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Abstract—Third generation wireless systems typically employ
adaptive coding and modulation, scheduling, and Hybrid Auto-
matic Repeat reQuest (HARQ) techniques to provide high-speed
packet data service on the downlink. Two main considerations in
designing such a system are algorithms for the selection of coding
and modulation schemes based on the channel quality of the link
and algorithms for the selection of the user to whom a particular
slot is assigned. We propose a systematic approach to optimize the
mapping between signal-to-interference-and-noise ratio (SINR)
and modulation and coding scheme (MCS) to maximize the
throughput by taking into account the type of HARQ scheme
employed. We also propose to incorporate frame error rate (FER)
and retransmission information as a part of the scheduling deci-
sion. The proposed scheduler ranking methods based on using an
effective rate rather than the instantaneous rate provide natural
priority to retransmissions over new transmissions, and priority
to users with better channel quality. Extensive simulation results
comparing performance of the proposed methods to conventional
methods are presented.

Index Terms—Automatic repeat request, hybrid automatic
repeat reQuest (HARQ), link adaptation, packet radio networks,
packet scheduling algorithm, quality of service, scheduling, wire-
less communications.

I. INTRODUCTION

THIRD-GENERATION cellular systems are designed to
support high-speed packet data service on the downlink

from the base station to the mobile device. The high-speed
packet service is provided through a shared downlink channel,
where time division multiplexing is used within a code division
multiple access (CDMA) system. Time slots are assigned to
users at specific data rates through a scheduling algorithm
based on the user data backlog and the channel quality from a
feedback channel.1 Such a transmission scheme allows multiple
users to share time and Walsh code resources. The sharing of
resources permits adaptation to network and channel variations
and also reduces the channelization code limitation that might
occur if each user is allocated a dedicated channel. Therefore, it
has the potential to improve the capacity for bursty services. Ex-
amples of such a system include the CDMA 2000 1X-EV-DO,
1X EV-DV, and the UMTS high-speed downlink packet access
(HSDPA) [1]–[3]. Several advanced technologies are used in
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1Each mobile user measures the channel condition and translates it into a
metric which is fed back to the serving base station.

high-speed downlink transmission to improve link throughput
or reduce packet delay by adapting to the time varying channel
conditions, traffic statistics, and quality of service requirements.
Some of these adaptive techniques relevant to this paper are
summarized below.

Dynamic Link Adaptation or Adaptive Modulation and
Coding: Typically, each transmission in the shared downlink
channel is at maximum power available and no power control
is employed. Therefore, link adaptation, which continuously
adjusts the modulation and coding scheme (MCS), provides
an efficient way of maximizing the instantaneous usage of the
wireless channel [4]–[6]. For example, it enables the use of
spectral-efficient higher-order MCSs when channel conditions
are favorable while reverting to the MCSs that are more robust
but with lower transmission rates when channel conditions
degrade. The transmitter selects an appropriate MCS, based
on the user’s channel quality feedback, for the user that is to
be served in the current time slot. Henceforth, we refer to the
MCS selection as the mapping design.

Automatic Repeat reQuest (ARQ) or Hybrid ARQ: The per-
formance of link adaptation largely depends on the accuracy of
channel quality measurement, which is difficult to maintain as
user mobility increases. That packet data is delay-tolerant makes
it feasible to use retransmission schemes to recover erroneous
packets. Recently, Hybrid Automatic Repeat reQuest (HARQ)
techniques have been adopted by several wireless standards, e.g.,
1X EV-DV and HSDPA [1]–[3]. HARQ can compensate for link
adaptation errors and provide a finer granularity of coding rate
[7], [8] and improve throughput performance. Upon detecting a
transmission failure, typically through cyclic redundancy check
(CRC), the mobile user sends a request to the base station for re-
transmission. The packet decoder at the mobile combines the soft
information of original transmission with that of the subsequent
retransmissions, and the combined signal has higher probability
of successful decoding. In general, there are two ways of per-
forming soft combining. Using Chase combining based HARQ
mechanism, the base station repeatedly sends the same packet
and the receiver aggregates the energy from the (re)transmissions
to improve signal to noise ratio (SNR) [9], [10] and thus, the
combined packet has higher probability to be decoded correctly.
A more sophisticated HARQ mechanism, named incremental
redundancy (IR) [11]–[16], transmits additional redundant infor-
mation in each retransmission and gradually refines coding rate
and SNR till a successful decoding is achieved. Transmission
starts with the highest rate code and additional redundancy bits
are transmitted whenever necessary. Rate compatible punctured
convolutional (RCPC) codes [17] and Turbo-codes [18] can be
used to produce redundancy bits. Compared to Chase combining,
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IR has superior performance but also requires larger receiver
buffer [16], [19]. It also provides finer granularity of coding rate
and allows better adaptation to channel variations. A channel
capacity based analysis of different HARQ mechanisms can be
found in [20].

