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CALL FOR PAPERS

European Transactions on Telecommunications
and Related Technologies (ETT)

Focus on

SYNCHRONIZATION OF DIGITAL NETWORKS

Since the first advent of digital telecommunications, network synchronization has a determining
influence on the performance and the quality of most services offered by the network operator to
his customers. Nowadays, as the introduction of transmission systems based on SDH
(Synchronous Digital Hierarchy) in the public networks is drawing near, the need for adequate
network synchronization facilities becomes more and more stringent in order to fully exploit
SDH capabilities. For these reasons, all the major network operators have set up, or are now
planning, nationwide synchronisation networks, and the whole subject is at present very debated
both in Academia and in the relevant standard bodies. The ETT Journal announces a forthcoming
issue on Synchronization of Digital Networks, that will include (but will not be limited to) the
following topics:

— clock stability characterization

— time and frequency measurement techniques

— phase and frequency noise modelling

— precision frequency sources for telecommunications

— network synchronization techniques

— simulation and analysis of slave clocks systems

— synchronization network architecture

— impact of network synchronization on telecommunications services
— field trials

— test beds

Prospective authors should send five (5) copies of their papers to one of the Guest Editors listed
below. The following deadlines will apply

— Submission of manuscripts: April 30, 1995
— Notification of acceptance: July 30, 1995
— Submission of final manuscript: November 15, 1995
— Publication date: January-February, No. 1, 1996
Guest Editors
Ing. Stefano Bregni Dr. Erhard P. Graf
CEFRIEL OSA - OSCILLOQUARTZ S.A.
Via Emanueli, 15 CH-2002 Neuchatel 2
1-20126 Milano, Italy Switzerland
Ph.: + 39-2-66100083, Fax: +39-2-66100448 Ph.: +41-38-258501, Fax: +41-38-258508

e-mail: bregni@ mailer-cefriel-it

Note: Papers will be accepted for the focus only when subject to at most minor revision. In case
of acceptance with major revision, the paper will be considered as a regular contribution for other
ETT issues.
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CALL FOR PAPERS

European Transactions on Telecommunications
and Related Technologies (ETT)

Special Issue on
ATM FIELD TRIALS AND EXPERIMENTS

During the last 10 years, the Asynchronous Transfer Mode (ATM) technique has received attention in
research, standardization and system development worldwide as the key principle for the Broadband
Integrated Services Digital Network (B-ISDN). The standardization process within ITU-T and the ATM
Forum is in the final phase. Research activities on ATM have been supported within the RACE I and 11
programmes since 1988. Currently, a number of experimental testbeds, platforms and field trials are in
progress to test the new technology, to show the interoperability of various types of equipment, to
demonstrate new applications and to validate specific traffic control algorithms, traffic models and Quality
of Service (QoS) management procedures. The first ATM equipment is commercially available and
becomes operational within local area environments.

Experiments with the new technology play an important role to achieve a well-understood and stable high
speed network infrastructure for new services and applications such as multimedia, video on demand or
LAN interconnection. Despite considerable progress there remains a number of problems, which need
further study such as traffic control, resource management, signalling, QoS management, and traffic
validations by measurements and tests under realistic conditions. The result of such experiments are of
wide interest for research, standardization, system developlent and operation. The Special Issue aims at the
presentation of the state of the art in ATM networking and applications. Contributions are expected
especially on the following subjects, which must have a direct relation to experiments:

— Broadband Testbeds and ATM Pilot Experiments — Advanced Applications

— Signalling in ATM Networks — Interoperability

— Usage Parameter Control (UPC) — Connection Acceptance Control (CAC)
— Measurement of Real Broadband Traffic — Quality of Service

— Traffic Descriptors and Traffic Model Validations — Resource Management

— Generator/Analyzer Test Equipment — Dimensioning, Planning and Operation.

The following deadlines will apply

—  Submission of Proposal (1 page Abstract): June 1st, 1995

— Notification of Full Paper proposal: July 15, 1995

— Submission of Full Papers: October 1st, 1995

— Notification of Acceptance: January 1st, 1996

— Submission of final version for publication: March Ist, 1996

— Publication Date: July-August, No. 4, 1996

Contributions could be directed to either one of the Guest Editors listed below.

Guest Editors
Professor Dr. A. Danthine Professor Dr. P.J. Kiihn Dr. J.W. Roberts
Université de Liege University of Stuttgart France Télécom - CNET
Institut d’Electricité Montefiore Inst. of Commun. Switching PAA/ATR/GTR
Sart Tilman B 28 and Data Technics (IND) 38-40, rue du Général Leclerc
B-4000 Liege, Belgium Seidenstr. 38 F-92131 Issy-les-Moulineaux
D-70174 Stuttgart
Tel.: +32-41-66 26 91 Tel.: +49-711-121 2479 Tel.: +33-1-4529 5701
Fax: +32-41-66 29 89 Fax: +49-711-121 2477 Fax: +33-1-4529 6069
e-mail: danthine@vml.ulg.ac.be e-mail: kuehn@ind.uni- e-mail:robert@issy.cnet.fr
stuttgart.d400.de

Note: Papers will be accepted for the special issue only when subject to at most minor revision. In case of
acceptance with major revision, the paper will be considered as a regular contribution for other ETT issues.




Workshop Announcement and Call for contributions

ATM Hot Topics on Traffic and Performance: from RACE To ACTS
14-15 June 1995 Italtel
Settimo Milanese (Italy)

Organized by: on behalf of:
BRAVE Project -R2118 RACE PL8 Special Interest Group on
Broadband Access Verification Experiments Traffic Control and ATM Performance

ATM has experienced great progress during the last few years. The first ATM products are available now
and a number of field trials, pilot networks and even some commercial services are currently in operation
all over the world. However, although the basic ATM technology has rather matured, many interesting pro-
blems remain to be solved, in particular in the field of traffic control.

Moreover, new traffic related problems are induced from one side by the introduction in the ATM network
of signaling and IN related capabilities, and from the other side from new applications such as Video on
Demand (VoD) and ATM Virtual Private Network (AVPN).

All these items will be subject of investigations and experiments in the context of the forthcoming ACTS
programme.

This workshop is therefore aimed at:

— define and update the state of the art in ATM traffic control by open participation of RACE projects;

— contributing in building up a bridge between RACE and ACTS programmes, identifying focal and still
open problems by invited speeches mainly coming from the ATM Forum, COST242, DAVIC, ITU-
T/ETSI, RCO, TINA organizations.

