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Abstract— Provision of guaranteed quality of service (QoS) in only reasonable if error control and recovery on the data lin
wireless communication has always been a demanding task. Qo |ayer is also adaptive.

can be ensured by the mechanism of repeat request, however |, the following, IDMA based transmission system and
real time systems can tolerate only a finite delay. In this pagr ’

we investigate the problem of provision of guaranteed QoS by HAR_Q prqtoc_ols are Intr(_)duced. A rellablllty_bf';lsed retrans

hybrid automatic repeat request (HARQ) schemes, based on o Mission criterion and the idea of packet combining for HARQ
outputs of a channel decoder. Focus is on adaptive interleav based IDMA system are discussed briefly. The impact of
division multiple access (IDMA) transmission. Such a syste is  truncated ARQ and the adaptation of spreading factor on

able to provide virtually arbitrary bit error rates (BER). . overall system performance is investigated and results are
The proposed HARQ schemes use the reliability information demonstrated

provided by the channel decoder to decide whether a packet
satisfies the quality of service (QoS) requirements. QoS cabe . s .
specified in terms of a minimum required throughput/data rate or A. Adaptive Interleave-Division Multiple Access (IDMA)

a minimum required BER. Effect of truncation of repeat requests In Direct Sequence spread spectrum Code Division Multi-
on the bit error rate and packet throughput is investigated. An  ple Access (DS-CDMA), distinct data streards, are dis-

adaptation scheme based upon the bit error rate in the accept .. : . .
packets is proposed and the effect of the adaptation on the tinguished bydifferent spreading sequences. Forward error

effective throughput is demonstrated. correction (FEC) coding is typically done before interlieay
and spreading. Hence, interleaving is performed on a symbol
|, INTRODUCTION by-symbol basis. Conventionally, the same FEC encoder and

the same interleaver is used for all data streamns

In future wireless systems, adaptivity and scalability are In IDMA, FEC encoding and spreading may be done jointly
important features for efficient provisioning of differentality by a single low-rate encoder, subsequently denoted by ENC,
of service (QoS) classes for different applications. followed by an interleaver. Each encoded and interleaved

Traditionally, two types of channel coding schemes exiequencex,, is referred to as a code word in the following.
In forward error correction (FEC) scheme redundancy &ll data streams use the same low-rate encoder. However,
employed for encoding and decoding the data. Automafier every code wordlifferent interleavers are used. This is
repeat request (ARQ) schemes belong to the class of eroften referred to as chip-interleaving. As an alternativéhie
correcting schemes where no code is used for error correctiescribed re-arrangement between interleaving and spmgad
but receiver uses some error detecting code to detect thiesertDMA may be interpreted as DS-CDMA without spreading or
and provides the information about the quality of the reegiv as DS-CDMA with a spreading length of one.
data on an explicit feedback channel. A combination of FEC To provide different data rates to certain users, multiple
and ARQ is termed as Hybrid ARQ (HARQ). code words can be linearly superimposed in order to enhance

In this paper, we use HARQ to provide a minimum target bthe data rate per user, a concept which is called multi-code
error rate (BER) for a wireless transmission system based tehnique in UMTS Terristrial Radio Access (UTRA).
interleave-division multiple access (IDMA) [1], [2]. IDMAas One main advantage of IDMA is the availability of low
been proposed for use in next generation wireless systens fpmplexity, iterative receiver structures which deliveliable
[4], [5]. Besides of its high spectral efficiency, IDMA is ity  soft outputs [1]. Based on the soft outputs, a soft adaptatio
scalable and adaptive. Based on a soft adaptation strateggtiategy was proposed in [3]. This adaptation strategyséslju
is able to provide different data streams with different Qoie number of code words (assigned to a user or application)
parameters (such as bit error probability and data rate3éosu and the transmit power based on the soft outputs of theiiterat
or applications. An adaptation strategy as proposed ing3]receiver structure. The goal of the adaptation strategyis t



ensure QoS in terms of a maximum bit error rate and minimufor the IDMA system and average bit error probability (BEP)
data rate while on the other hand using minimum transmissibased criterion has been found to provide the best throughpu
power. result at a specific target bit error rate (BER).