Scheduler: For a multiuser system where user channel condi-
tions change over time, a scheduler can take advantage of channel
variations by giving certain priority to the users with transito-
rily better channel conditions. Hence, the choice of the sched-
uling algorithm critically impacts the system performance. Sev-
eral scheduling algorithms have been proposed in the literature
[3], [21]–[26] to maximize the packet data throughput, subject to
various fairness conditions. For example, the proportional fair al-
gorithm [3], [22] utilizes asynchronous channel variations by se-
lecting the user with the maximum value of . Here, rep-
resents the instantaneous transmission rate chosen from the set of
available MCS schemes based on the signal-to-noise-and-inter-
ference ratio (SINR) feedback from the receiver, and repre-
sents the moving average of the rate at which the user was served
in thepreviousslots.Thisschedulergivesapproximately thesame
number of time slots to all the users, but assigns the transmission
to each user when its channel condition is at its best.

The above three technologies are tightly coupled. One of the
main design issues to be addressed in link adaptation is the map-
ping between the channel quality feedback, e.g., SINR, and the
MCS to be used to transmit user packets [27]–[30]. The map-
ping would determine the success probability of transmissions
and hence the achieved throughput. When some level of channel
uncertainty exists and the system supports HARQ, it may be
beneficial to pick an aggressive MCS that has a high packet error
rate at the reported SINR value. However, an overly aggressive
mapping could produce too many unsuccessful packet trans-
missions that diminish the overall throughput while an overly
conservative mapping fails to fully utilize channel resources. To
date, the mapping is typically chosen based on maximizing data
throughput subject to the frame error rate being below a cer-
tain threshold [29]–[31]. The data throughput is computed as
the instantaneous data rate which is the ratio of the 1) number
of information bits transmitted in a frame; and 2) frame dura-
tion. However, the instantaneous rate does not fully represent
the true data throughput since it fails to account for transmission
errors and the impact of the resulting retransmissions. Some-
times an aggressiveness factor is introduced through trial and
error, when HARQ is used as the retransmission scheme [16].
Overall, the conventional mapping design fails to take into ac-
count the performance improvement by HARQ and, therefore,
is not optimized for new systems. At the same time, the mapping
design and the associated throughput computation are crucial to
the scheduler since the decision of which user to transmit in each
scheduling interval is closely related to the throughput that the
user can achieve. Most scheduling algorithms proposed to date
rely on the instantaneous rate of a particular mobile user to de-
termine the priority of the user. Examples are the proportional
fair scheduler [22], the maximum weight scheduler [21], [24],
and the exponential weight scheduler [23]. However, these al-
gorithms do not include the fact that the packet transmission is
error-prone and that link layer retransmission techniques such
as HARQ are used to recover the lost packets.

In this paper, we address some of the key design issues asso-
ciated with the choice of the MCS scheme to be used for trans-
mission, given that an ARQ scheme is being used. We present a
systematic approach to selecting the mapping between the SINR
and MCS schemes, which performs well as shown in simula-
tions. The proposed mapping design is based on maximizing a
reasonable approximation to the user throughput while taking
into account the HARQ scheme being used. Simulation results
show that the sensitivity of the performance to the choice of the
mapping depends on the granularity of the MCS set. Thus, we
present results for the cases with 4 MCS levels (referred to as
4MCS set hereafter) where the improvement is marked and for
the cases with 6 MCS (referred to as 6MCS set hereafter) levels
where there is limited improvement using the scheme presented
in the paper. In addition, we propose modifications to the sched-
uling algorithm so as to use the frame error rate (FER) and
retransmission information in the scheduling process. When a
scheduler is choosing between multiple users, one would ex-
pect that using information about retransmissions versus new
transmissions in addition to information related to backlog and
channel condition should improve the accuracy of the sched-
uling decision. We investigate schemes in which the scheduler is
designed to provide priority to retransmissions over new trans-
missions.