Presentations are encouraged in, but not limited to, the following topics:

— Traffic Control functions (support of Available Bit Rate Services, Traffic Shaping, Cell Scheduling
algorithms, Fast Resource Management, ...)

— Statistical Multiplexing (use of large buffers, use of Sustainable Cell Rate, ...)

— User Applications (traffic management for ATM Virtual Private Networks, Video on Demand, ...)
— Experiments on Traffic and Performance, including QoS and Reliability issues

— Tariffs and billing strategies

Technical Committee

Chairmen: P. de Sousa Commission of the European Communities, DG XIII/B
G. Gallassi Italtel, Milan
P. Kuehn University of Stuttgart, ITC-IAC Chairman
Members: M. Griffith Commission of the European Communities, DG XIII/B
M. Potts Association Swiss PTT/ASCOM, Basel
S. Rao ASCOM, Bern
G. Stassinopoulos  National Technical University of Athens
L. Verri Italtel, Milan
E. Wallmeier Siemens, Munich

The workshop will be held in the Italtel premises of Settimo Milanese, few kilometers away from Milan.
Attendance will be limited to 60 participants. Registration is recommended by April 1st, 1995. For info
send E-mail to verri@settimo.italtel.it or gallassi@settimo.italtel.it

Deadlines Contact point

April  1st, 1995  Two pages Abstract and G. Gallassi

Registration form Italtel, Central R&D Labs. - CLTB
April  15th, 1995  Acceptance notification 1-20019 Settimo Milanese (MI) - ITALY
May 15th, 1995  Camera ready copy of the  Fax: +39.2.4388.7989

full paper Email: gallassi@settimo.italtel.it
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GUEST EDITORIAL

Prof. Savo G. Glisic Prof. Elvino S. Sousa
University of Oulu University of Toronto

Dept. of Electrical Engineering Dept. of Electrical Engineering
Linnanmaa 51 Toronto

90570 Oulu - Finland Ontario MS5S 14A - Canada

The spread spectrum modulation technique has undergone a long evolution since its inception ap-
proximately one half a century ago. The initial application was for interference suppression in a mili-
tary environment, more commonly referred to as anti-jam communications. However, current com-
mercial applications of its use as a multiplexing scheme were also foreseen early on. Research in
spread spectrum was mostly of a classified nature until the early seventies. From an implementation
perspective the implementation of spread spectrum receivers was difficult due to the requirement of
complex synchronization algorithms (acquisition and tracking) and the limitations of the available te-
chnology at a reasonable cost. In the last few years all of this has changed and we are now seeing a
proliferation of applications of spread spectrum ranging from the traditional military application, to
wireless LANs, operation in bands allocated by blanket licences, and cellular networks.

The defining principle of spread spectrum is that the ratio of the transmitted signal bandwidth to
the information data rate should be large (processing gain). Along with this property we get a number
of benefits such as anti-jam (anti-interference) capability, anti-multipath, low probability of intercept,
multiple access capability with a high degree of flexibility of transmission by the different users, and
the most recent, efficient frequency re-use as required in cellular-type networks.

Spread spectrum techniques come in various forms such as direct sequence, frequency hopping,
and various hybrids. Mathematically all of these share common properties although they are quite
different from an implementation standpoint. Also their relative performance depends on the type of
interference; e.g. frequency hopping is quite effective against partial band interference, and direct se-
quence is advantageous for multiple access as long as the powers of the different users are in the sa-
me range. Direct sequence multiple access suffers from the so called near/far problem and requires ti-
ght power control. Frequency hopping is typically less efficient spectrally but suffers less from the
near/far effect.

With recent advances in VLSI it is now not only practical to solve the old problems with imple-
mentation of synchronization schemes, but it is also becoming practical to implement various types
of complex receiver algorithms which improve the performance of spread spectrum in multiple ac-
cess channels with multi-path fading. The most common of these is the Rake receiver which consists
of a set of correlators that track individual multi-path signal components. The number of multi-path
components depends on the chip rate relative to the channel delay spread. Systems such as IS-95 em-
ploy in the order of 3-4 correlators. The other types af advanced receivers are the so-called multi-user
detectors which come in various forms: maximum likelihood, feedback type receivers, and decorrela-
tors. Another feature of spread spectrum modulation is the prevalent requirement for the use of
forward error correction coding. With advances in VSLI it is now possible to implement many co-
ding schemes involving, convolutional codes, orthogonal codes with the corresponding Fast Hada-
mard Transform based decoders, Reed-Solomon codes, and various concatenated coding schemes in-
volving these basic codes.

An important characteristic of a modulation scheme in current wireless systems is its suitability for
spectral re-use and its co-existence with other systems, along with a flexibility to adapt to changes in
transmission rate with changes in interference level in the channel. In this area it appears that spread
spectrum may ultimately have fundamental advantages over traditional narrow band modulation
schemes.

The current issue contains eight papers on the spread spectrum theme.



The first five papers focus on receiver algorithms and their performance evaluation. The other
three involve the evaluation of system performance.

The first paper considers a scheme with an interference canceller receiver coupled with error con-
trol. The motivation behind this scheme is the improvement of the performance of the multiple access
scheme. In the second paper an asynchronous CDMA system with adaptive both transmitter and re-
ceiver is analysed. In this scheme better multiple access interference suppression is achieved relative
to the systems with adaptive receivers only. The concept of the adaptive transmitter is based on feed-
back information from the corresponding receiver. The third paper considers a decorrelator multi-
user receiver. This receiver has the advantages that its complexity is linear with the number of users
and it does not require the estimation of the signal strengths of the various users, hence it is suitable
for fading channels.

The fourth paper deals with the analysis of the Rake receiver combined with coding whereas the
fifth paper unifies various diversity combining schemes for frequency hopped systems. In the sixth
paper authors analyse the outage probability for a DS/CDMA receiver. The difference between this
and previously published work is that error correction coding is included. The seventh paper deals
with performance evaluation of multicell DS microcellular system. They develop a new analytical
model to evaluate the uplink performance which accounts for the user’s spatial distribution, the chip
waveform, power control and macro selection diversity.

Finally the eighth paper deals with optimal policy for CDMA code allocation to voice and multi-
priority data traffic. The optimal policy is obtained by minimizing a cost function consisting of the
weighted sum of the rejection rates of voice and high priority data traffic subject to performance re-

quirements (bit error rates) on all traffic types.

We have received over 40 submissions for this issue. Unfortunately it was not possible to include
all of the good papers. Some of these will be included in future issues.

