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Abstract—To improve the spectral efficiency while meeting
the radio link level quality of service requirements such as the
bit-error-rate (BER) requirements for the different wireless services, transmission rate and power corresponding to the different
mobile users can be dynamically varied in a cellular wideband
code-division multiple-access (WCDMA) network depending on
the variations in channel interference and fading conditions. This
paper models and analyzes the performance of transmission control protocol (TCP) under joint rate and power adaptation with
constrained BER requirements for downlink data transmission in
a cellular variable spreading factor (VSF) WCDMA network. The
aim of this multilayer modeling of the WCDMA radio interface
is to better understand the interlayer protocol interactions and
identify suitable transport and radio link layer mechanisms to
improve TCP performance in a wide-area cellular WCDMA
network.
Index Terms—Dynamic rate and power adaptation, link layer
and transport layer protocol interaction, multicell multirate wideband code-division multiple-access (WCDMA) systems.

I. INTRODUCTION

T

HE Third Generation Partnership Project (3GPP) wideband code-division multiple-access (WCDMA) system,
which is being developed as one of the IMT-2000 standards, is
expected to provide high-speed packet data services including
wireless Internet access. Since the transport layer protocol performance is one of the most critical issues in data networking
over noisy wireless links, the performance of transmission control protocol (TCP), which is the flagship protocol in today’s
Internet, would be crucial in such an environment. TCP is a
connection-oriented transport layer protocol which guarantees
reliable in-sequence delivery of packets and is generally more
suited for delay-insensitive applications.
The performance of TCP in a wireless network depends
on the service provided by the underlying radio link control
(RLC)/medium access control (MAC) protocol. In a WCDMA
system, the transmission rate and the power corresponding to

Manuscript received March 6, 2002; revised October 17, 2002 and February
16, 2003; accepted February 25, 2003. The editor coordinating the review of this
paper and approving it for publication is J. Evans. This work was supported in
part by a Research Grant from the Natural Sciences and Engineering Research
Council (NSERC) of Canada and in part by the PRG Research Grant from Simon
Fraser University.
E. Hossain is with the Department of Electrical and Computer Engineering, University of Manitoba, Winnipeg, MB R3T 5V6, Canada (e-mail:
ekram@ee.umanitoba.ca).
D. I. Kim is with the School of Engineering Science, Simon Fraser University,
Burnaby, BC V5A 1S6, Canada (e-mail: dikim@sfu.ca).
V. K. Bhargava is with the Department of Electrical and Computer Engineering, University of British Columbia, Vancouver, BC V6T 1Z4, Canada
(e-mail: vijayb@ece.ubc.ca).
Digital Object Identifier 10.1109/TWC.2004.826308

the different mobile users can be dynamically varied depending
on the variations in channel interference and fading conditions
to improve the wireless channel utilization while meeting the
lower layer (e.g., RLC/MAC layer, physical (PHY) layer)
quality of service [e.g., bit-error rate (BER)] requirements. For
example, if a mobile experiences larger interference, the rate
assignment for this mobile is to be constrained to lower rates
compared to that for the mobile experiencing better channel
conditions. This is similar to the dynamic link adaptation
concept proposed for narrowband systems [1].
The impact of dynamic radio link adaptation on TCP
performance for forward link data transmission in a cellular
WCDMA system is modeled and analyzed in this paper. The
dynamic link adaptation is assumed to be achieved by joint rate
and power adaptation under constrained BER requirements
where the lower layer BER requirements for all the active
TCP connections are assumed to be the same. Note that, even
with a single BER constraint, radio link level automatic repeat-request (ARQ) techniques can be combined with channel
coding to achieve multiple frame-error-rate (FER) constraints
corresponding to the different TCP connections. Two joint rate
and power allocation algorithms, namely, depth-first allocation
(DFA) and breadth-first allocation (BFA), are considered
for dynamically adjusting the transmission rate and power
corresponding to the different TCP connections. The DFA and
the BFA algorithms use exhaustive and round-robin principles,
respectively, for dynamic resource allocation. The data transmission rate in the forward link physical layer of a WCDMA
system can be controlled by using the variable spreading factor
(VSF) method or the multicode method [2]. The VSF method
of dynamic rate adaptation is considered in this paper.
The organization of the rest of the paper is as follows. The
motivation and background of this work are presented in Section II. Section III describes the multilayer (TCP and the RLC
protocol) system model analyzed in this paper. Starting with the
signal-to-interference ratio (SIR) modeling for downlink data
transmission in a multicell VSF WCDMA system, Section IV
presents the dynamic link adaptation algorithms for both the
uniform and the nonuniform traffic scenarios. In Section V, the
simulation model is described. The simulation results are presented in Section VI. In Section VII, conclusions are stated.
II. BACKGROUND, MOTIVATION AND, METHODOLOGY
Dynamic link adaptation for optimizing the radio link level
performance and the issue of improving TCP performance in
wireless networks have been addressed in literature as separate
problems. Transmission protocol stack performance in a cellular
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wireless network would be optimized if the radio link/PHY level
and the transport level protocol performances are jointly optimized, and a multilayer modeling is necessary to explore the issues of interlayer protocol interaction (e.g., implications of link
adaptation on higher layer protocol performance) and identify
suitable radio link and transport protocol mechanisms.
The problem of rate and power adaptation for uplink packet
data transmission in a single-cell multirate CDMA system was
addressed in [3] and the optimal centralized adaptive rate and
power control strategy to maximize the total average weighted
throughput was determined. With the objective of maximizing
the throughput and with the constraints on maximum power
and/or minimum rate, the problem of jointly controlling the user
power and data rates for uplink data transmission in a single-cell
CDMA system was formulated as a constrained optimization
problem in [4]–[6]. The problem of joint rate and power adaptation under constrained BER for downlink data transmission in
a multicell and multirate CDMA system was addressed in [7].
Some of the earlier works on wireless TCP (e.g., [8], [9]) investigated the performance of a single circuit-based TCP connection in a constant spreading factor DS-CDMA environment.
In [10], the authors presented an approximate throughput analysis for a single connection TCP with highly persistent link layer
in a time-division multiple-access (TDMA) system. A comparative performance evaluation of several TCP versions in a TDMA
environment was carried out in [11]. The performances of several end-to-end, split-connection, and link layer schemes designed to improve TCP performance were evaluated in [12]. In
[13], the throughput performance of TCP was analyzed over 3G
wireless links in the presence of varying bandwidth and delay.
Throughput and energy performance of circuit-switched TCP
connections in a wideband CDMA air interface in the absence
of link level retransmissions were investigated in [14].
The system dynamics representing the interactions between
the higher layer and the lower layer protocols in an interference-limited cellular WCDMA environment is fairly complex
because of the existence of numerous parameters and nonlinear
nature of the protocol state machines at the different layers.
For a particular system load, radio link level rate adaptation
and scheduling, persistence in the retransmission of the failed
radio frames, the desired SIR and the physical level channel
coding mechanisms impact the radio link level and, hence, the
higher layer protocol performance. Again, under a particular
radio link level configuration, transport layer mechanisms such
as the congestion and flow control and adaptive retransmission
timeout (TO) determine the achieved transport layer protocol
throughput.
This paper attempts to meaningfully evaluate some aspects
of TCP performance for downlink (i.e., forward link) data transmission in such an environment. In particular, for a cellular VSF
WCDMA system we do the following:
1) present a multilayer model to investigate system dynamics and interlayer protocol interaction for downlink
transmission under multiple concurrent TCP connections;
2) analyze the impact of the different radio link level rate
adaptation mechanisms on TCP throughput behavior and
identify suitable mechanisms and protocol parameters;