Such an adaptation is only reasonable if the upper layers aré®acket combining is a technique which stores the rejected
designed to support such an adaptivity. Traditionally, ARQackets and combines them with the retransmissions to im-
is designed for quasi error-free transmission. In our cag@pve the chances of acceptance of the new packet. In [8], the
however, the ARQ protocol has to be adapted to the requirAddLLR combining technique has been found to provide the
BER. A further advantage of IDMA, the possibility of highbest performance by adding the log likelihood ratios (LLR) o
throughput, should not be altered by the upper layers. the corresponding bits in all the transmissions of a packet,

B. Hybrid Automatic Repeat Request (HARQ) Yilk] = Lik] + Y"1 [k] . 1)

Analysis of pure ARQ schemes reveal the problem that an
increase in retransmission requests has a severe impageo
throughput as the channel quality deteriorates [6]. Theridyb
protocols counter this effect through the use of forwararerr
correction in conjunction with error detection. II. TRANSMISSION SYSTEM

The FEC portion of the protocol is designed to correct the g angmission system assumed in this paper is depicted

errorsdcausgd by nmszor w:jterferegce on the channel, W::'%in Fig. 1. To enable the system for ARQ, the data sequence
error detection is used to detect the remaining errors. idy rdm of the mth user consisting o information bits is stored

protocols can thus provide throughput similar to that of FEf4 4 buffer at the transmitter side. The data sequehgeis

systems, while offering a reliability performance typical ;5 cajled a packet. After the buffer, the data is multiptex
ARQ protocols. to G different layers of the IDMA-based air-interface. The

HARQ schemes are widely classified into two categorieg; jerimposed code words experience additive white Gaussia
Type-I HARQ and Type-Il HARQ schemes. The Type-l Hyyyise and interference by other users. At the receiver siele t

brid ARQ protocol is the simplest of the hybrid protocolsiynia receiver proposed in [1] is used to provide soft esti-

Each packet_ is encoded t‘_NO _times, for error detect?on afithtes of the information bits. An evaluation module decides
error correction. The data is first encoded using a high 13fg ether a packet fulfills the BER requirements. Therefdre, i
error detecting code. A cyclic redundancy check (CRC) cod@ner accepts a packet and sends an ACK over the feedback
is a popular choice for error detection. The encoded datad§annel or discards the packet and sends a NAK. The feedback
then encod_ed again using a FEC code. On the recever Si8fannel itself is assumed to be perfect. While conventional
the transmitted packet is first decoded_ by employing the F%Q schemes make decisions based on an error detecting
code, and then decoded by employing the error detectiggye \ye use criterions based on the soft outputs provided by
code. If an error is detected, a negative acknowledgemeqs \p\ma receiver described in detail. For this reason, morer

(NAK) is generated and sent to the transmitter. The Sarggecting code, as a CRC code, is needed in these schemes.
packet is retransmitted again and the process is repealessun |1, packet combiner is used for combining the informa-

the packet is correctly received and positively acknowdetigyjoy pits from the retransmitted packets. It stores copiks o

(ACK) by the receiver. _ discarded packets. These copies are afterwards combiried wi
Type-Il Hybrid ARQ protocols adapt to changing channg},, newly received packets.

conditions by means of incremental redundancy. When the
sender receives a NAK, it responds by sending additional ~ IIl. ADAPTATION FORREAL TIME SYSTEMS

code bits to the receiver. The receiver appends these bits tdddLLR combining in conjunction with the average BEP
the received packet, allowing for increased error coroecti hased criterion provides the target BER in the acceptedgtsick
capacity. Type-Il HARQ systems can be taken as special cagg this requirement can only be guaranteed if infinite retra

of code combining systems in which packets are concatenatgfiissions are allowed. In real time systems, this conditiam c

to form noise corrupted code words of increasingly lowerecothot be fulfilled all the time. In this section, some adaptatio
rates. Another class of packet combining systems is terrsedsghemes are proposed.

diversity combining systems in which the individual symbols ] .

from multiple, identical copies of a packet are combined - Deadline Dependent Coding (DDC)

create a single packet with more reliable constituent symibo Deadline dependent coding (DDC) is the concept of making

Code combining systems have been discussed by Chase amdmmunication protocol deadline dependent [9]. The proto

found superior in jamming environment [7]. col should try to minimize bandwidth, transmit energy anel th

o o o time required to successfully deliver the information. fihe

C. Soft Packet Combining and Retransmission Criterion are two classes of real time systerhard andsoft real time
HARQ systems require a retransmission criterion for the dsystems [10]. In a hard real time system, late delivery canno

cision of acceptance or rejection of the received packdgB]in be tolerated. In contrast, soft real time system can taeaat

reliability based retransmission criteria have been psedo specified low probability of late delivery.

denotes théth received transmission of a packet, whyé
denotes the packet resulting from the combination afteitthe
transmission.
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Fig. 1. IDMA-based transmission system including a hybrid@ scheme with optional packet combiner.