We would like to thank the various authors who submitted their work to this issue and the nume-
rous reviewers for their very important roles in supporting the publication process.

It was a pleasure to work with all of them.

Elvino S. Sousa was born in Graciosa, Azores, (Portugal) on December 28.
1956. He received the B.A.Sc. degree in engineering science, and the M.A.Sc.
degree in electrical engineering from the University of Toronto in 1980 and
1982 respectively, and the Ph.D. degree in electrical engineering from the
University of Southern California in 1985. Since 1986 he has been with the
department of Electrical and Computer Engineering at the University of
Toronto where he is presently an Associate Professor.

Since 1986 he has been a Natural Sciences and Engineering Research Council
of Canada (NSERC) University Research Fellow.

He has performed research in the areas of packet radio networks, spread spectrum
systems, mobile communications, and indoor wireless communications.

At the University of Toronto he has taught graduate courses in error-correcting
codes and mobile communications.

He has given various lectures and short courses in mobile communications.

He is the Technical Program Chairman for the Sixth International Symposium
on Personal Indoor and Mobile Radio Communications (PIMRC95).
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Integrated Receiver Structure of Staged
Decoder and CCI Canceller for CDMA
with Multilevel Coded Modulation

Ahmed Saifuddin, Ryuji Kohno
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Abstract. This work presents a direct sequence spread-spectrum multiaccess (DS/CDMA) receiv-
er that employs integrated structure of staged decoder and CCI (co-channel interference) cancel-
ler, when multilevel coded modulation is used and the system undergoes fading channel. We ex-
ploit the attractive multistage decoding method of multilevel coding. Each stage decoding is joint-
ly done with the data estimation process and thus replicas of CCI can be formed with high preci-
sion, which ultimately results in performance improvement without any additional decoding delay
or circuit complexity. We have chosen appropriate multilevel 8-PSK coded modulation schemes
for the integrated receiver of staged decoder and CCI canceller in fading channels. Computer sim-
ulation results show the significant coding gain that can be achieved by the proposed scheme in
comparison with the conventional scheme. The effect of estimation error as well as unequal power

is also investigated.

1. INTRODUCTION

There has been increased interest in CDMA where
multiple users transmit over a common communication
channel, typically using the direct sequence (DS) spread
spectrum techniques. In asynchronous CDMA, simulta-
neous accessing users can transmit and receive data
without synchronization between them, i.e., with ran-
dom access. In DS/CDMA the entire channel bandwidth
is available to all users of the system at all times, there-
fore the signature sequences which are assigned to indi-
vidual users for spreading the information band must
have low cross-correlation properties in order to achieve
low level of mutual interference among the users. The
traditional method of coherently demodulating
DS/CDMA signals is to synchronize a local sequence
generator and oscillator to the signal of interest and then
to make decisions on the received signal as if the de-
sired signal is the only one present. The received signal
usually consists of the desired signal, a multiuser inter-
ference which is also called the co-channel interference
(CCI), thermal/shot noise and may be further degraded
by dispersion.
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The two limiting factors of the performance of con-
ventional receiver are CCI and near-far problem. A ma-
jor improvement over the traditional receiver can be
achieved by viewing the CCI not as random noise, but
instead as a structured interferer. Because all of the sig-
nals making up the CCI in the CDMA network are gen-
erally of the same structure as the signal of interest, and
because their signature sequences are generally known,
it is possible to augment standard receiver structure and
exploit the knowledge of CCI by estimating it and at-
tempting to cancel it, or by jointly estimating the entire
message. The augmentation required consists of addi-
tional synchronization circuitry to lock into some or all
of the interfering signals, and then to use these addition-
al statistics to estimate the CCL. There are three options
for using this information to regenerate an estimate of
the interference for cancelling the actual received inter-
ference in the desired channel; these are

i) Precorrelation (reconstruction of the original wave-
forms)

ii) Postcorrelation (reconstruction of the postcorrelation
noise in each Digital Matched Filter (DMF))



Ahmed Saifuddin, Ryuii Kohno, Hideki Imai

iii) Tap manipulation (DMF receiver matching to sup-
press CCI).

i) and ii) have relative complexity associated with
their implementation. In the case of postcorrelation can-
cellation, it is necessary to regenerate a different CCF
(cross correlation function) pairing for each interfering
subscriber in the channel to be enhanced. However, the
precorrelation noise for each channel need only be re-
generated once to be cancelled from any of the desired
channels. This has greater implications in the imple-
mentation of cascaded successive cancellation stages,
which relies on the enhancement of all interference and
desired channels. Precorrelation cancellation circuitry
has been suggested by Kohno et.al. [1]. In multiuser re-
ceivers, the decision of all user’s data is an interdepen-
dent process. This class of receivers have been proposed
by Verdu [2], Xie et.al. [3], and Varanasi et.al. [4]. Cas-
caded cancellation scheme has been proposed in [5-6].
In [7] a multistage multiuser receiver has been proposed
which is based on trellis structure.

Ungerboeck [8] proposed a combined modula-
tion/coding approach for information transmission with
bandwidth and power efficiencies. Based on [9] we ear-
lier proposed [10] an cascade of integrated equalization
decoding scheme where equalization and decoding op-
erations were carried out at each stage. One draw back
of this scheme is the decoding delay involved in each
decoding stages. For a remedy to this problem we pro-
pose a scheme for CDMA which involves coded mod-
ulation and at the receiver, interference cancellation is
done in the demodulation process. Not so many works
have been done regarding coded modulation applied to
CDMA. The first work of this kind was done by Bou-
dreau et.al. [11], where they compared the performance
of trellis codes with convolutional codes for CDMA in
AWGN channel. It has been shown that convolutional
code yields superior performance than a trellis code and
it was pointed out that greater distance properties of the
lower rate convolutional code is responsible for the bet-
ter performance. A similar work has been done by Rah-
man et.al. [12], where they considered block coded
modulation instead of trellis codes. Block coded mod-
ulation in the form of multilevel code is now an inter-
esting topic for both AWGN and fading channels be-
cause of its simple structure, flexibility of construction
and mostly because of suboptimum multistage decoding
process. In the case of Rayleigh fading which is an im-
portant phenomenon for mobile communication, multi-
level codes is proved to be quite effective. Recently Se-
shadri and Sundberg [13] also Wu and Lin [14] pro-
posed multilevel coded modulation for the Rayleigh
fading channels which perform better than the codes
proposed by Schlegel and Costello [15] using Unger-
boeck type codes. We propose a multilevel coded mod-
ulation scheme for spread spectrum multiaccess system
where CCI cancellation is done in conjunction with
each stage decoding of the multistage decoding process
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resulting BER improvement without additional circuit
complexity or decoding delay.