3) analyze how the “conservativeness–aggressiveness”
in TCPs congestion control behavior affect the TCP
throughput performance;
4) analyze the impact of channel fading and shadowing on
TCP throughput performance.
An event-driven simulator is developed to imitate a multilayer model of the WCDMA radio interface. It supports the TCP
congestion and error control algorithms including slow-start,
congestion avoidance, fast retransmit, and fast recovery. The
RLC protocol in this multilayer model consists of a radio link
quality-based dynamic rate adaptation mechanism and a semireliable hybrid-ARQ type of error control method. The dynamic
rate adaptation is assumed to be achieved by either DFA or BFA
method to be described later in this paper.
The radio link quality of the mobile users in a WCDMA network depends on the spatial distribution (and, hence, the micromobility patterns) of the users along with the short-term and the
long-term channel fading conditions. To investigate TCP performance using the multilayer modeling approach, both the random
and the directional micromobility models are considered. The
nature of the long-term fading (i.e., shadowing) is assumed to
be uncorrelated and correlated, respectively, for the random and
directional mobility cases. Since the short-term fading changes
more rapidly compared to the long-term fading, it is assumed to
be independent over successive link adaptation intervals. Multipath channel fading with equal path gain and unequal path gain,
are assumed for the random and the directional micromobility
model, respectively.
III. MULTILAYER SYSTEM MODEL
A list of the key mathematical notations used in the system
model is provided in Table I.
A. TCP Model
A sender-based one way traffic scenario is considered where
the mobile stations (MSs) act as TCP sinks. To study the steadystate behavior of TCP, bulk data TCP connections are assumed
(i.e., senders always have data to transmit and can transmit as
many packets as their transmission windows allow). The TCP
sinks can accept packets out of sequence but deliver them only
in sequence to the user and they generate immediate acknowledgment (ACKs).
Similar to that in all currently available TCP implementations, the basic window adaptation procedure consists of the
slow-start and the congestion avoidance phases where the evoluand the slow-start
tion of the sender’s congestion window
threshold
at time are triggered by TCP ACKs and TOs
[11]. Fast retransmit and fast recovery procedures are implemented subsequent to a packet loss (as in TCP Reno1 ). The RTO
(Retransmission Time Out) value at the sending TCP host is updated based on the recommendations in [15]. After a TO, the
sender also updates the RTO value using exponential backoff.
The backoff continues until an ACK is received for a packet
transmitted exactly once.
For the TCP ACKs, an ideal scenario is assumed where the
fixed sending hosts successfully receive the ACK packets gener1In today’s Internet, TCP Reno is the de facto standard for TCP implementation.
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TABLE I
LIST OF KEY NOTATIONS

ated by the MSs corresponding to each successfully transmitted
TCP packet (i.e., no ACK packet is lost in the air interface and
the wired part of the network), and that the ACK packets undergo no extra queuing delay in addition to the propagation
delay.
As a result of TCPs congestion control algorithm, a connection’s throughput varies as the inverse of the connection’s round
trip time (RTT) [16]. In a wide-area wireless network, the inherent TCP bias against flows with long RTT may be mitigated
through improved traffic management techniques (e.g., by suitable combination of packet marking and dropping policies as
in the differentiated services Internet Protocol (IP) networks).
Since the focus of this paper is on the radio link level dynamic
resource allocation and its impact on the TCP performance and
system dynamics under multiple concurrent TCP connections,
packets corresponding to all the TCP connections are assumed
to experience the same internet2 delay
.
B. Radio Link Layer Model
A transport protocol data unit is typically forwarded to the
radio link level protocol (with the necessary intermediate protocol overheads appended to it), where it is segmented into several radio frames for transmission in the air interface. For ex2The
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ample, in 3G1X/UMTS system TCP packets from packet data
service node/serving GPRS support node are tunneled to radio
network controller (RNC) which fragments these packets into
radio frames and performs local transmissions–retransmissions
through the base stations (BSs) using RLP/RLC protocol. The
RLC protocol for downlink transmission to the mobiles has two
components—a mechanism for the dynamic selection of the
number of radio frames to be transmitted during a frame-time
(i.e., rate adaptation) and a mechanism for error control.
1) Dynamic Rate Adaptation: With variable rate frame
transmission, the number of frames transmitted during a
frame-time varies according to the transmission rate used
during that frame-time. Let us assume that the transmission
rates can be selected from the set of rates
and
so that the normalized value
with respect to the basic rate
is . Therefore, if the
of
is
bits, the
frame length corresponding to the basic rate
frame length for rate
is
bits. For this, a VSF WCDMA
chips
system can be used where the basic gain is given by
per bit, and for rate
, the spreading gain is reduced to
chips per bit. Note that the noncontiguous rates
are typically used for the VSF method ([2]), in which case, the
rate granularity becomes very coarse at higher rates which may
cause reduced network throughput compared to the case of the
contiguous rate as considered herein.
The radio link level transmission rate corresponding to a TCP
connection is determined by a dynamic rate adaptation algorithm and is based on the system load (in terms of the number of
concurrent TCP connections) and the channel interference and
fading conditions corresponding to the mobile TCP sinks. The
specific dynamic rate adaptation methods used in this paper will
be described later.
2) Radio Link Level Error Control: We consider an
ACK/negative acknowledgment-based selective repeat
(SR)-hybrid-ARQ protocol enhanced for radio link level
variable rate transmission. To illustrate, the flow diagram
of the SR-ARQ protocol under variable rate transmission is
depicted in Fig. 1 for transmission to a single mobile user,
assuming that the radio link level acknowledgment delay is one
frame-time and that the data rate
can be selected from the
set
. Note that, in this error control method, forward
error correction (FEC) coding is applied to each of the radio
frames transmitted during a frame-time so that each of them
can be decoded individually at the mobile receiver. Only the
frames transmitted in error are retransmitted. Under a heavy
traffic condition, when the newly generated frames are always
available, the variable rate transmission can be fully exploited
from frame-time to frame-time.
If power adaptation during each frame-time compensates
the path loss and the attenuation due to shadowing (which is
assumed to be fixed during a frame-time), bit errors will be
random due to independent multipath fading over a bit time.
Therefore, with independent bit errors over a frame-time and
bit error probability of , for a -bit radio frame with -bit
error correction capability, the probability of correct reception
of a frame can be expressed as

