots occupied by retransmissions in

which no MAC-d PDU can leave is

scheduled by a proportional fair algorithm. This scheduler Py=1- 1 27)
makes the scheduling decisions based on the instantaneous E(H)
Yoo Prdr, =&Y 1 Pr(Sy, =i+ £+ 0), j=0,i<L—(N-F)
i PrAr, = B Pr(Sy, = i+ &+ )
Y PSy =L+ O, i Prdy, =4, j=0,i>L—(N—F) o1
Py = 3% o Pr(dy, = APr(Sy, = i —j + ), J=0,i<L—-(N-F)
i Pr(A, = APr(Sp, =i —j +4)
+Pr(Sy, = L— /) Y0, i1 Pr(dy, = &), j>0,i>L—(N—F)
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Finally, the distribution of the number of MAC-d PDUs that
can be transmitted in a TTI taking the retransmissions also
into consideration is (we assume that retransmission

happen with probability Py)

Pr(Snode-B = 4)

Ja-pypeS=m+P;, 2=0

_ i=k (28)
(1= PPe(§ = &),

The distribution of the number of arrivals at the MAC-hs
buffer is calculated by assuming that the packets arriving
from the transport network are directed to the buffer of the
tagged user according to a random choice with probability
1/K; resulting in the following binomial distribution

© i 1 % 1 i—k
Pr(ﬂNode—B = k) = Zpr(DTr = Z)<k) (E) (1 - E)
i=k

(29)

Contrary to the other two nodes the queue length evolution
of the MAC-hs buffer is

X +1 — min ((Xn - Sn+1)+ +An+1’ L)

n (30)
This means that only those MAC-d PDUs can be served by
the PF scheduler that have arrived before the beginning of
TTI. The 7 jth element of the transition probability matrix
is (see (31))

After the computation of the steady-state solution, the loss
probability is calculated as the ratio of the lost and arrived
PDUs in a TTT as

Yiom Yo max(0, i + 7 — L)Pr(Ayoge-5 =7)
Zf:o T Z;):o/ Pr(Anode-s =)

P Node-B =

(32)

Prode- 1s the loss probability of PDUs because of buffer
saturation and tail drop at the Node-B. However, at the
Node-B the buffer saturation is not the only event that
leads to packet loss. If the air interface quality is bad, and
the HARQ_ mechanism fails, the MAC-hs discards the
PDU from the corresponding HARQ_ register and the
retransmission of the PDUs falls back to the RLC layer if
the maximal number of retransmissions (M) has been
reached. The probability of such events is denoted by

www.ietdl.org

Piiarq and computed as

M

Piprg =1-) P
=

(33)

The system time of the MAC-hs buffer is calculated using

Little’s theorem as

E(XNode-B)
(1 - PNode—B)E(ANode—B)

1
+ §TTINode—B

E(TNode—B) = TTINode-B

(34)

where E(X) is the mean queue length, and the addition of the
extra time of half-T'TIy 4.-p in the second term has the same
explanation as in case of the RLC and transport network
models.

For the queueing network analysis, the departure intensity
of the Node-B buffer is needed. The number of MAC-d
PDUs per TTIy4.-p equals the minimum of the number
of packets in the buffer and the number of packets that can
be served. This gives

1 L *

e Y Y Pr(Snugg = A minG, A)
TTINode—B i=0 ; Node”B

AU
(35)

3.5 Feedback link

In our queueing model the PDUs lost at different parts of the
network are considered as if they were entering the RLC
buffer again for repeated transmission. The feedback link in
Fig. 2 ‘collects’ these lost packets. In this section we
calculate the traffic intensity on the feedback link. This
traffic (with Poisson assumption [14]) is added to the
traffic entering the network during the analysis of the RLC
model.