In section 2 we describe the system model. In section
3 multilevel coding is discussed in brief. section 4 de-
picts receiver architecture. In section 5 theoretical anal-
ysis of performance is described. In section 6 some sim-
ulation results are illustrated. Finally a conclusion is
drawn in section 7.

2. SYSTEM MODEL

The general architecture of the system that we con-
sider is illustrated in Fig. 1, which has been studied pre-
viously in different literatures of asynchronous CDMA.
The system consists of K simultaneous users. The signal
transmitted by the k-th user S¥(¢) is assumed to be de-
layed increasingly according to the user number.

Delay

User #1 sty |
transmitter !

User #2 St T i
‘ ) {?
L]

Channel 1

Receiver

. n(t)

L]
User #K
transmitter

Fig. 1 - General asynchronous CDMA structure.

2.1. Transmitter model

The transmitter system model for Multilevel CDMA
is illustrated in Fig. 2. This architecture is based on
multilevel codes proposed by Imai and Hirakawa [16].
Each user’s data stream is converted to / parallel
branches for / level modulation scheme by a serial to
parallel converter. Data bits of each parallel branches
are encoded by the component codes and M-ary base-
band signal is formed as shown in Fig. 2. The inphase
and quadrature components of the baseband signal are
spread by two spreading sequences. After chip shaping
filter and local oscillator RF signal is formed and is
transmitted.

S
S
3|
E -] I Code
z 3 Spreading RF
° § % § sequence
Stream %’ 2 - renerator
tE 52| o cod
3 & s | §| QCode

Fig. 2 - Transmitter structure of a particular user using multilevel
codes.
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The complex baseband symbol of the k-th user dur-
ing the n-th symbol period is defined by

xk =b exp[) 6] M

where bz and Oﬁ are the amplitude and phase of the
complex baseband output respectively. We define

XM= b* cos 0! )
and
<X = b} sin 6% 3)

The k-th user’s complex baseband information signal
can be represented by

X (1)= X[ (1)+] Xp (1) = @

oo

S ol P (t-nT)+j Y, x,C Pr(t-nT)

H=—o0 n=-—oo

T is the symbol duration. The DS spreading chip wave-
form is given by

d ()= a P (t-nT,) )

where, T = N T, N is the processing gain and

P, (1) 1if 0<e<T ©)
TY7710 otherwise

The resulting transmitted signal of the k-th user is
thus given by

$¥(1)=57 (1)+) Sg (1) )
where,
St (=2 B X[ (1-Te) @ (1-T,): ®
cos o, (1-T,)+ ]
S6 (=2 B X§ (1-T)a™ ™ (1= To)-
)

sin [o, (r-T) +wi]

We assume that the offset between the inphase and
quadrature components of the signal is zero. As in Pur-
sley [17], we chose the spreading sequence of the quad-
rature sequence the reverse sequence of the inphase
spreading code with the property of having the same
aperiodic autocorrelation function. T} is the k-th user’s
transmitter time delay and y; is the phase offset relative
to those of user 1.
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2.2. Channel model

We consider the channel model which follows Kave-
hard [18]. The k-th user’s link has the impulse response
which takes on the form

(10

Ly
t)= 2 Bia 6 (t_tk.l) e/%
A=1

Each path’s delay 1, ; is organized in order of in-
creasing magnitude with A. For urban environment fol-
lowing Turin [19] we choose the maximum excess path
delay to be 7us. By, is the A-th path gain and path
phase 8, ;, is uniformly distributed over the interval [0,
2 7). The probability density function of B is given by

p(ﬁ’)={2ﬁ"—l3 =0 (11

0 elsewhere

Moreover {f; ;},{Bra} {61} are considered to be
mutually independent random process. Also the param-
eters of the fading channel are considered to be invari-
ant over several bit durations.

3. MULTILEVEL ENCODING
AND TIME DIVERSITY

In order to design trellis coded modulation schemes
with asymptotically optimal error probability for an in-
dependently fading Rayleigh channel, we need to max-
imize the minimum Hamming distance [13]. Multilevel
coding approach with multistage decoding is a better
way of achieving this goal than by using the single en-
coder and single mapper approach used by Ungerboeck.
Fig. 2 shows the basic block diagram of a transmitter us-
ing ideal coherent phase shift keying modulation. Let us

bp.b)
010

o1l 001

101 mn
lIO

- o.f
>

1
” |°°° | .

110

O

First level
of panti

! I Sccond level

L]
11t

Fig. 3 - 8-PSK signal constellation and its set partitions.
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consider the 8PSK signal constellation with the labeling
of each point in the signal space just like Ungerboeck
codes [8] as shown in Fig. 3. In multilevel construction
each digit is now independently addressed by the output
of a binary convolutional code or block code. In general
for I levels, let the minimum Hamming distance (free
distance) for each of the component binary codes be dy;,
fori =1, 2, ..., [. Then, the minimum Hamming dis-
tance between any two transmitted code sequences is
dy =min (dy,.dp,,....dy) (12)
This result follows from the signal construction. This
is key equation in achieving maximum time diversity
systems at a given complexity level. We achieve this
time diversity out of coding. Hamming distance grows
very quickly with the number of states for binary codes,
yielding good time diversity for the multilevel system.
In addition to the time diversity, a certain symbol rate
should be achieved. Let the total number of information
bits into each encoder be k; and the overall code length
be n. Code rate is given by,

5\
=l _p
n

(bits/symbol)

The code design problem is to achieve as large diver-
sity gain as possible at a given transmission rate and de-
coding complexity.