(1)
term internet is used in a generic sense here.
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Fig. 1.
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SR-ARQ-based error control under variable rate transmission at the radio link level.

Note that the radio frame size depends on , the channel coding
scheme, and the number of information bits per frame
corresponding to the basic transmission rate. For example, with
,
and Bose, Chaudhuri, and Hocquenghem
[17] (i.e., (127, 120, 1) BCH code is
(BCH) coding,
used).
Even if all the frames transmitted during a frame-time are
in error, the radio link level retransmission continues and the
persistence in retransmission of the failed radio frames is
. When
transmission
controlled by the parameter
failures occur, where all the radio frames transmitted during a
frame-time are in error, all the frames for the corresponding
upper layer protocol unit (e.g., TCP segment3 ) are discarded
from the radio link level buffer. Therefore, for the radio frames
corresponding to a TCP segment to be purged out from the link
level buffers, it requires
transmission failures to occur
while those frames are being transmitted. Since the local error
recovery fails, an end-to-end error recovery will be initiated by
the sending host after TO occurs.
Note that, the radio link level persistence here refers to the
persistence in retransmitting radio frames corresponding to a
TCP segment. Even though the radio frames corresponding to
a TCP segment is discarded, radio frames corresponding to a
different TCP segment for the same TCP connection may be
transmitted during the successive frame-times. For the different
TCP connections, the persistence in accessing the channel is
determined by the dynamic rate adaptation algorithm only.
IV. DYNAMIC LINK ADAPTATION
A. Modeling of Downlink SIR
We assume that the number of MSs in cell is
, which are uniformly distributed in the cell and that
the number of TCP connection per MS is one. To model the
SIR at the mobiles under variable rate transmission using VSF,
a sufficiently general model can be developed taking the channel
fading and interference conditions into consideration under the
assumption that the achieved SIRs are the same for all the mobiles in cell (tagged cell).
The radio propagation is modeled by path loss, shadowing,
and multipath fading. The attenuation of the signal from the BS
(denoted by
) to the th MS in cell at a distance
3TCP segment here refers to the TCP packet with the other necessary protocol
overheads appended to it.

is given by
, where
is a Gaussian
random variable with mean 0 and variance . The signal is also
affected by an -path Rayleigh fading channel with path gain
, where
(
is a
chi-square random variable with
degrees of freedom [18]).
corresponding
We define the intercell interference factor
to the th mobile in cell as follows:
(2)
The effective interference at the MSs depends on the transmission powers used at the BS transmitters in the different cells.
Suppose that
is the transmission power corresponding to
the th MS in cell when the basic rate is used for downlink
transmission to that MS. This is referred to as the basic power
allocation in this paper. Then, the effective power allocation for
would be
. Therefore, the total transmission power
rate
at the th BS is
(3)
is the pilot-signal transmission power.
where
Under the assumption that the same downlink quality is
achieved for all MSs in cell (tagged cell), the effective interference experienced by the th MS in cell can be modeled in
corresponds to
terms of the in-cell orthogonality factor (
perfectly orthogonal in-cell mobiles), the intercell interference
and the total transmission power used at the
factor
different BS transmitters as follows [7]:
(4)

where
is the effective interference factor corresponding to
the th MS in cell and
. The achieved
downlink SIR
corresponding to all MSs in cell can
then be formulated as [7]
(5)
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where we have used
and

for which
is kept the same for all MSs in cell ,
is the maximum spreading gain.

B. Joint Rate and Power Allocation
1) Uniform Traffic: For a given traffic load of
simultaneous TCP connections per cell with one connection per MS
and
), the transmission rates
(i.e.,
can be dynamically selected based on
(under the assumption
)
the estimated
in such a way that the weighted sum interference (i.e.,
) does not exceed , the a priori bound in (6)
below, where
(6)

is the desired SIR and
. We
where
refer to as the rate capacity resource. Although for estimating
the effective interference factors the total power allocations at
the BS transmitters are assumed to be based on the distribution of the number of mobiles at the different cells, dynamic
rate adaptation based on (6) results in close to the optimal4 rate
adaptation [7].
The power allocation at the basic rate corresponding to the
different MSs is determined as follows [7]:
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proportional to the corresponding interference factor. Then the
rate allocations corresponding to all TCP connections are incremented in a round-robin fashion as far as the sum interference
is less than the rate capacity resource in (6). The algorithm is
stated on the next page.
Based on the rate allocations, the basic power allocation (and,
hence, the total power allocation) can be determined using (7).
Since the power allocation depends on the rate allocation, this
can be interpreted as joint rate and power allocation.
The constrained total maximum transmission power at a BS
would limit the rate capacity resource in (6) and, hence, the
rate allocations corresponding to the TCP connections. For a
, the system load
limited power budget and a desired SIR
can be controlled, for example, by the RNC to achieve the
desired radio link level throughput.
2) Nonuniform Traffic: Similar to the uniform traffic case,
the effective interference factors are estimated based on the total
power allocations determined from the distribution of traffic
load across the cells as follows:
(8)
. Based on the effective interference factors
,
, the rate allocations can be performed using
the same algorithms as used in the case of uniform traffic disin (6) would be replaced by
and
tribution. In this case,
(for BFA) would be given by
for