The paper is organized as follows. In Section II, we present
the mapping design in the presence of HARQ. Along with
the general formulation, a number mapping criteria related to
special HARQ mechanisms are discussed. Modifications to the
scheduling algorithm to include frame error rate (FER) and
retransmission information in the scheduling process are dis-
cussed in Section III. We compare the performance of different
mapping designs and scheduler ranking methods and illustrate
TCP level results in Section IV. Conclusions are drawn in
Section V.

II. OPTIMIZING THE MAPPING BETWEEN SINR AND MCS

In this paper, we assume that the channel quality feedback
carries SINR. The mapping is between the SINR and the MCS
so that it can be applied to any user regardless of its distance
to the base station. In addition, the mapping only depends on
the instantaneous channel SINR rather than channel statistics.
Before we proceed, we will first review the mapping criteria that
have been widely used in the existing systems. Traditionally, the
mapping is determined so as to maximize the instantaneous rate
while maintaining certain target FER.2 For voice transmission,
the mapping is selected to maintain a 1% FER, while for data
transmission, the mapping is usually generated to maximize the
user throughput. For a general user , the traditional mapping
selection criteria between the SINR and the chosen MCS are
the following.

FER : which is bounded by the maximum allowable
FER of %, i.e.,

(1)

2This target FER is the measured frame error rate prior to HARQ operation.
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RFER: which is to maximize the estimated short term
per packet throughput assuming no HARQ operation,
i.e.,

(2)

where represents the instantaneous rate of MCS
is associated FER of MCS at SINR , and

represents the MCS set.
However, when applying HARQ as the retransmission scheme,
the mapping should be selected to maximize the throughput
after HARQ operation. Therefore, the average throughput
cannot be simply represented by .
In this paper, we consider two HARQ mechanisms: simple
ARQ and Chase combining. Upon detecting a packet error,
simple ARQ based transmitter retransmits the same packet and
repeats the procedure until the packet is received successfully.
Hence, the associated receiver always uses the last received
packet to decode the information and there is no combining.
Chase combining based receiver, on the other hand, combines
the soft decision of the original and the retransmitted signal for
a higher probability of successful decoding [9], [10].3 There-
fore, Chase combining outperforms simple ARQ, especially at
high FER for new transmissions. On the other hand, despite
the performance gain, some systems could still favor simple
ARQ since it does not require any advanced processing or extra
buffer to save the erroneous packets. It should be noted that
for both Chase combining and simple ARQ, the MCS used in
retransmissions is the same as that in the original transmission.

Motivated by the above discussions, we propose a single
unified mapping criterion that maximizes the average user
throughput [33]. For simplicity, we assume the channel con-
dition stays constant during retransmissions as that of the
initial transmission since the retransmissions are likely to occur
soon after the initial transmission for slowly varying channels.
Furthermore, in practice it is difficult to predict the future
channel conditions accurately and hence assuming constant
channel condition can be viewed as a simplified predictor
of future channel. Therefore, for a general user, during each
transmission period, the channel can be approximated as an
AWGN channel, and maximizing the average throughput is
equivalent to maximizing the average throughput for each
AWGN channel. In principle, if the distribution of the SINR is
known then one can determine the mapping so as to maximize

3The soft combining increases the SINR after a retransmission to the sum of
the SINR corresponding to the original transmission and the retransmission.

the average throughput over the time-varying SINR. However,
such an approach will result in a mapping that depends on the
SINR distribution, which in itself depends on the user location
within the cell. It is impractical to have a separate mapping for
each user. Thus, a mapping derived by assuming a constant
SINR is a reasonable approach.

The average throughput of an AWGN channel using MCS
is defined as the ratio of the average number of successfully

received information bits and the average time taken
by the packet [32], i.e.,

(3)

where represents the SINR. This metric includes the contribu-
tion from not only the current transmission but also that of the
future retransmission(s) and thus depends on the retransmission
scheme. The corresponding criteria for Chase combining and
simple ARQ are as follows:

TRPT-Chase:

(4)

where the probability of successful reception after transmis-
sions can be computed as . It should
be pointed out that (3) provides a valid throughput estimation
only when the number of retransmissions is unlimited. For a
given bound on the maximum number of retransmissions ,
we modify the criterion to (see (5) at the bottom of the page).
For simple ARQ we have the following.

TRPT-SARQ: (See (6) at the bottom of the page.) The second
equality above is established in the Appendix. It should be noted
that the mapping design described above could be extended for
systems that employ IR based HARQ by changing the FER
function to include the coding rate information.