4. RECEIVER ARCHITECTURE

The receiver structure is shown in Fig. 4. The receiver
of any arbitrary i-th signal consists of a pair correlation
receiver. The received signal is coherently down-con-
verted to baseband. The resulting / — Q component out-

* a™t) cos wot

D, i b,
D! <
g g =1
s, S5
it ik
% 3o}, 26
Baseband signal °1°, ]
Baseband signal *2°, I
Baseband signal ’K’, ]
Received S Signal —IDecode e P
correlat t 2 322
signal AN rrelator p code - .g E
- LR
Baseband signal °1°, ]
Baseband signal 2’, |
i)elay Baseband signal 'K’ I
Recéived
Baseband [+ /1’\ Signal L St o om0y
signal U correlator {(t- Dy - Dy Dy

Fig. 4 - Integrated receiver structure.
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put, sampled once per chip, is despread by the local rep-
lica code sequence and then summed over N chips. I — O
components are fed to signal correlator. The signal corre-
lator correlates the complex signal with each of the pos-
sible signal points of the partitioned signal constellation.
To improve BER performance we adopt interference sup-
pression in the form of multiuser interference estimation
and successive cancellation. Several such schemes have
been proposed earlier [5, 6, 10]. A previous paper [10]
used a cascade of integrated equalization and decoding
which had the disadvantage of decoding delays in each
stage. To avoid these delays, a scheme using coded mod-
ulation and interference cancellation is presented. We ex-
ploit here the attractive multistage decoding feature of
multilevel code. It has been shown [13, 20] that multi-
stage decoding gives almost the same performance as
maximum likelihood decoding at high SNR with much
less circuit complexity. We utilize decoded information
of each stage to form replica with more precesion. In
multilevel coding method the least significant bit (LSB)
is the most vulnerable one because of the least Euclidean
distance separation and component codes are chosen
such that the most powerful component code can be as-
signed for encoding LSB satisfying the rate requirement.
As the most vulnerable bit of the multilevel signal is de-
coded first and is protected by the powerful error correct-
ing code, the probability of error propagation is relatively
less. In this manner BER performance is improved. In
multistage decoding, second and subsequent subset de-
coding process has to wait till the previous decoding
stages are complete and so is in our case. Therefore, it
does not require any additional time delay. Moreover,
unlike [10] here the decoding stages are carried out only
once, hence the proposed scheme does not involve any
additional circuit complexity compared to the one where
decoding is done at the end as [11]. Multiuser interfer-
ence estimation and component wise decoding process is
illustrated clearly in Fig. 4. Multiuser interference esti-
mation is carried out independently for inphase and
quadrature components. For each component interfer-
ence estimation process, baseband signals of each users
are passed through a bank of transversal filters which
emulate the channel of the users. The filters consist of
taps equal to the number of multipaths and weighted by
the gain coefficients. With correct channel and data esti-
mate, each user’s received signal component can be re-
created. By adding all the recreated signal components
except that of desired user a replica of the desired user’s
CCI component can be formed [28]. In Fig. 4 after signal
correlator the terms D! D!, ..., D!, represent the I,
2, ..., I bit levels of the n-th symbol of user 7, and A, is
the decoding delay associated with first level bit decod-
ing. Baseband signal “i} etc. are baseband signals formed
when the st stage decoding has been accomplished.
The received signal can be represented by

r(t)=§K: ]:hk (t)S* (t-t)dt+n(r) (13)
k=1 _e
ETT
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where n(f) is a white zero-mean Gaussian process with
two sided power spectral density N,/2. The received
signal can be further rewritten into,

2B X (t-ti0) @ (-7}

cos (@, 1+0,3)+J Xp (1= 702) a7 (1-702) (14)
sin (col. t+¢k‘l)}+n (t)=r +ry+n(t)

P, is the received signal power of the k-th user. The
symbol energy is defined by
T

£ =[5 0] ar
0

The DS/CDMA scheme transmits a pair of phase mod-
ulated PN sequences, the phase and amplitude of which
are determined by signal point. In eq. (14) 7., = T, +
tea and @y 3 = (Wi + 0,3 — @.T; ;) mod 2 7r. Assuming
without loss of generality that 7;, and ¢, are 0. The
correlators are alligned with the signal arriving on the
first path. Equivalent lowpass output of the i-th user in
the n-th baud interval can be represented by

nT nT
Y = jr(r)azi(r)cosa)ctdt+ J r (1)
(n-1)T (n-1)T

, . . (15)
@ (t)sinw, tdr=Y" +j¥°

The superscripts refer to the user under consideration
whereas the subscripts denote the time interval under con-
sideration. Now the above equation can be written into,
yi = Di(l+Q) +Fi(l+Q) +1i(l+Q) +ni(l+Q) (16)

n n n n n
where D, F, I and 1) terms represent component due to
desired signal, component due to ISI terms, component
due to multiuser interference and component due to
noise, respectively. Let us define some terms to write

the component terms of Y’ ,‘, in compact forms. For 1 <
i<K,1<k<Kandfor 1 £A<L;we define

Gy (i, k; A)= By 5 cos @ 3 (7
and
GQ(i, k; A)= Py 5 sin @y 3 (18)

where G; and G, represent the inphase and quadrature
fading components. The full cross-correlation between
user k and user i’s spreading signal is defined by

fi (i ks A, n)=G, (i, k; A) = [Xr’,d_n Ry (Tk,x)*'
) 19
X &L (5] "
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fo (i ki A m) = Go (i k: 1) [X22, R, (7,.2)+

) 20)
X4 82, (s, (

where following [21],
Tia »

R (ta) = [ @™ (r-70) @ (a1 @
0
Tk.a

RE (t42)= J. a* ™ (t-1,,)a® " (1) d1 (22)
0

A T .

R (tia)= j a* (t1-1,2)a® (1) d1 23)
Th.d

~ T .

R (t:2)= J a* M (1-1y,)a* " (1) d1 24)
Th.a

We assume the chip waveform is a rectangular pulse.
With these definitions we can write the followings,

D'=[P/2G, (i, i )X] T (25)
DC=F/2G,(ii) X2 T (26)
Li
E'=JR72 Y f (ii;An) @7
A=2
L;
Fe=p/2 z fo (i.i: An) (28)
A=2
. K Lk
B=Y JB2 Y £ ik dn) 29)
k=1 A=1
k#i
. K Lk
=Y JR/2 Y fo likin) G0)
k=1 A=1
k#i
nT
m= [ n0e eoso, rar G
(n-1)T
nT
:"Q = I n(z) a*! (f)sinw, rdt (32)
(n-1)T

First the inphase and quadrature components of Y,’;,
ie, Y!'and Y 10 are fed to the signal correlator where
correlation with each of the possible signal points is
done and first stage decoding of the most vulnerable bit

13
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is accomplished in the staged decoding process. First
estimated baseband signal is formed which are then
used for CCI calculation.