(7)
(9)
Based on the above formulation, the following two variations for joint rate and power allocation, namely, the DFA and
the BFA algorithms, are presented which allocate the radio resources among TCP connections in an exhaustive and a roundrobin fashion, respectively. Here, the connections are assumed
to be logically arranged in the increasing order of the corresponding interference factors.
DFA: In this strategy, the rate allocation is made such that
,
the sum-rate throughput in the tagged cell, namely,
is maximized while satisfying the constraint in (6). The rate allocation strategy is stated on the next page.
In this case, the maximum possible transmission rate is allocated to the connection with the lowest interference factor and
then if rate capacity resource is available, the maximum possible transmission rate is allocated to the connection with the
next lowest interference factor. In this way, transmission rates
are assigned to the connections in a “depth-first” fashion starting
from the one for which the corresponding interference factor is
the lowest. Although this “greedy” mechanism will maximize
the radio link level throughput, the throughput fairness may degrade.
BFA: In this case, the radio link level transmission rate
corresponding to each TCP connection is first set to be inversely

4The

optimality criterion is the maximization of the sum-rate throughput
under constrained SIR.

m

The power allocation is performed using (7) to have the same
downlink quality corresponding to all the TCP connections.
V. SIMULATION MODEL AND ASSUMPTIONS
A. Random (Directional) Mobility With Uncorrelated
(Correlated) Shadowing
For the random mobility case, the location of each mobile at
the beginning of each frame-time is chosen randomly

DFA scheme
(i). Initialize

to 1 and
to

0.0.
(ii). Allocate the maximum possible
to the th conrate
nection (in the list) with insuch that
terference factor
and update

to
.
(iii). Increment
and repeat step (ii)
for the next candidate connection
(in the list).
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BFA scheme
(i). As long as the inequality
in (6) is satisfied, allocate
rates corresponding to the all
TCP connections according to
where
,

,
is the integer nearest to
and

.
(ii). Update the rate allocation incrementally in a round-robin fashion
over all the TCP connections such
that the sum interference does not
exceed .
inside the target cell (in a hexagonal cell layout)5 and the effect
of shadowing at different locations is assumed to be uncorrelated.
For the directional random walk model [19], the mobile users
travel at a constant speed from a starting point to a destination
point in a series of statistically independent discrete steps and,
in this case, the effect of shadowing at the different locations is
assumed to be correlated. For each step, the angular deviation
of the travel direction from the principal direction6 has the
given by
probability density function
(10)
otherwise.
The parameter
controls how close the travel direction is to
the principal direction. If a mobile user travels in a forward diis
rection with probability 0.95, the corresponding value for
4.2 [19].
The correlated shadowing is modeled as a Gaussian white
noise process, filtered through a first degree low-pass filter as
follows [20]:
(11)
is the mean envelope level (in decibels) that is
where
experienced at location , is the correlation coefficient given
by
, and is a zero-mean Gaussian random variable
with variance . Here,
with
being the variance of log-normal shadowing. The parameter
is the correlation between two points separated by distance ,
is the sampling interval (which is assumed to be equal to the
frame-time in this paper).
B. Fading Channel Model and Calculation of BER
Multipath fading is assumed to be independently varying. In
the random mobility case, an -path (e.g.,
) Rayleigh
fading channel with uncorrelated scattering and equal average
path power is considered. Multipath fading with unequal
average path power is considered for the directional mobility with correlated shadowing case and the parameters are
5The random-way point mobility model in ns2 is similar to this model except
that, in the former case, the user speed is not constant and that at each location
the user is assumed to stay for a nonzero interval of time.
6At any point on the travel path, the line joining the point to the destination
defines the principal direction.

based on the vehicular-B model [21] for macro-cell. With
the vehicular-B model, the values for the tapped-delay-line
multipaths are
parameters corresponding to the
dB.
Based on the allocated transmission rates during each
frame-time corresponding to the different TCP connections, the
is calculated using (5) and then depending
achieved
on the multipath fading channel model, the bit-error probability
is calculated.
1) Multipath Rayleigh Fading Channel With Equal Path
Gain (Channel Model-A): For an -path Rayleigh fading
channel with uncorrelated scattering and equal average path
power, assuming maximal-ratio combining (MRC) with independent branches, is given by [17]
(12)
and

where

.
2) Multipath Rayleigh Fading Channel With Unequal Path
Gain (Channel Model-B): For maximal-ratio combining with
independent branches, can be expressed as [17]
(13)
where
malized) for
B-model [21]).

with

and

with the constraint
(nor(derived from the ETSI vehicular

C. Scheduling and Buffering
Per-destination queuing with first-in first-out scheduling
(within each queue) is assumed for the TCP segments at
the BS. The TCP segments corresponding to the different
connections are assumed to arrive at the BS in their original
transmission order.7 The buffer size at the BS is assumed to
be sufficiently large so that there is no buffer overflow loss.
Due to limited wireless channel bandwidth, at the TCP sender,
the maximum transmission window size for a flow (for which
the transmission pipe would be full) would be rather small and
with a buffer size of the order of this window size there will be
no buffer overflow.
The radio link level frames corresponding to a TCP segment
are buffered in the corresponding RLC/MAC level queue
frames are
(Fig. 2). From the th RLC/MAC layer queue,
transmitted during each frame-time, where
is determined using a dynamic rate adaptation procedure and
a mobile specific channelization code and the cell specific
scrambling code are used for the downlink transmission. To
exploit the variable rate transmission fully from frame-time
to frame-time, as long as a TCP segment queue is not empty,
a sufficient number of link layer frames are assumed to be
available in the corresponding RLC/MAC queue. Therefore,
radio frames corresponding to more than one TCP segment may
7The impact of packet reordering on the end-to-end performance is not considered in this paper.
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Queueing of TCP/IP packets and the corresponding radio frames at the BS for downlink transmission.