III. OPTIMIZING THE SCHEDULER RANKING FOR HARQ

The scheduling algorithms for downlink wireless transmis-
sion are designed to exploit channel variations due to fading
by using feedback from the mobile device. Most scheduling

(5)

(6)
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algorithms in the literature use the instantaneous rate to deter-
mine the user to be served in each scheduling interval, but ig-
nore the link level transmission errors and retransmission mech-
anisms such as HARQ to recover transmission errors. Given that
packet queues contain new packets waiting to be transmitted and
packets to be retransmitted, one could expect that giving higher
priority to retransmissions could enhance the scheduler perfor-
mance.

Before we proceed, we will briefly summarize the operations
by the traditional schedulers that are unaware of the existence
of HARQ. After selecting a MCS for each user, the scheduler
determines the user to be served in the future based on the in-
stantaneous rate of each user. For example, assuming
represents the chosen MCS for user , and represents
the instantaneous rate of use that uses , then the Pro-
portional Fair scheduler [22] selects to serve user according
to

(7)

where is the average rate received by user in the past
over a certain time horizon and represents the set of active
users in the system. Another example of scheduler method, cor-
responding to the maximum rate scheduler, selects the user to
be served according to

(8)

However, for a system that employs HARQ, the instantaneous
rate cannot fully represent the true transmission rate
since it fails to recognize the following two important charac-
teristics:

Frame Error Rate Information: The instantaneous rate only
represents the transmission rate when the packet is successfully
received. Upon a packet error, the actual transmission rate is
zero and the frame should be retransmitted or discarded. This
miscalculation is especially harmful in a multiuser system. For
example, Mobile A has a SINR of 4 dB and selects MCS 1
of 2.4 Mbps, i.e., the instantaneous rate Mbps, and

%; Mobile B reports a 3 dB SINR that maps
to MCS 0 of 0.6 Mbps which results in a FER of 10%. Based
on the instantaneous rate, Mobile A is scheduled. However, it is
very likely that Mobile A’s transmission fails due to high FER.
On the other hand, Mobile B has a higher success possibility and
thus should be scheduled first according to the FER information.

Retransmission Information: For Chase combining, retrans-
mission has higher success probability since the SINR after soft
combining is the sum of the current SINR and that of the pre-
vious transmission(s).4 Therefore, the rate calculation should
take into account the retransmission information.

Unlike in the mapping design case, it is not straightforward to
derive an expression for the average throughput for a multiuser
scheduled system since it intricately depends on the scheduling
algorithm. This is especially the case for a scheduling algo-
rithm such as the Proportional Fair algorithm that guarantees a

4The success probability increases with the value of SINR.

certain fairness criterion. Thus, determining an optimum sched-
uling policy in the presence of frame errors and HARQ appears
to be intractable. Accordingly, we present a heuristic approach
that relies on the fact that if in the scheduling algorithm, it is pos-
sible to substitute the assumed error free rate by a more accurate
rate that can be achieved through multiple transmissions, then
the essential nature of the scheduling algorithm will be relatively
unchanged and the same fairness criterion will be retained while
at the same time, HARQ information is also taken into account.
It should be noted that the scheduler design and the mapping
selection can be conducted jointly to optimize the system per-
formance. For simplicity, we assume that they are performed
independently. We thus propose and investigate a set of effec-
tive rates that include both the FER information and
the retransmission information [34]. For any scheduling algo-
rithm, replacing the instantaneous rate in (7) and (8)
with provides a natural way of tuning the scheduling
algorithm to the particular retransmission scheme implemented
in a system.

In the following, we assume that for a general user
represents the estimated frame error rate

for an input SINR using , which could take into
account the impact of channel uncertainty including mobile
speed and channel estimation errors. As mentioned before,

represents the instantaneous data rate using
as the modulation and coding scheme. There are several pos-
sible ways to compute the effective rate . We present
a list of methods below and compare them through detailed
simulations in the next section. The simulation results show
that the methods of computing effective rate taking into ac-
count the FER and retransmission information have superior
performance.