As a first step the probability of a PDU loss (due to any
reason) in the network after leaving the RLC buffer is
calculated. This probability is denoted by p; and computed by

PL:PTr+(1_PTr)pNode-B+(1_PTr)

36

X (1 = Pyode-)PHARQ. (36)
It can happen that a retransmitted PDU is lost. After a given
number of RLC-level retransmission attempts (R) that equals
the maximum number of RLC retransmissions the PDU is
discarded and loss is detected by the TCP flow control. In
this case this PDU does not enter the RLC buffer again

S0 Pr(dnoge-s = APr(Snoaep = i —j + &)

P =

M+Pr(ﬂNode—B :]) Zzo:i Pr(SNode—B = 'é)y
Y o Pridnoge-g = APr(Snoge-g =1 —J + 4),

i<k, (31)

i>k,
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(as long as the higher layer entity does not resend it). The
probability that PDU loss did not reach the maximum

number of retransmission attempts thus increasing the load
of the RLC buffer is calculated with

p= 25—1 (1- }’L)ki1
Y-

(37)

(we assumed truncated geometrical distribution for the
distribution of the number of retransmissions).

With the above considerations the traffic of the feedback
link is computed by

App = ppry (38)

where A, denotes the mean departure rate of the RLC buffer.

3.6 TCP-level packet loss and the RTT

In this section we describe the calculation of the TCP-level
performance  measures based on the buffer-wise
performance measures [given by (11), (12), (22), (23), (32),
(33) and (34)].

The delay of one packet assuming that it has not been lost
in the system is composed by the delay gathered in the RLC
buffer E(Tyic) in the transport buffer E(7%,) and in the
buffer of the Node-B E(7\,4ep)- Thus, if a packet starting
in the RNC buffer arrives at the user equipment
successfully, its delay is

= E(Tgyc) + E(Tr,) + E(TNode-B) (39)

If it has been lost somewhere, it is put back into the RNC
buffer for retransmission, but before it gets lost it spends
some time in the network that counts into RTT, denoted
by D,. This delay depends on in which queue the loss
occurred. With probability Pr,/p; the packet got lost in
the transport network buffer (given that is has been lost
during the transmission trial) and before getting lost it
spent E(Tx;c) time in the network. If it has been
successfully transmitted on the transport network but the
loss occurred because of the saturated buffer at the Node-B
(that happens with probability (1 — Pr,)Pyoge-/PL), it
spent E(Tgic) + E(Tr,) time in the network before
getting lost. Finally, with probability (1 —Pp) (1—
Prode-B)PrARQ /71, it is possible that the packet passed
through the transport buffer and the buffer at Node-B, but
it got lost on the air interface because of the bad channel
conditions. In this case the delay before getting lost is
E(Tpic) + E(Tr,) + E(Tnoge-)- Thus, the delay of an

unsuccessful transmission trial is as follows

D, = [Pr,E(Tric) + (1 = Pr,)Pnode-(E(TRic) + E(Tr,))
+ (1 = Pr)(1 — Pode-)Prarg.

X (E(Tgic) + E(Tr,) + E(Tnoge-s))1/P1
(40)

If a packet has been transmitted £ times before successfully
received, the mean RTT can be calculated as the sum of
the mean delays of Z— 1 unsuccessful trials and one times
the delay of a successful transmission. Using the geometric
distribution assumption for the number of retransmission
attempts again, we have

pa - PL)

RTT = DUL+ZP ((k—1)D, +D) (41)

where Dy, denotes the mean delay in uplink direction, which
is considered to be constant as the UTRAN is typically not
congested in uplink direction.

The loss at the TCP layer is simply calculated by one
minus the ratio of the traffic entering and leaving the system

(42)

4 Numerical results

In this section, we study several performance and efficiency
aspects of the HSDPA system with the presented analytical

model.

4.1 Application for transport network
dimensioning

One possible application of the presented model is the
dimensioning of the transport network. The numerical
results of this section are compared to simulation results to
evaluate the accuracy of the analysis method.