be enqueued at the same time in the same RLC/MAC queue.
Nonzero rates are allocated only to those TCP connections
for which the corresponding RLC/MAC layer queues are
nonempty.
D. Performance Metrics
Two performance metrics are considered in this paper—average per-connection TCP throughput
and TCP throughput
. TCP throughput for the th TCP connection in cell
fairness
is measured as the amount of successfully transmitted
TCP data per second for this connection.
The TCP throughput fairness among
for all the TCP
cells is defined as follows:8
connections in

The fairness index measures the global fairness in average
corresponds to the ideal case of
TCP throughput and
perfect throughput fairness. Note that, even for TCP connections with similar RTT throughput, unfairness may be induced
by wireless channel errors and the dynamics of the radio link
level variable rate allocation.
E. Simulation Methodology
For the random mobility with uncorrelated shadowing case,
locations of the users in the corresponding cell are generated
randomly at the beginning of each frame-time (which is assumed to be equal to the rate adaptation interval). In the case of
directional mobility model with correlated shadowing, the initial locations of the users are generated randomly within the corresponding cells and also the destination locations are assumed
to be within the respective cells. The successive locations are
generated by using the probability distribution for the angular
displacement of the users [as in (10)] and it is ensured that the
locations are within the same cells. Note that, the correlation between shadowing in the two successive locations is affected by
the mobile speed and the measurement interval.
8This is similar to the fairness function used in [22] to quantify the fairness in
a shared resource system with n users: F = (
x ) =(n
x ) (where
x is the ith user’s throughput).

In each case, simulations are performed to obtain the maximum radio link level transmission rate corresponding to each
TCP connection during each frame-time.9 For this, the intercell
, corresponding to the th mobile in
interference factor
cell , is calculated using (2) to evaluate the effective interferin (4). In this case,
,
(i.e.,
ence factor
the BS in the “tagged cell” is selected as the serving BS). The
and
, which account for the long-term
values of
fading, are assumed to be constant over a frame-time .
The values of
and
, which account for the short-term
fading in (2), are assumed to be constant only over a fraction of
. Therefore, the value of
the frame-time , where
over a frame-time is calculated by using the average
of the
independent values of
. The value of
is
assumed to be 16 in this paper.
An event-driven simulator that supports the TCP congestion
and error control and the radio link level dynamic rate adaptation algorithms is used to analyze the system dynamics under
multiple concurrent TCP connections in a wide-area cellular
WCDMA scenario. The different events are Time_Frame,
Fixed_Host_Generates_Packet,
Fixed_Host_Receives_Ack,
BS_Receives_Packet, and MS_Sends_Ack. The different
TCP mechanisms such as slow-start, congestion avoidance,
fast retransmit, and fast recovery are implemented in the
Fixed_Host_Receives_Ack event. The Time_Frame event is
executed every frame-time and while executing this event the
routine to calculate the rate allocations corresponding to the
different TCP connections is invoked. The transmission status
of a frame (success/failure) is determined by a Bernoulli Trial
as in (1), where
for a fading model is
with parameter
determined based on
in (5).
All the simulations are run until the 95% confidence interval
is less than 5% of the corresponding sample mean. In addition
to the average per-connection TCP throughput and TCP
throughput fairness, for each simulation scenario, the total
number of duplicate acknowledgment (DA), the total number
of dropped TCP segment (DP), and the total number of TCP
TO are also measured.
To observe the impact of the “conservativeness” of TCP congestion control on the end-to-end performance, the behavior of
TCP is simulated without fast recovery (e.g., as in TCP Tahoe).
9The radio link level transmission rate may fall below this maximum value in
the case of soft handoff due to increased 
(i) .
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Since the sender may transmit a large packet burst during fast
recovery, this has the effect of preventing packet bursts during
recovering from a packet loss. The TCP behavior is also simulated without fast retransmit in which case packet loss is detected using TOs only (as in TCP OldTahoe, the predecessor of
TCP Reno/NewReno).

TABLE II
SIMULATION PARAMETERS

F. Simulation Parameters
Simulation results are obtained under varying traffic load
(i.e., number of concurrent TCP connections) distribution
across a three-cell system (i.e., for
) in a hexagonal
cell layout. Note that, increasing the number of cells has
basically the same effect (i.e., increasing interference) as
that due to increasing system load. With one bulk-data TCP
connection per MS, the average number of concurrent TCP
is assumed to be 10, 15, and 20 with
connections per cell
and
,
respectively.
The different simulation parameters at the TCP and the
RLC/MAC level are TCP segment size (MSS), TCP ACK
, TCP fast
packet size, TCP maximum window size
, TCP timer backoff parameter
,
retransmit threshold
, wired-network (or internet)
initial RTO value
delay
, frame-length in bits
, frame-length in
, radio link level persistence parameter
, and
time
. The parameter
denotes the
the FEC parameter
go-trip-delay experienced by the TCP packets in the wired part
of the network and, hence, affects the RTT value of the corresponding TCP connection. An ideal fixed network behavior is
assumed where there are no delay jitter and no packet loss for
the fixed network part. The values of some of the parameters
used for obtaining the simulation results presented in this paper
are listed in Table II.
b, assuming that BCH codes are used, for
With
and , the number of information bits transmitted
per frame-time would be 120, 113, 106, and 99, respectively
, with (127, 120, 1), (127,
[17]. Therefore, for
113, 2), (127, 106, 3), and (127, 99, 4) BCH codes used as the
radio frames, the number of radio frames corresponding to one
TCP segment would be 67, 71, 75, and 81, respectively.10 For
an ACK packet size 52 B (40 + timestamp) and reverse link
transmission rate of 16 Kb/s, the ACK transmission time
would be 26 ms. With
ms and frame-time of
10 ms, the latency of transmission of a TCP packet would be,
therefore, of the order of several hundred milliseconds. The ping
latencies in a 3G1X system were observed to be of the same
order [13].
VI. SIMULATION RESULTS AND DISCUSSIONS
A. Radio Link Level Reliability and TCP Throughput
1) Impact of Variations in Target SIR: Fig. 3 shows normalized radio link level transmission rate for a tagged TCP connection during successive frame-times (during a 5-s simulation
run) for both the DFA- and the BFA-based rate adaptation. Note
that, the normalization is made with respect to the basic (or
10For

d

example, (1000

2 8)=120e = 67.