5. THEORETICAL ANALYSIS

The exact bit error probability for the case of multi-
stage decoding is very difficult to achieve. Some bound
may be ascertained. Using the conditional error prob-
ability of each stage, decoding error probability of the
array can be obtained [20]. However, no mathematical
expression of such conditional probability has been
achieved so far. Numerical techniques may be em-
ployed. For / level MPSK (M = 2!) there are (/ - 1) stag-
es of multiuser interference formation and cancellation.
Multiuser interference in this case is a function of cross
correlation properties of the spreading sequences and
the signal constellation. Cancellation of the / — Q com-
ponents are done on the previous correlator output. For
instance for the v-th cancellation stage cancellation is
done corresponding to / = n — v-th symbol interval. In
general for v-th stage cancellation the cancelled correla-
tor / — Q components at the /-th baud interval can be
written for / component as,

Y w)=D + B )+ 1 (v)+ ) (33)

The ISI and CCI terms at the v-th stage now becomes,

B M=\B/2 Y, (i il v)=F' = F' () (34)
A=2
Izl(v)zz P./2 T (i, ki AL V)z
k=l Asl
ki (35)
I -1 (v)

where,

fi ki vy = £y (ks A D) =y (i k; AL v) (36)

Similar terms can be obtained for quadrature compo-
nents by simply replacing I by Q. Replica of full cross
correlation for the / component becomes
Fi ik L 1v) =G, (i k; A) [x,"_’l (V=1 RL, (7,5)+

) (37
9 ol
X (v-D)R; (7/(,,1)]
and
fo (ki A, 1v) = Gy (ik: ) [X/G (v=1) R, (1,1) +

A (38)
X2 (v-1) R (Tk,/l)]

where

Gy (i ki A)= By 5 cos (9., ) (39)
and

Gy (i, k;A)= B, ; sin ((ﬁk‘ N ) “0)

We define

X ) =x" - x;'(v) (41)
and

X/? (v)= X2 -x;°(v) 42)

X,kf,(V) is the improved inphase component of { — 1-th
symbol of user k after v stage cancellation. Moreover, the
estimates are obtained essentially in the same way as in
[5]. The initial bit error rate at the decoder input of first
stage can be approximated by calculating the inphase and
quadrature signal to noise ratio, which can be obtained by
expected signal strength together with variance of inter-
symbol interference and CCI. For inphase component

E [(D,’;')z} = g E[G, (ii:1)] E [(X;;’ )2} 72 43)

Var [Fn’l] =—12)i (L,-1)E [(X”;’)z]
Var [ f; (i.i; A, n)|

%ol

#i (45)

(44)

M=

Var [I,’;’] =

~
Il

Var [f, (i.k; 2,n)]
The variance of full cross correlation is given by,

Var[f; (i.k; A,n)| = E [G} (i.k; A)]-

o (46)
E|(RL (sa)) + (RL ()]
Var [0 ]= NZT @7
i1\2
SNR; = E[(D"l) ] (48)

Var £+ Var [1]']+ Var [n]]

Similar terms can be obtained for Q component and
similarly SNR’fQ can be computed. There are several
ways of bit error rate approximation. By using moment
statistics, evaluating the characteristic function of the

ETT
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decision statistics, approximation of the average prob-
ability of bit error may be obtained as is done in [26,
27]. This method requires large amount of computation.
On the other hand when the variance of the multipath is
small, bit error rate can be approximated by calculating
SNR [5, 23, 25]. Variance are calculated in the same
way as in [5]. Following [22] and [23] the approximate
bit error rate at the decoder input of first stage can be
given by

P,(0)= [0(25sin® (x/M)log, M-SR} )+

1032
(49)

Q(2sin* (/M) log, M- SNRLQ)]

for M-PSK signal constellation. After decoding the first
level code let the probability of error be P,;(0) which
can be approximated by [14],

Pa(0<), Y b(ox

x.xeC

(x - x) (50)

for convolutional code, where b (%, x) is the number of
bit errors that occur when x is transmitted and % is
chosen by the decoder, p (x) is the a priori probability
of transmitting x and C is the set of all coded sequenc-
es. And,

B0=Y 4 [] B, (0) (1B, (0))"" +

1
i=t+1

(5D

$ (1) nor oo

i=d+1

for block codes. Next using the decoded information
multiuser interference, is estimated and upon cancella-
tion improved BER is obtained. The BER obtained from
SNR in this case is the BER conditioned that the first
stage has been correctly decoded. The information of
the decoded data is automatically taken into account in
the course of SNR calculation. In general the notation
P,;(v) expresses the bit error probability after /-th level
decoding and v stage cancellation. This also represents
the conditional bit error rate provided all the first v bit
levels are correctly decoded.

For calculating SNR after any arbitrary v-th cancella-
tion stage, the variance due to ISI and CCI are repre-
sented as follows.

Var [F,”(v)] = % (L-1)E {(Xf’(v))z]
Var [f, (ii; AL, v)] 2)

and
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M=

Var [ ] = Y B e[ (o)’ |
#i (53)

Var [f, (i k; AL, V)]

bl
]

For perfect channel estimates,

Var [, (i.k: 21v)] =

el (8 -] e R ) (R ()

Similarly variances for Q component can be found
and thus the equivalent SNR can be estimated. BER can
be obtained there after.

E|Gi(ik; A
[l’ )] 54)

6. SIMULATED SYSTEM PERFORMANCE

It is very tedious and even time consuming to com-
pute the bound of BER theoretically. Instead, we simu-
lated the system performance. As code construction is
not our main interest, we use some of the good multi-
level codes for Rayleigh fading channel [13, 14]. We
assumed no channel state information (CSI) is available
since it is difficult to obtain CSI in most cases. We con-
sidered 3 level 8-PSK modulation. In fading channel
better performance can be achieved by using long code
sequence [24]. In the simulation process each user was
assigned spreading sequence from a set of balanced
Gold sequence of length 127. These were created from
two m sequences, with generating polynomials 211E
and 217E in octal notations which forms a preferred
pair. We considered all the received powers equal as-
suming perfect power control. On an average we con-
sidered two multipaths for each user and E[f 2] = 1.