Ranking A: Instantaneous Rate : This is the con-
ventional approach where the scheduler does not take past and
future (re)transmissions into account, i.e.,

(9)

Ranking B: ARQ Success Probability Weighted Instantaneous
Rate : In this approach, the instantaneous rate ob-
tained from the mapping is weighted by the success probability
of the current transmission. Note that the success probability de-
pends on whether it is a new transmission or a retransmission. In
the case where it is a retransmission, the success probability de-
pends on the type of hybrid ARQ scheme employed. Formally,
the equivalent rate of the current SINR at the th transmission
of the packet is given by

(10)

where is the current SINR and is the accumulated SINR
of the last transmission(s). In particular, for simple ARQ

; and for Chase combining is the accumulated SINR
of the previous transmission(s), i.e., ,
and . Note that this scheme provides priority to retrans-
missions naturally for Chase combining since the success prob-
ability is higher for retransmissions.

Ranking C: Average Packet Throughput Based Effec-
tive Throughput : In this approach, the effective
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throughput for the current SINR is computed as the ratio of the:
1) average amount of information that the future transmission(s)
could carry and 2) average amount of time or resource that will
take to carry such information, i.e., (3). It can be shown that
this approach achieves the largest set of arrival rates for which
the queues remain stable [35]. This ranking can be viewed as a
refinement of the , given that not only the current trans-
mission but also the effect of possible future retransmission(s)
of the packet are taken into account. Clearly, the throughput
computation depends on the type of HARQ scheme employed
and the channel statistics. As in Section II, we assume that the
SINR remains constant for possible future retransmission(s)
and derive the equivalent rates at the th transmission of the
current packet, for both Chase combining and simple ARQ, i.e.,
(see (11) and (12) at the bottom of the page). where rep-
resents the maximum number of transmissions. As ,
(11) becomes (see (13) at the bottom of the page.) It should
be noted that in (11) the summation in the denominator has to
reach the th term where is fairly close to
zero, which could result in certain computational complexity
for aggressive transmissions.

Ranking D: Success Probability Weighted Instantaneous Rate
: The instantaneous rate obtained from the SINR to

MCS mapping is weighted by the success probability of the cur-
rent transmission regardless of whether it is a new transmission
or a retransmission, i.e.,

(14)

It can be shown that this ranking corresponds to the effective rate
in (12) when simple ARQ is used as retransmission scheme.

Ranking E: Approximated Average Packet Throughput Based
Effective Throughput : In this approach, the average
packet throughput in (11) is approximated by

(15)

It can be seen that (10) is an approximation of (15) by using the
first term of the summation.

IV. SIMULATION AND DISCUSSION

In this section, we compare the performance of different
mapping criteria and scheduling algorithms in the context of a
high-data rate downlink packet access system similar (but not
standards compliant) to the UMTS HSDPA system [36] that is
specifically developed for delay-tolerant data. We have devel-
oped a simulation tool that captures the dynamic processes in
a radio network based on the Opnet network simulation tool.5

The simulated radio network consists of a radio network con-
troller (RNC), a base station (Node B), and mobile terminals.
Packet flow between the application server and the base station
experiences a total networking delay of 50 ms (30 ms between
server and RNC, 20 ms between RNC and base station).6 The
mobile terminals share the downlink data channel by time
multiplexing, and a scheduler at MAC layer determines the user
to be served in each frame. Each scheduling interval or frame
lasts 2 ms. We assume that the base station transmits to only
one user in each frame at full power. The HARQ functionality
resides between the base station and the mobile terminal to
permit soft combining and fast NACK/ACK feedback. We do
not simulate any kind of handoff. Fig. 1 illustrates the simulated
protocol stack from RNC to mobile terminal. We apply the
Opnet built-in module to IP, TCP, UDP, HTTP, and FTP, and
contribute to the following modules:

Radio Link Protocol (RLP): It performs data block segmen-
tation and reassembly. The ARQ functionality at this layer is
enabled. The RLP PDU size is chosen to be 40 bytes.

Medium Access Control : It performs sched-
uling, MCS selection and HARQ functionality, based on the
SINR feedback and the NACK/ACK signaling from each
mobile device. For HARQ, the retransmission scheme can be
either simple retransmission or Chase combining. The downlink
HARQ operates asynchronously where the retransmissions can
take place anytime after the NACK/ACK signaling is received

5Opnet Technologies Inc., Bethesda, MD; http://www.opnet.com/
6These numbers are selected arbitrarily as an example.