minimum) transmission rate for which the average number of
transmitted frame per frame-time is one. As is evident, with
DFA-based rate adaptation, the rate allocation to a tagged TCP
connection is more bursty with the presence of frame periods
when nonzero transmission rate is allocated followed by frame
periods when no rate is allocated at all. With BFA-based rate
adaptation, it is more probable that there is a sustained transmission rate allocated to a tagged TCP connection during successive frame-times and, depending on the radio link condition,
higher transmission rate is allocated occasionally to the connection. With DFA/BFA-based rate adaptation, as the value of
the target SIR increases, variance among the rates allocated to a
tagged connection during successive frame-times increases/decreases.
Typical variations in average per-connection TCP throughput
under DFA- and BFA-based link for different target SIR
) and radio link level FEC parameter are shown
(i.e.,
in Fig. 4 for channel model-A with random user mobility (and,
hence, uncorrelated shadowing).
The radio link/PHY level target SIR significantly impacts
the TCP throughput performance for both the rate adaptation
schemes. Due to the TCPs inherent end-to-end error recovery
mechanism, too much “conservativeness” in terms of the target
SIR and, hence, radio link level reliability may not be desirable from the perspective of end-to-end throughput (as is evident from Fig. 4). Although the BER (and, hence, the FER)
, the average per-connection
decreases with increasing
may drop significantly at higher values of
TCP throughput
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Fig. 3. Normalized radio link level transmission rate for a tagged TCP connection under DFA- and BFA-based link adaptation (for channel model-A with random
user mobility).
TABLE III
NUMBER OF DAs, TCP TOs, AND LOST TCP SEGMENTS FOR DIFFERENT
,
VALUES OF (IN A 3600-s SIMULATION RUN WITH
,
ms, AND
UNDER DFA AND
CHANNEL MODEL-A WITH RANDOM USER MOBILITY)

W

Fig. 4. TCP throughput comparison for radio link adaptation based on DFA
and BFA for different target SIR and FEC coding (for channel model-A with
random user mobility).

due to reduced radio link level throughput [as per (6) in
which the upper bound of the rate capacity resource in a cell be]. That is,
comes increasingly tightened with increasing
, the impact of reduced FER is masked
at higher values of
by the smaller number of successfully transmitted radio frames,
as a consequence of which, the number of TCP TOs increases.
This results in a reduced transmission rate at the sending host
and, hence, reduced end-to-end throughput. Again, for relatively

t
=8 D

= 100

R

g + g + g = 30
=4

smaller values of
(e.g., 3 dB), although the radio frame
transmission rate increases, increased FER causes more radio
link level frame retransmissions resulting in reduced radio link
level (and, hence, transport level) throughput. Therefore, a concave behavior of the TCP throughput curve as a function of the
target SIR is observed which results due to the competing behavior of the diminishing number of radio link level frame errors
in a cell.
and the rate capacity resource
The fact that the degradation in TCP throughput performance
is primarily caused due to the inat higher values of
creased number of TCP TOs (resulting from reduced radio link
level throughput) can be explained through some of the transport level statistics obtained for the DFA-based rate adaptaincreases, the
tion scheme as presented in Table III. As
number of DA decreases while the number of TCP TOs does
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Fig. 5. Impact of network load on TCP throughput for DFA-based link
adaptation (for channel model-A with random user mobility).

not change much compared to the cases with smaller
.A
reduced number of DA along with relatively higher number of
TCP TOs imply that the end-to-end error recovery is mostly triggered by the TCP TOs and the TCP sender stays in the slow-start
, the
phase most of the time. Note that, for relatively high
number of lost TCP packets (DP) is generally larger than that for
(Table III).
lower
Since TCP throughput variation is not monotonic with
, an optimum desired
can be found out which
maximizes the average per-connection TCP throughput. This
is also evident from the typical variations in TCP throughput
with network load (in terms of the number of concurrent TCP
connections) for dynamic rate adaptation using DFA, as shown
in Fig. 5.
It is to be noted that, for delay-sensitive data (e.g., interactive
may be more desirable
video) flows, a higher value of
to ensure better reliability at the radio link level since there is
generally no end-to-end recovery for this type of flows. However, this will cause reduction in the average radio link level
throughput. Therefore, for real-time transport protocols (e.g.,
would be based
user datagram protocol), the selection of
on the desired throughput-reliability tradeoff.
Under similar network conditions, TCP throughput performance is observed to be generally better with DFA-based
dynamic rate adaptation. In particular, when the network load
and/or the radio link/PHY level target SIR is high, DFA offers
remarkably higher end-to-end throughput compared to that due
to BFA. Also, with BFA-based rate adaptation, the end-to-end
throughput decreases significantly when the value of the radio
link level FEC parameter is small. Therefore, channel-gain
based “aggressive” dynamic rate adaptation would be desirable
over less reliable radio links when the number of concurrent
TCP connections is relatively large. Since the variance in the
frame transmission delay corresponding to a connection is
higher for rate adaptation using DFA,11 it can be said that, the
11This is due to the increased variance among rates allocated to a connection
during successive frame-times.

Fig. 6. Comparison among TCP throughput fairness under DFA- and
BFA-based link adaptation for different target SIR and radio link level FEC
parameter t (for channel model-A with random user mobility).

increased transmission delay variance at the radio link level
(e.g., due to more aggressive rate adaptation scheme) may
not necessarily deteriorate the per-connection average TCP
throughput.
The TCP throughput fairness is observed to be better with
BFA-based rate adaptation compared to that for DFA-based
is high and/or
rate adaptation (Fig. 6) except when
the FEC parameter is small. In the later cases, the average
per-connection TCP throughput deteriorates significantly for
rate adaptation using BFA. The reduced throughput fairness
with DFA-based rate adaptation in the former cases is due to
the more aggressive rate allocation among TCP connections
with better channel conditions, as a consequence of which, the
number of dropped TCP packets over a time period and the
achieved TCP throughput becomes unevenly distributed over
all the TCP connections. However, the fairness index with DFA
is observed to be around or above 0.8 over the entire range
considered in this paper. The throughput
of values of
fairness generally deteriorates with increasing traffic load.
The above observations hold true for the different TCP
flow/congestion control mechanisms (i.e., for all TCP Reno,
TCP Tahoe, and TCP OldTahoe) considered in this paper.
2) Impact of the Radio Link Level FEC Parameter: The effectiveness of radio link level FEC coding in improving the
end-to-end throughput performance depends on the value of the
radio link/PHY level target SIR and the dynamic rate adaptation scheme used. As is evident from Fig. 4, for DFA-based rate
, TCP throughput can be signifadaptation with lower
icantly improved by employing stronger error correcting code
at the radio link level. For link adaptation based on BFA, the
end-to-end throughput suffers when the value of the radio link
level FEC parameter is small.
is relatively large (e.g., 8 dB), improved error
When
correction coding at the radio link level does not help much in
improving the end-to-end throughput. It may even result in reduced per-connection average TCP throughput (Fig. 4). This is
due to the reduced radio link level average transmission rate re-
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Fig. 7. Impact of radio link level persistence parameter R
on average
per-connection TCP throughput (for channel model-A with random user
mobility).