In this paper, we consider the time deadline of the dateamelypacket throughput andeffective throughput to compare
delivery as the hard constraint and try to minimize the BERhe performance of the different strategies proposed. d®ack
i.e. the BER is considered as a soft constraint. We limit thleroughput is defined as the number of packets accepted by
maximum number of transmissions 9,,, and accept the the receiver per transmitted packet.
pe}ckgt afterme transmiss_ions ignoring the retransmission number of accepted packets
criterion. This type of ARQ is termed dsuncated ARQ [11]. Npacket =
We set the receiver iterations to a fixed value. It is différen _ ) _
from [11] where after each receiver iteration, stoppingecion On the other hand, effective throughput is more precise
is tested and packet is NAKed if stopping criterion is ndfeéasure of the effectiveness of_ any_sche_me as it takes _the
fulfilled after the maximum number of allowed iterations. IPerformance of FEC code and idle time into account. It is
our proposed scheme, after the fixed receiver iterations a#gfined as the number of bits accepted by the receiver per
AddLLR combining, the packet is tested against the avefansmitted bit.
age BEP based retransmission criterion. If the retransoniss __number of accepted bits 3
criterion is satisfied, resultant packet is accepted, otiser Ipacket = 5 imber of transmitted bits 3
it is stored in the buffer for later use. After the maximumdie time or round trip time (RTT) is an other important
number of allowed transmissions, if retransmission doter parameter affecting system performance. It is defined as the
is not satisfied, resultant packet is still accepted to fyati® time transmitter has to wait after sending a packet and befor
requirements of provision of a minimum guaranteed data ratgceiving the ACK/NAK for the packet. It is measured as the

) , amount of data that a transmitter can send but it is not able to
B. Adaptation of Spreading Factor (SF) send due to waiting for ACK/NAK. It is waste of the resources

In the literature [12] adaptive modulation and channelf the system such as bandwidth and processing speed at the
coding (AMC) is widely discussed as a form of adaptatiottansmitter and the receiver. For the IDMA system, effectiv
According to [12], (H)ARQ is essential to compensate fahroughput is defined as,
erroneous packet transmission in AMC caused by the false MK,,
selection of.modula'uon and c.hannel coding scheme. We use Neff = S (MK + SF2(B) + To(I) (4)
the adaptation of the spreading factor (or code rate) as an _ ;
adaptation strategy. User data varies all the time in the ré¢here M =Number of layersy,, = Information bits per layer,
scenarios and the spreading factor can be adapted to meettfje= LOW Spreading factors 5= High Spreading factof/
requirements. We use a fixed data size of the packet in gufNumber of transmissions arfd= Idle time.
simulations. The idea is to start a new t_ransmissipn always T = D(RTT + processing timg bits (5)
with small spreading factor anéhcrease it if packet is not
accepted by the receiver and this information needs to w&ereD is data transmission rate.
conveyed to the transmitter on the feedback channel. After d
a packet is accepted, spreading factor is again set to the low RTT =2 ¢ ©6)
value. This strategy may originate unnecessary retrasfins  For |IDMA, at bandwidth of 40 MHz with a bit load (ratio
but it has the potential of providing significant advantadew of |ayers to SF) equal to 2, transmission raleis calculated
user density is low or channel conditions are good. as 80 Mb [5]. With the distance of 10 km between the
transmitter and the receiver, at speed of ligRf'T" is equal
to 53.2 kbps. This factor pulls the effective throughput of a

Performance of a system employing a HARQ scheme $®p and wait (SW) based HARQ protocol down for all the
measured by throughput. We have defined two parametesransmissions. In real time systensding window based

)

number of transmitted packets

IV. NUMERICAL RESULTS



HARQ protocols are always preferred to minimize this effect $7© Maxallowed transmissions =
In this work, effective throughput has been normalized to | AA Inimite wansmisions > 1
compare the effects of various adaptation on the system. For

the simulations of truncated (H) ARQ a spreading factor of 10 107
has been used and 20 superimposed code words of 640 bits
have been allocated to a single user. The results at a single
SNR point are based upon 1000 packet transmissions. The
simulations show the results for a single user for whom the
ARQ schemes have been applied but the idea can easily be
extended to multi users.