(11)

and

(12)

(13)



500 IEEE TRANSACTIONS ON WIRELESS COMMUNICATIONS, VOL. 4, NO. 2, MARCH 2005

Fig. 1. System architecture.

and the exact time is to be determined by the base station
scheduler. To compensate for NACK/ACK feedback delay, i.e.,
2 frames or 4 ms delay, HARQ operates in terms of three Stop
And Wait (SAW)[37] processes. The multiple process structure
allows HARQ to transmit continuously without waiting for
NACK/ACK signal. The maximum number of retransmissions
is 4. This layer also provides in-sequence delivery to RLP by
reordering the received data blocks according to the transmis-
sion sequence number (TSN). Therefore, an error-free data
block cannot be forwarded to the upper layer if the blocks
with smaller TSN are missing. To avoid buffer exhaustion
and protocol stall, a timer of 1s is invoked upon receiving
an error-free data block that cannot be forwarded [36]. MAC
scheduler makes scheduling decision about 1 ms prior to the
actual transmission, based on the estimated SINR value at
this time. As such, the SINR at the time of scheduling will be
different from that during transmission. The backlog includes
the packets that already enter the MAC buffer, and exclude the
packets that enter the MAC buffer at the time of the scheduling.
When choosing the MCS, MAC takes into account the size
of backlog, i.e., if the code block size corresponding to the
selected MCS is larger than the backlog, MAC will select the
next MCS with the smaller code block size that can carry the
backlog.

PHY: The physical layer simulation consists of a sequence of
events such as transmission and reception of signals, SINR eval-
uation and estimation. It employs 5-MHz spectrum and 2-ms
frame. For simplicity, we assume that the uplink channel (from
the mobile terminal to the base station) operates at 64 kbps and
0% FER. For the downlink channel, the frame error is generated
by relating the SINR at each mobile terminal to a link level per-
formance curve, i.e., a FER versus SINR curve for each MCS,
shown in Fig. 2. We define user geometry as the ratio of the total
power received from the signaling base station power to the sum
of total power received from the interfering base stations and the
noise power. In Rayleigh fading environments, geometry also
represents the average received SINR at the user. We simulate
two speeds: pedestrian speed of 3 km/h and a typical driving
speed of 30 km/h. The channel encounters frequency-flat fading
and the channel estimation noise is modeled as AWGN with

zero mean and 0.5 dB variance. Jakes model with Doppler cor-
responding to the speed at 2-Ghz carrier frequency was used to
simulate the Rayleigh fading. Physical mobility of the user has
not been considered since it is not necessary to consider path
loss variations and shadowing variations in addition to Rayleigh
fading for the purpose of illustrating the advantage from the pro-
posed schemes. This is especially the case since the scheduling
interval is only 2 ms and hence a very large number of time slots
are required for physical mobility of the users to take effect.

The system can employ up to 6 MCS schemes. The
4MCS set involves four MCSs of 640 kbps, 1.28 Mbps,
1.92 Mbps, and 2.56 Mbps while the 6MCS set consists of
320 kbps, 480 kbps, 640 kbps, 1.28 Mbps, 1.92 Mbps, and
2.56 Mbps. Based on the FER versus SINR performance,
we calculate the mapping in terms of a SINR
threshold set where , if

, with and . We introduce
a MCS 0 as no transmission (see Fig. 3). Tables I and II list
the SINR thresholds in dB associated with different mapping
criteria assuming the 4MCS set and 6MCS set, respectively.
FER10, FER50, and FER90 represent the mapping design
criteria, which limit the FER to 10%, 50%, and 90%, respec-
tively. The RFER (2) and TRPT-sarq mappings are equivalent,
so we use TRPT-sarq (6) to represent the two. We also intro-
duce an AGG criterion, which is 3 dB more aggressive than
TRPT-chase. We observe that for the given MCS rates, the
TRPT-chase criterion recommends aggressive transmissions
in low and medium SINRs, i.e., less than 6 dB, but falls back
to conservative transmissions for high SINRs. Among all, the
FER10 criterion is the most conservative and the AGG criterion
is the most aggressive.

Scenario A: Single User With TCP: In this subsection, we
study the performance of mapping design in the context of
HTTP/TCP performance, since most data applications use TCP
as underlying transport protocol. An important consideration
here is the tradeoff that although being aggressive could help
to improve the MAC layer throughput, retransmissions create
delay variations that TCP could falsely interpret as congestion
and induce congestion control to scale down the transmission
rate. Each mobile user runs HTTP 1.1 application and requests
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Fig. 2. Link-level FER.

Fig. 3. Link adaptation and mapping thresholds.