An NS-2 simulation scenario has been created based on a
topology consisting of one RNC and one Node-B. It is
assumed that there is only one MAC-d flow and one
priority queue per HSDPA wuser. The scheduler is a
proportional fair scheduler. The number of HARQ_
processes is six, the maximum number of MAC-hs
retransmissions is three, whereas the maximum number of
RLC retransmissions is six. The number of HS-DSCH
codes per cell is five; code multiplexing is not implemented.
HSDPA users are connected to the Node-B via
HS-DSCH in downlink and via DCH in uplink. Each
HSDPA UE is of category 5/6. The Iub interface and the
user plane of the radio layer protocols (MAC-d, MAC-hs,
RLC, PDCP) are implemented in detail. The transport
network of the Iub consists of one CBR VCC. HSDPA
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users are originating file (FT'P) downloads from servers located
on the Internet. The transport protocol was TCP Reno; the
maximum advertised window size was 48 kbytes; the
maximum TCP/IP packet size was set to 1500 bytes. The
HSDPA UE reports the observed channel quality (CQI) to
the Node-B. Based on this, the amount of data to be sent to
the UE is defined. The radio channel condition is simulated
separately for each UE. Negative — when the signal-to-noise
ratio (SNR) is below the required threshold — or positive
acknowledgement is generated upon reception of a MAC-hs
frame. The CQI estimation error is modelled with a constant
delay of 6 ms. Users are modelled with ITU-T' Pedestrian B
model, velocity 3 km/h and Vehicular B model, velocity
30 km/h, assuming that chase-combining is implemented in
the UEs. The initial distance of the users from the Node-B
was set to 500 m. The SNR is calculated considering the
following: distance loss according to the Okumara—Hata
model for urban cell, with a base station antenna height of
30m, a mobile antenna height of 1.5m and a carrer
frequency of 1950 MHz [17]; multi-path (fast) fading; Rake
receiver assuming that channel estimation is ideal and the
power levels of all paths are known; shadow (slow) fading
(log-normal distribution correlated in time [18]); constant
Node-B antenna gain constant (17 dBi); inter-cell interference
(=70 dBm) and intra-cell interference (30 dBm).

In this simulation tool there was no possibility to obtain
confidence intervals for the results. The only way we could
control the accuracy was adjusting the simulation time. First
we ran the simulation for a very long time and took the
result as a reference. Then we decreased the simulation time
successively and found that by simulating 600s the
difference in the results increased to 5%. This setting (600 s)
of simulation time has been used in all the simulation runs
in this section. To demonstrate the confidence of the
simulation results, we started the simulations with five
different random seeds. The simulation plots depict the
maximum, minimum and average of the results.

1800

1600
1400 -
1200
1000 -

800

Total TCP throughput [kbps]

600 simulation —— ||
i analysis -—x-

1600 2600 3600
Transport link capacity [kbps]

400
600

4600

a

Figure 5 Comparison of the analysis and simulation results

a 16 Pedestrian B users
b 16 Vehicular B users
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In the analytical model two kinds of air interface trace files
have been generated with the MATLAB scripts of the
Eurane project (see [15]) with parameters defined in Table 2.

Next, the distribution of the number of RLC PDUs that
can be transmitted by the Node-B (denoted by § in Section
3.4 and also in Table 1) is extracted and the analysis method
is executed at several link capacity settings (Fig. 5).

Figs. 54 and 4 confirm that the largest error of the
approximation is around 10% (it is the largest absolute
difference between analysis and simulation results relative
to the simulation results). The most important application
of analytical throughput computation methods like the one
presented in this paper is the transport link dimensioning.
During the link dimensioning, the mean throughput
(Fig. 5) is calculated and the optimal link capacity is
usually selected to be the intersection of the linear
asymptotes of the curve before and after the knee point.
Above this point the increase of link capacity does not
introduce a significant increase in the TCP throughput,
whereas below this point the air interface can be
underutilised. The optimal link capacity determined by the
analysis and simulation is about the same in the pedestrian
case (2200 kbps) and the difference in the simulation and
analysis results is around 10% in the vehicular case (1500

against 1650 kbps). Another possibility to support finding

Table 2 Parameters of the air interface profile

Case 1 | Case 2
profile Ped-B Veh-B
speed 3km/h [ 30 km/h
distance 500m | 500 m
trace length | 900 s 900 s
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Figure 6 The ratio of TCP throughput and transport link capacity increments

a 16 Pedestrian B users
b 16 Vehicular B users

Table 3 Execution times of the analysis and simulation
against the capacity of the transport link

Capacity, kbps | Analysis time, s | Simulation time, s
600 57 267
1200 62 419
1800 67 525
2400 66 559
3000 66 554
3600 66 528

the optimal link capacity is to investigate the resulting TCP
increment because of the link capacity increment, shown in
Fig. 6 (note that it equals the derivative of Fig. 5). Based
on these figures the network planner has an overview on
how much the HSDPA wusers gain in download speed with

increasing investment into transport network capacity.
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a

(We note that the simulation results are less accurate in the
vehicular case since the SNR fluctuation at the air interface is
much more pronounced. The results of the multiple
simulation runs started with different random seeds were
practically equal for the pedestrian case.)