Example 1: As a first example we take 3 level 8-PSK
code [14] with the component code as follows. C; is a 4-
state rate-1/2 convolutional code with generator matrix
[5, 71, C, and C; are the (2N, 2N -1, 2) single parity
check code. The resulting multilevel code has minimum
symbol distance 2, minimum product distance 4, and in-
formation rate (SN—2)/2N bit/symbol. We choose N =
4. Although the minimum Hamming distance 2 is small
in this case, but we are contend with this choice because
performance degradation due to multistage decoding be-
comes more severe as the minimum Hamming distance
of component codes increase. Fig. 5 represents the simu-
lated performance for a total 20 simultaneous users. Per-
formance of uncoded QPSK, conventional and proposed
scheme using the component codes listed above is shown
in the figure. We consider coded modulation [11, 12]
when combined in cascade with multistage interference
cancellation [5] (having the same [ — | stages as the pro-
posed scheme) as the conventional scheme. This gives us
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1e00 T T T T T
© Uncoded QPSK
le-01 <
+ Conventional
g o Proposed Scheme
5 Example : 1
=0
1e02
*
le-03
]
IC'04 1 1 1 1 1
10 15 20 25 30 35 40
Es/No(dB)

Fig. § - Simulated BER performance for a total 20 users.

the scope of fair comparison. The performance difference
between uncoded QPSK and the conventional scheme is
the gain achieved due to coded modulation plus interfer-
ence cancellation, when they are carried out separately.
The additional gain obtained by the proposed scheme is
due to joint operation of cancellation and decoding. CCI
replica formation of each stage using the precise data es-
timate of each stage decoding yields the additional gain.
It is clear that using the proposed joint scheme significant

1e-01 T T T T T

$ ® Uncoded QPSK

+ Conventional

0 Proposed Scheme
Example:1

le-04 1 1 L ! 1
5 10 15 20 25 30 35

Number of Users

Fig. 6 - Simulated BER versus No. of usersE,/N, = 22 dB.
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coding gain can be obtained. Even at BER of 10-3 about
5 dB coding gain can be achieved compared to the con-
ventional scheme. Notice that in this case we assumed
that perfect channel estimation is available. We note that
the error probability saturates at high symbol to noise ra-
tio E,/ N, [24]. In this case the system performance is ap-
parently limited by interference. Fig. 6 represents the
BER performance versus the number of simultaneous us-
ers at E/ N, = 22 dB, for a number of simultaneous users
ranging from 5 to 35. The figure clearly exhibit the

1e00 T T T T T

¢ Conventional
+ Proposed
1e-03 | MSE = 0.01 4
Error in both amplitude
and phase
4 Phase error, MSE = 0.01
o Amplitude error, MSE=0.01
le-04 ! L 1 1 1
10 15 20 25 30 35 40

"Es/No(dB)

Fig. 7 - Simulated BER performance for a total 20 users, MSE = 0.01.

1e-01 T T T T T

o Conventional

+ Proposed Scheme
MSE=0.01

Both amplitude

and phase error

a Amplitude error only,

MSE=0.01
& Phase error only,
MSE=0.01
le-04 Il ! 1 I 1
s 10 15 20 25 30 35

Number of users

Fig. 8 - Simulated BER versus No. of users E,/ N, = 22 dB, MSE = 0.01.

ETT



Integrated Receiver Structure of Staged Decoder and CCI Canceller for CDMA with Multilevel Coded Modulation

superior performance of the proposed scheme. Next we
checked the performance in the presence of estimation
error. We set the variance of error in symbol (amplitude
and phase) as normalized mean square error. Fig. 7 repre-
sents the BER performance as a function of E,/N,, for a
total number of 20 users and symbol MSE = 0.01, with
this same code combination. Performance with phase er-
ror only and amplitude error only is also depicted in the
same figure. Fig. 8 shows BER versus number of users
with E,/N, = 22 dB, with MSE = 0.01. From the figures
it is clear that estimation error severely degrades the per-
formance. The results of [5, 25] show large performance
gains are possible only if the channel parametes are
known to the receiver. However, the extent to which
these gains are achieved in practical communication
system depends on the accuracy with which the receiver
can estimate the channel parameters. Our result also fol-
lows the observation. We also simulated the system per-
formance under the condition of unequal powers of the
users, which is very common in mobile communication
environment and the cause of near — far problem. Fig. 9
shows the performance for a total 20 users for equal
power case and when the interfering user’s power are 2
dB and 3 dB relative to the desired user. We observe that
at a BER of 1073 the performance difference between
equal power case and W,/ W, = 2 dB case is only 0.7 dB
and for W,/ W, = 3 dB case the difference is 1.5 dB. We
can conclude that although this scheme is not perfectly
near — far resistant like decorrelator detector [29], it is
near — far resistant to some extent.

Example 2: We consider another 3 level 8-PSK code
[13] where the first level C, code is rate 1/2, M = 4

100 T T T T T
° W;/W;=3dB
1e-01 | .
. + W,/W=2dB
& ‘”\x.k o Equal power
= Example : 1
-]
1e-02 |
1e-03 |
1e-04 1 1 Il L 1
10 15 20 25 30 35 40

Es/No(dB)

Fig. 9 - Simulated BER versus for 20 users with unequal powers.
(Example: 1).
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° Conventional

+ Proposed scheme

Example: 2

1le-03

1e-05 I 1 1 1 1
10 15 20 25 30 35 40

Es/No(dB)

Fig. 10 - Simulated BER performance for a total 20 users (Example: 2).

100
¢ Conventional
1e-01 | + Proposed 1
Example: 2

lC‘OS 1 1 1 1 1
5 10 15 20 25 30 35

Number of users

Fig. 11 - Simulated BER versus No. of users for E/N, = 22 dB,
(Example: 2).

code with dj,, = 7. Codes C, and Cj are rate 2/3 con-
volutional code with M = 4 and dj,, = 4. The overall
code rate is 1.83 bit/symbol. With these component
codes we simulated the performance for a total 20 si-
multaneous users. The result is shown in Fig. 10. In this
case also we observe that the proposed scheme performs
better than the conventional scheme. It is noted that the
bit error probability saturates at much lower E,/N, val-
ue. Performance in this case is better than example 1,
because of the lower spectral efficiency. Fig. 11 illus-
trates the BER versus number of users for both proposed

17
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100 T T T T T
le 0l © W/W,=3dB ]
~ ° W;/W,=2dB
& + Equal power
Example: 2
le-02 ¢

le-03

le-04

1e-05 ! 1 1 1 L
10 15 20 25 30 35 40

Es/No(dB)

Fig. 12 - Simulated BER versus of 20 users with unequal power case
(Example: 2).

and conventional (defined previously) scheme. It clearly
exhibits the superior performance that can be obtained
by the proposed scheme compared to the conventional
one. Finally Fig. 12 depicts the result when unequal
power case is considered. The figure shows that the
scheme is near-far resistant to some extent.