sulting from high
. Also, as the value of the FEC parameter increases, the number of radio frames per TCP segment
also increases. Therefore, under the proposed model, the impact
on the end-to-end throughput is more pronounced
of
than that of radio link level FEC parameter .
3) Impact of Radio Link Level Persistence Parameter: In our
model, the radio link level persistence refers to the persistence
in retransmitting a TCP segment rather than persistence in accessing the channel by the radio frames corresponding to a TCP
connection. Even though all the radio frames corresponding to
“black-out” periods
a TCP segment are discarded after
during which all the transmitted radio frames corresponding
to that segment are lost, radio frames corresponding to other
TCP segments for the same TCP connection may be transmitted
during the successive frame-times. Note that radio link level dynamic rate adaptation considers only those TCP connections for
which the TCP/IP packet queues are nonempty.
increases, the total number of TCP TOs and the
As
number of dropped TCP segments decrease. Therefore, TCP
throughput performance improves as the value of the radio
increases (Fig. 7). Howlink level persistence parameter
ever, the effectiveness of increased persistence in improving
end-to-end throughput performance depends on the nature of
the radio link level rate adaptation mechanism. Improvement
in average per-connection TCP throughput is observed to
be much higher in the case of BFA-based link adaptation
compared to that for the DFA-based link adaptation. This is
due to the fact that since in the case of DFA the distribution
of rate allocation is more extreme (i.e., only one or a few
number of TCP connections are allocated nonzero transmission
rate during a frame-time), for a tagged TCP connection, the
radio frames corresponding to a TCP segment are transmitted
do not have any
faster, and therefore, higher values of
impact on the local error recovery. However, for BFA-based
link adaptation, rate allocations are more uniform and the radio
link level queues for the different TCP connections are emptied
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enables
at a slower rate. Therefore, an increased value of
better local error recovery (to avoid end-to-end error recovery).
Simulation statistics reveal that for both the DFA- and the
BFA-based link adaptation, the number of DA, TCP TOs, and
is indropped TCP packets (DP) generally decrease as
for the BFA case,
creased (Table IV). Note that with
dB
the number of DA decreases abruptly when
(last two rows in Table IV). In this situation, the number of
successfully transmitted TCP segments is too low to generate
a good number of DA. This scenario becomes somewhat better
increases.
as
Interestingly, for the same value of
, even though the
number of TCP TOs and dropped TCP packets are larger for
link adaptation based on DFA, the average per-connection TCP
throughput is also higher in this case (Table IV and Fig. 7). Since
for DFA-based link adaptation only a few among all the TCP
connections use the channel resources aggressively (over a time
period), the number of dropped TCP packets and the number
of TCP TOs corresponding to other connections increase. But
since the average transmission rate is high (due to channel state
dependent more aggressive rate allocation), the average per, the TCP
connection throughput is high. For a particular
throughput fairness generally improves with increasing
and/or .
B. Impact of User Speed on TCP Throughput
In this paper, with channel model-B, user speed
impacts
the nature of the correlated long-term fading (i.e., shadowing)
while the impact of multipath fading under different user speed
is considered only in an average sense. As increases, the value
of low-pass filter gain [in (11)] increases and the value of
decreases, and consequently, the shadowing becomes more
random. Note that for channel model-A, the impact of shadowing at the different user locations is assumed to be uncorrelated.
Given that all the mobiles are at the same speed and they require the same SIR, the average per-connection TCP throughput
is observed to deteriorate for both DFA- and BFA-based link
,
adaptation as user speed increases. With
and
km/hr under
typical throughput results for
the BFA-based link adaptation are shown in Fig. 8. For both the
DFA- and BFA-based link adaptation simulation, statistics have
revealed that the number of TCP TOs and the number of dropped
TCP segments observed over a simulation period increase as
shadowing becomes more uncorrelated. This results in reduced
end-to-end throughput. The above observation is complementary to the observation in [14] that, in Rayleigh multipath fading
environment, better performance is achieved as Doppler frequency decreases. Again, as user mobility increases the power
control error may become more intense which may further deteriorate the end-to-end throughput performance.
Note that, in situations where the SIR requirements are different for the different TCP connections while the target frame
error requirements are the same, and each mobile adapts its required SIR to the channel condition, the low velocity mobiles
may require lower SIR than high velocity mobiles for the same
target FER. Therefore, the above observation may still hold in
these cases.
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TABLE IV
NUMBER OF DAs, TCP TOs, AND LOST TCP SEGMENTS FOR DIFFERENT VALUES OF R
(IN A 3600-s SIMULATION RUN WITH
,
ms, AND
UNDER DFA AND BFA FOR CHANNEL MODEL-A WITH RANDOM USER MOBILITY)

W

=8 D

= 100

g + g + g = 30,

t=1

Fig. 8. Impact of user speed on average per-connection TCP throughput for link adaptation based on BFA (for channel model-B with directional user mobility).

C. TCP Parameters and Mechanisms
1) Maximum TCP Window Size, Internet Delay, and Radio
Link Adaptation: Under multiple concurrent TCP connections,
for a particular link adaptation scheme, the maximum TCP
and the internet delay
, which
window size
are assumed here to be the same for all concurrent TCP connections, impact the per-connection average TCP throughput.
The relationship among maximum transmission window size,
internet delay, radio link adaptation, and TCP throughput can
is the
be explained as follows. For a tagged connection, if
transmission delay (from BS to MS) of a TCP/IP packet and
is the corresponding ACK delay (from MS to BS), then
the minimum value of the maximum TCP transmission window
size for which the “packet pipe” corresponding to the tagged
connection would be full,12 can be approximated as follows:
(14)
12For this value of the transmission window size, the BS transmitter would
always have a packet for transmission corresponding to the tagged connection.