TABLE I
SINR THRESHOLD FOR the 4MCS SET IN Decibels OF VARIOUS

MAPPING CRITERIA

a web page of 400 000 bytes every 20 s. We use TCP Reno with
1460 bytes per TCP segment. The performance is measured in
terms of the HTTP throughput, , where repre-
sents the byte size of the th HTTP page and represents the
download time of the corresponding page. Figs. 4 and 5 show
the CDF of the HTTP throughput using Chase combining. The
proposed TRPT-chase mapping is superior for both 4MCS and
6MCS rate sets at pedestrian speed of 3 km/h. In particular,
the average improvement over FER01 is about 50% for the
4MCS set and 26% for the 6MCS set, while the improvement
over TRPT-sarq and FER50 is about 25% for the 4MCS set

and 10% for the 6MCS set. Hence, finer rate granularity could
reduce the sensitivity to the mapping criterion. This is mainly
due to the fact that finer rate granularity reduces the average
FER and thus the average number of retransmissions. As such,
the contribution to throughput from retransmissions becomes
less important. We also observe that in Table II, the difference
between TRPT-sarq, TRPT-chase, FER 50, and FER 90 are
fairly small.

As speed increases to 30 km/h, the assumption of constant
channel SINR during first transmission and following retrans-
missions becomes less appropriate. In this case, we see that a
more aggressive AGG mapping performs slightly better, i.e., 5%
than TRPT-chase. For TRPT-chase, these are still 5%–15% im-
provement over TRPT-sarq, FER10, and FER01 for the 6MCS
set. Once the difference between the feedback SINR and the ac-
tual SINR during transmission can be correctly modeled, the
link level FER curve can be reshaped accordingly, e.g.,

(16)

to take into account the impact of SINR estimation and predic-
tion noise. We also observe that the throughput fluctuation re-
duces compared to that of 3 km/h. This is mainly due to the av-
eraging effect of the fast channel fading during each HTTP page



502 IEEE TRANSACTIONS ON WIRELESS COMMUNICATIONS, VOL. 4, NO. 2, MARCH 2005

TABLE II
SINR THRESHOLD IN Decibels FOR 6MCS SET OF VARIOUS MAPPING CRITERIA

Fig. 4. Single user HTTP performance using Chase combining and 6MCS set. (a) 3 km/h and (b) 30 km/h.

Fig. 5. Single-user HTTP performance using Chase combining and 4 MCS
rate set at 3 km/h.

download. Overall, we can conclude that TRPT-chase mapping
achieves superior performance regardless of rate profile and user
speed. Since the mapping is in general derived off-line, the com-
putational complexity of TRPT-chase mapping is negligible.

Fig. 6. Single-user HTTP performance using Simple ARQ and 6MCS set at 3
km/h.

In Fig. 6, we investigate the HTTP/TCP performance when
simple ARQ is used as MAC layer retransmission scheme. We
observe that in this case the retransmissions at RLP layer is nec-
essary since sometimes MAC layer retransmissions cannot fully
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TABLE III
USER GEOMETRY VALUES

Fig. 7. Multiple-user HTTP performance of various scheduler rankings using Chase combining and TRPT-chase mapping criterion, 6MCS set. (a) 3 km/h and
(b) 30 km/h.

recover transmission errors. Overall, the TRPT-sarq mapping
has the superior performance.

Scenario B: Multiple Users With TCP and Modified Sched-
uler Rankings: Next, we evaluate the performance of a mul-
tiuser system using the modified proportional fair scheduler. We
replace the in (7) with the effective rates in
Section 4. The system simulated includes 10 users, each associ-
ated with a geometry value which measures the average signal to
noise ratio, descending with the user index, as listed in Table III.7

Each user runs HTTP1.1 over TCP/IP, requesting a web page of
100 000 bytes every 40s. The proportional fair scheduler maxi-
mizes the following fairness [22], [38]:

(17)

where represents the MAC layer throughput. To re-
flect the HTTP/TCP level performance, we modified the above
metric to

(18)

where represents the size in bytes of the th HTTP page for
user and represents the corresponding download time.
This metric allows us to compare the performance of the dif-
ferent scheduler rankings using a single scalar. Fig. 7 shows
the performance of various rankings using TRPT-chase map-
ping using the 6MCS set. We plot the CDF of the system metric

7We use a prefixed grometry value for each use to permit a fair comparison
of various scheduler rankings.