Fig. 2 and 3 show the effect of limiting the maximum © ! L
number of allowed transmissions on throughput and BER. E/N,in dB
Fig. 2 and 3 show that it is possible to ensure BER per-
formance of the packets better than the target BER, if we do Fig- 3- BER in truncated (H)ARQ systems at target BERLOT .
not limit the transmissions. In case of limiting the maximum .
number of transmissions, there is no guarantee in terms of OSPE
BER performance up to a specific bit energy level and this pol e Shim 10 5510 /Z(
energy level corresponds to the point where throughputesurv h /
for the limited number of transmissions converge to the eurv
for unlimited transmissions. This point is callednvergence
point here. After the convergence point QoS requirements of
both target BER and target throughput are satisfied. At gnerg
level less than the convergence point, target data rate ean b %é 5

o
)

o
IS

Throughput

ey

achieved but BER is higher than the target BER. e.g. for the 02
minimum throughput of 20% and 33% this point is 4 dB o4
and 5 dB respectively as shown in Fig. 2 and 3. Therefore, a o5 L i -
guaranteed QoS in terms of both BER and data rate is possible E/N,in dB

by the mechanism of HARQ schemes by providing specific bit _ S
energy levels Fig. 4. Packet throughput for the adaptation of spreadimtpfan case of

retransmissions.
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Fig. 2. Comparison of Packet throughput at target BERI@f* when Fig. 5. Effective throughput for the adaptation of spregdiactor in case
maximum number of retransmissions are limited. of retransmissions.

Fig. 4 and 5 show the effect of adaptation of spreading
factor on the throughput and effective throughput respelsti
From Fig. 4, it is clear that an increase in spreading factorin [8], HARQ scheme based upon AddLLR packet com-
results in an increase in packet throughput, which is otsziolbining and average BEP based retransmission criterion is
The real advantage of this adaptation can be seen in Figp®posed by allowing unlimited transmissions. In this pape
where effective throughput (defined in Eq(3)) is plottedeThthis idea is extended to the limited number of transmissions
figure shows that at low bit energy levels, higher spreadifgm is to guarantee a certaiminimum throughput by allowing
factor is advantageous but if more power is available (orsuseit errors more than target BER below a certain threshold
density is low), use of small spreading factor can providésbe energy level. Effect oideadlines on the ideal system is ex-
performance and capacity. amined. HARQ scheme provides the guaranteed QoS in terms

V. CONCLUSIONS



of BER only if retransmissions are not limited. Contrarilyj12] N. Miki, H. Atarashi, S. Abet, and M. Sawahashi, “Comigan of

if a minimum throughput is the more desirable feature, then throughput employing hybrid ARQ packet combining in ford/dink

.. limited and . idedtab OFDM broadband packet wireless acceseEEE Trans. Commun,
retransmissions are limited and no guarantee is providedtal vol. 88, no. 2, pp. 594-603, February 2005.

the BER at the bit energy less than tbhenvergence point.
After this point bothdeadlines of BER and data rate can be
met simultaneously. The idea obnvergence point (discussed
in Sec:lV) has been proposed here for the provision of
guaranteed QoS in terms of both minimum BER and minimum
throughput of the multiuser wireless communication system
An adaptation scheme based upon alternating spreading
factor is proposed. In case of low user density or high power,
this adaptation provides better capacity than the fixedagpre
ing factor scheme. This adaptation has the potential of even
better performance in the presence of selected retrarismiss
schemes where in stead of the whole coded packet, only a part
of the redundancy or some puncturing pattern is retranschitt
In this case, first transmission is done at low spreadingfact
and high spreading factor is applied only on the redundancy
information which is much smaller in size than the original
data. Therefore, overall code rate is expected to improve as
compared to fixed spreading factor schemes.
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