Note that, the value of
here depends on the nature of the
radio link adaptation mechanism and the physical layer channel
. As
increases,
reliability parameter such as
decreases. If the maximum transmission window size
is smaller than
(which implies that the value of
for the tagged
the time-varying transmission window size
connection is always smaller than
), TCP throughput
would be lower since the “packet pipe” would not be full (i.e.,
is greater
the network would be under utilized). Again, if
than
(which implies that the value of the time-varying
for the tagged connection is
transmission window size
always greater than or equal to
), it may cause more
TCP TOs and, hence, more frequent invocation of the TCP
slow-start phase, and consequently, the packet transmission
rate corresponding to the tagged connection may decrease.
This causes degradation in the achieved average throughput
performance.
For a particular value of the maximum transmission window
size, as the number of simultaneous TCP connections increases,
increases with a consequent decrease in
. There-
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from the network load, the radio link level dynamic rate adaptation also impacts the effectiveness of the “conservativeness–aggressiveness” in TCPs congestion control behavior in improving
end-to-end throughput.
Under light network load conditions (e.g., when
), TCP Tahoe and TCP OldTahoe may even perform
better than TCP Reno when the target SIR is small (Fig. 9). This
is due to the reduced instantaneous network load resulting from
the less aggressive end-to-end error recovery at the TCP sender
after a packet loss. As the instantaneous traffic load decreases,
the radio link level throughput increases and, hence, the per-connection average TCP throughput improves. However, for large
target SIR, the number of dropped TCP/IP packets increases
due to reduced average radio link level frame transmission rate.
Therefore, the more aggressive recovery mechanism of TCP
Reno results in higher per-connection average TCP throughput
compared to that in TCP Tahoe and TCP OldTahoe when
is relatively high (Fig. 9).
Fig. 9. Performance comparison among TCP Reno, TCP Tahoe, and TCP
OldTahoe for link adaptation based on DFA (for channel model-A with random
user mobility).

VII. CONCLUSION
fore, the time-varying transmission window size may exceed
more often (and, hence, more frequent invocation of the
TCP congestion control), as a consequent of which the average
per-connection TCP throughput may deteriorate. As
increases,
also increases, and therefore,
will need
to be increased so that the transmission rate is high enough to
keep the transmission “packet pipe” full. Therefore, for a par, the per-connection average throughput
ticular value of
increases.
may decrease as
2) Conservativeness in TCPs Congestion Control Behavior
and Network Load: Since interference limits the performance
of a cellular WCDMA network, the impact of increased interference in the WCDMA air link is analogous to that of congestion
in a network path. Therefore, in a wide-area WCDMA network,
the invocation of the TCP congestion control mechanism in response to TCP segment loss may not be deleterious from the
perspective of average per-connection TCP throughput. However, when the radio link is more reliable, a more conservative transport layer error recovery mechanism (as in TCP Tahoe
and TCP OldTahoe) may deteriorate the per-connection average
TCP throughput.
Typical simulation results on the comparative performance
among the three TCP variants are illustrated in Fig. 9 for link
adaptation using DFA. Although at lower network load TCP
Reno may perform better than TCP Tahoe and TCP OldTahoe,
almost similar throughput performances are achieved at higher
network load conditions. Simulation statistics on the transport
level system dynamics reveal that, at higher network load, almost all of the end-to-end error recoveries are triggered by TCP
TOs and for all three TCP variants, the number of TCP TOs and
the number of dropped TCP segments observed over a simulation period do not differ significantly.
With BFA-based radio link adaptation, the differences among
the end-to-end throughputs for all the TCP variants diminish
even when the number of concurrent TCP connections is relatively smaller (compared to the DFA case). Therefore, apart

In this paper, a multilayer model has been presented to
investigate the impacts of the different radio link/PHY level
parameters and adaptive radio link level mechanisms on the
end-to-end throughput and fairness performances in cellular
WCDMA networks. Based on this model, performance of
TCP has been evaluated under dynamic radio link adaptation
achieved through joint rate and power allocation for downlink
data transmission in cellular multirate WCDMA networks.
End-to-end system dynamics with multiple concurrent TCP
connections in the presence of two interference-based dynamic link adaptation schemes, namely, DFA and BFA, has
been analyzed based on the transport level and the radio link
level simulation traces. Link adaptation using DFA is more
“aggressive” and nonuniform in nature while link adaptation
using BFA entails a more uniform (or more resource fair)
dynamic rate allocation at the radio link level. Effectiveness
of the “conservativeness–aggressiveness” in TCPs congestion
control behavior in improving end-to-end throughput under the
above mentioned dynamic link adaptation schemes has been
also analyzed for different traffic load (in terms of the number
of concurrent TCP connections) conditions.
The following provides a summary of the key results.
1) The end-to-end TCP throughput and TCP throughput fairness in a cellular WCDMA network depend largely on
the radio link adaptation mechanisms and the relevant
radio link/PHY level parameters. Under the presented dynamic link adaptation schemes, too much conservative
a value for the target SIR (at the radio link/PHY level)
impairs the average TCP throughput performance. Better
throughput fairness is achieved for a more uniform dynamic link adaptation (e.g., by using BFA) at the radio
link level. However, significantly better TCP throughput
is achieved with a more aggressive dynamic link adaptation scheme (e.g., by using DFA) when the network load
and/or the value of the target SIR is high and/or the radio
link is less reliable.
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2) Increased radio link level persistence on retransmitting
the failed radio frames is more effective in increasing the
end-to-end throughput when a more uniform rate allocation scheme is used at the radio link level.
3) In the presented multilayer system model, increasing the
target SIR may reduce the effectiveness of increased FEC
coding at the radio link level to improve the end-to-end
throughput performance. Therefore, the target SIR level
and the FEC coding parameter can be jointly optimized
in the lower layer protocol design to achieve high TCP
throughput.
4) The effectiveness of the “conservativeness–aggressiveness” in TCPs congestion control behavior in improving
end-to-end throughput in a cellular multirate WCDMA
network largely depends on the network load. When the
number of concurrent TCP connections is relatively high,
similar throughput performances are observed for TCP
Reno, TCP Tahoe, and TCP OldTahoe.
5) Per-connection average TCP throughput under dynamic
rate and power adaptation improves as shadowing becomes more correlated.
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