over different instances of page downloads. Since the channel
is time varying and the page download times are not large com-
pared to the coherence time, the system metric is different at
different download times. In this experiment, the calculation
of Ranking E includes up to 3 retransmissions, i.e.,
in (15). We observe that Rankings B, C, and E perform well,
and, therefore, Rankings B and E can be utilized in practical
systems from a complexity consideration. The essence of pro-
portional fair scheduler is to schedule a user when its channel
quality is relatively better than the average. Using TRPT-chase
mapping, the average number of retransmissions is below 0.2.
Hence, the contribution of future retransmissions to the packet
throughput is fairly small, and so is the difference among Rank-
ings B, C, and E. On the other hand, Ranking A performs poorly
by ignoring the FER and retransmission information and failing
to give appropriate priority to retransmissions. Ranking D esti-
mates throughput incorrectly based on wrong ARQ algorithm,
and, therefore, has the worst performance. This again proves the
importance of choosing the right scheduler ranking. Quantita-
tively, using the 6MCS set, the proposed Ranking C outperforms
Ranking A by 10% and Ranking E by more than 30% at pedes-
trian speed of 3 km/h, and the improvement becomes more than
40%, at 30 km/h.

It is obvious that the sensitivity to scheduler ranking method
depends on the level of aggressiveness in link adaptation. To val-
idate this claim, we compare in Fig. 8 the performance of var-
ious scheduler rankings, when AGG mapping criterion is used
to perform link adaptation. The corresponding average number
of retransmissions is in general greater than 0.3. In this case, the
contribution of future retransmissions cannot be ignored when
comparing packet throughput. Therefore, the performance of
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Fig. 8. Multiple-user HTTP performance of various scheduler rankings using Chase combining and AGG mapping criterion, 6MCS set. (a) 3 km/h and (b) 30
km/h.

Fig. 9 CDF of user HTTP performance of various scheduler rankings using
Chase combining and AGG mapping criterion, 6MCS set, 30 km/h

Ranking B is about 15% lower compared to those of Rankings
C and E. The individual user performance is shown in Fig. 9 in
terms of the CDF of user HTTP throughput. We observe that,
relatively, Rankings B and D favor users that are in good loca-
tion over those in bad location or far away from the base sta-
tion, while Rankings C and E balance among users and allow
fast adaptation to channel variations.

Scenario C: Multiple Users With TCP Using Ranking C for
Various Mapping Criterion: We evaluate the performance of
mapping design in a multiuser environment using the modi-
fied proportional fair scheduler with Ranking C. Fig. 10(a) de-
picts the system metric using different mapping criteria where
TRPT-chase mapping achieves the best performance. The user
throughput CDF is shown in Fig. 10(b). An overly aggressive
mapping like AGG is beneficial to low geometry users but is

detrimental to other users since low geometry users consume
extra channel resources. On the other hand, conservative map-
pings like FER01 and FER10 only favor high geometry users.

V. SUMMARY AND FUTURE WORK

In this paper, we have addressed some of the key design
issues associated with the choice of the MCS scheme used
for transmission given that an ARQ scheme is being used. We
have presented a systematic approach to selecting the mapping
between the SINR and MCS schemes, which performs well
based on simulation results. Our mapping design criterion is to
maximize the throughput, taking into account the ARQ scheme
being used. It achieves 5%–50% throughput improvement
compared to that of the traditional mapping design. Our results
also show that the sensitivity of the performance to the mapping
depends on the granularity of the MCS set with decreasing
sensitivity for larger MCS sets. The channel estimation and
prediction error can also be included in the mapping design
by modifying the frame error rate accordingly (16). We have
described modifications to scheduling algorithm to utilize the
FER and retransmission information in the scheduling process
by using the effective rate instead of the instantaneous rate
in making the scheduling decision. Several alternatives to
approximating the effective rate were considered. The modified
proportional fair scheduler achieves 10%–30% performance
improvement compared to that of the traditional proportional
fair scheduler. The gain from the proposed modification to
the scheduler increases with the aggressiveness level of the
link adaptation and the user speed. It should be noted that the
proposed effective rate computation methods were based on the
assumption that the SINR remains constant during the multiple
transmissions of the packet. If this assumption is severely
violated, as in the case of high Dopplers, the proposed effective
rate approach may not result in enhanced performance.
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Fig. 10. User HTTP performance of various mapping criterion using Chase combining, proportional fair scheduler with ranking C, 4MCS set, 3 km/h. (a) System
metric and (b) user throughput.

APPENDIX

Proof of (6):

(a)

Take (a) into the left hand side of (6), (to simplify notation we
replace with on the right hand side of the first equation)
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