Table 3 depicts the execution times of the analysis method
and of the simulation. It confirms that our method can be
used for transport link dimensioning with a much lower
computational effort compared to simulations.

4.2 Analysis of the RLC retransmissions
In HSDPA the retransmissions are still handled by RLC if the

maximum allowed number of MAC-hs retransmissions is
exceeded or there are packet drops on the transport network.
The RLC retransmissions increase the RTT of the data
connections using HSDPA service. This causes that the TCP
flow control is not able to detect and resolve the congestion
situation on the Iub interface. As a result, the TCP notices
the congestion only upon Timeout or when finally the RLC

0.14 .
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Figure 7 RLC retransmission ratio as the function of transport link capacity

a Pedestrian B users
b Vehicular B users
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Figure 8 TCP throughput as the function of RLC retransmission ratio
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b Vehicular B users
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Figure 9 Ratio of TCP throughput and link capacity as the function of the link capacity

a Pedestrian B users
b Vehicular B users

discards the packets that has reached the maximum number of
retransmissions.

In this section we investigate how often the RLC ARQ is

used during the transmission.

It can be seen in Fig. 7 that in both case of user types the RLC
retransmissions occur much more frequently when the transport
network capacity is low. In this case the loss at the transport
buffer causes an RLC retransmission that actually increases
the load of the transport buffer even more. At a given number
of RLC retransmissions, the loss is reported at the network
layer causing the TCP to decrease its transmission rate. Still,
the ratio of RLC retransmissions, appear as a useless extra
load that decreases the efficiency of the system. Fig. 74 and 4
aid to select an optimal transport link capacity by which the
ratio of RLC retransmissions is negligible. These optimal
capacities are around 2300 kbps in the case of pedestrian users
and it is around 1700 kbps in the case of vehicular users. Note
that these values coincide with the ones chosen by the
dimensioning approach suggested in the previous section.

In Fig. 8 the TCP throughput is depicted as a function of
the RLC retransmissions. As expected, higher TCP
throughput  corresponds  to of RLC
retransmitted traffic.

lower ratio

4.3 The utilisation of the transport link

An interesting quantity to investigate is the ratio of the TCP
throughput and the transport link capacity, and thus the ratio
of the link capacity that is used to transmit useful data. The
results are depicted in Fig. 9. As long as the transport link is
the bottleneck of the system, the transport link utilisation is
the largest and constant. Note that the largest utilisation
value on the plots is 0.83 because of the protocol overheads
dominated by the ATM header and the AAL2 packet
header. As it can be seen on both sub-figures in Fig. 9, the
plots are not completely horizontal in the lower transport
link capacity range, the utilisation decreases slightly as the
capacity is getting extremely low. The reason is that the
RLC retransmission traffic decreases the TCP performance
significantly at such low-link capacities.

rg
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As the bottleneck moves towards the air interface,
the transport link utilisation decreases — as expected.
In this case the breaking point does not coincide with
the optimal transport link capacities determined in the
previous sections. According to the results, the transport
link utilisation is around 75% of the optimal link capacity
both in the pedestrian and vehicular cases. Furthermore,
the results are practically independent of the number of
TCP flows in the system, which can be explained by the
TCP behaviour which tries to utilise the available bandwidth.

5 Conclusion

In this paper we described an approximate performance model
for the TCP throughput over HSDPA. We identified the
relevant congestion points in the system that have dominant
impact on the TCP throughput and developed Markov
models to calculate the performance measures. An iterative
solution method is provided to solve the queueing network
model of the system. Numerical examples have been
evaluated to demonstrate that our model is reasonably
accurate and is able to capture the most important features
of the system with much less computational effort compared
to simulations. The faster computation times allow the
application of the method for the dimensioning of the
transport link capacity in HSDPA systems.
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