7. CONCLUSION

In this paper, we have shown an integrated structure of
staged decoder and CCI canceller for DS/CDMA, when
multilevel coding scheme is employed in fading channel.
In earlier works of coded modulation for CDMA, con-
ventional methods have been used. We suggested joint
interference suppression-decoding method which results
in performance improvement without any additional de-
coding delay or circuit complexity. We have shown the
performance improvement of the scheme through com-
puter simulation. We also investigated the performance
of the scheme under unequal power condition.
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Abstract. An asynchronous code-division multiple access (CDMA) system with adaptive transmit-
ters and receivers is considered. It is assumed that the adaptive receiver and transmitter have no
knowledge of the signature waveforms and timing of other users. The concept of adaptive transmitter
is based on feedback information from the corresponding receiver. The information obtained from
the receiver is used to calculate the optimum transmitter signature. The signatures are adaptively ad-
justed according to the MSE criterion during the training period as well as during data transmission.
CDMA systems employing the adaptive transmitters in the presence of multiple access interference
achieve the matched filter bound with no interference. The proposed CDMA system are tested by
simulation over a channel with multiple access interference and additive white gaussian noise.

1. INTRODUCTION

To reduce the effects of multiuser interference on the
performance of code division multiple access (CDMA)
systems, various interference cancellation techniques
can be used.

A significant improvement in multiple access inter-
ference MAI cancellation is obtained in systems where
MALI is demodulated and subtracted from the received
signal prior to the user of interest signal detection. This
method of MAI detection and cancellation is combined
with an adaptive array antena in [1]. The concept is crit-
ically dependent on successful MAI demodulation.

In all previous methods for MAI cancellation, ideal
signal parameter estimation is assumed. An adaptive
linear single user receiver which consists of a linear
minimum mean square error (MMSE) filter and a deci-
sion device [2] does not rely on such assumption. The
linear MMSE filter eliminates MAI without the need for
timing, signatures and carrier phase information from
other users. An adaptive filter is necessary to handle
time varying system parameters. Another important fea-
ture of these adaptive receivers is the use of a fraction-
ally spaced filter which is insensitive to time differences
in the signal arrival times of various users. The receiver
timing recovery is highly simplified, (if necessary at all)
[3]. The receiver is “near-far resistant” and therefore,
does not require strict power control. It achieves a sig-
nificant improvement in the number of users in a
CDMA system relative to the system with conventional

Vol.6, No. 1 January - February 1995

matched filter receiver where MALI is treated as AWGN.
The complexity of the adaptive linear receiver is inde-
pendent of the number of users and is slightly higher
than the complexity of the matched filter receiver. Also,
it is demonstrated that the adaptive linear receiver is ef-
fective against narrow-band interference.

In this paper we analyse an asynchronous CDMA
systems with adaptive transmitters and receivers. In
CDMA systems with adaptive transmitters better MAI
suppression is achieved and consequently a larger number
of independent users accomodated per a unit of bandwidth
relative to the systems with adaptive receivers only. Dis-
tinctive property of the CDMA system with an adaptive
transmitter is that the matched filter bound in the absence
of MALI is practicaly achieved in the presence of MAL

The concept of the adaptive transmitter is based on
feedback information from the corresponding receiver.
Recently proposed CDMA schemes [4] sugest usage of
the same bandwidth for forward link and reverse link.
This concept of communication allows the transmitter in
forward link to ‘know’ in advance conditions of propaga-
tion and channel parametars based on information re-
ceived in reverse link. The information obtained from the
receiver is used to calculate the optimum signature for the
respective transmitter. The signatures are adaptively ad-
justed according to the MSE criterion of optimality during
the training period as well as during the data transmission.

The rest of the paper is organized as follows. The
system model is defined in section 2. In section 3 the pro-
posed model is analyzed and the optimum solution for

21



Predrag B. Rapajic, Branka S. Vucetic

the adaptive linear receiver and the transmitter is found,
while the simulation results are presented in section 4.

2. SYSTEM MODEL

The general architecture of a direct sequence (DS)
CDMA system thet will be analysed is illustrated in Fig.
1. The system consists of K users transmitting asyncron-
ously. We will refer to the users, as those subscribers
actively engaged in transmission. Each user generates a
sequence of symbols a; = a, (- N),..,a;(n),..,a;(N),
where k=1, 2,.., K, (2N + 1) is the number of symbols
in a transmitted sequence.

AWGN

i
——{ Transmitter -‘ Channel

T T

- Adaptive | | Decision
receiver filter device
¥ -

MAI 1 MAI2 MATK [~ Agaptive ﬁ
- algorithm o

Fig. 1 - Block diagram of a CDMA transmission system with the
adaptive receiver and transmitter.

Each user transmits using a different spreading se-
quence, denoted by s,

Sp= (s (1), 5, (2),..., 85, ()T

where J is the signature length, (-)7 denotes the matrix

transpose and k = 1, 2,..., K. The user signatures are
generated by oversampling and filtering the spreading
sequence.

The output signals p,(?),..., pi(?),..., pk(f) are shar-
ing the same channel. The transmitted signals are as-
sumed to be delayed randomly by a delay of 7,. Howev-
er, the symbol intervals for all transmitters are consid-
ered to be the same.

Each receiver consists of a linear adaptive fractionally
spaced filter followed by a decision device. A linear fil-
ter receiver is specified by its coefficient sequence ¢; =
(M), e, MO, k=1,2,...K where 2M + 1 is
the total number of filter coefficients.

The adaptive filter receiver optimizes its coefficient
set for a given set of user signatures s, and the channel
by minimizing the mean square error between the re-
ceived and desired signal. The initial values of the coef-
ficients are determined during the training period and are
adaptively adjusted during data transmission.

The receiver transmits the information about the opti-
mum coefficient set to the transmitter via a feedback
link. This sequence is used in the transmitter to calcu-
late the optimum transmitted signature.

2.1. Transmitter model
The transmitter model is illustrated in Fig. 2. The
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Coder | =

! Spread | § t
SOE:}CS and | @ » Spectrum p% Oflﬁlttg#J ' ’”’conLjEnorf '(')*
mapper modulator
8

Feedback from the receiver

Fig. 2 - Block diagram of a single user CDMA transmitter.

data source generates a binary sequence at the data rate
of r, = 1/T,, where T}, is a bit period. The binary stream
is encoded by a (b — 1)/b rate convolutional code. The
signal mapper maps a group of b coded symbols to a
signal from a 2® modulation signal set. The symbol
interval is T = bT},. Each modulated symbol is then mul-
tiplied in the spread spectrum modulator by a repeative
signature.

In this paper the emphasis is on signature design. It
will be shown that the system performance can be im-
proved relative to a CDMA system with adaptive linear
receivers and time invariant sequences [5] by using time
variant sequences. We propose to use adaptive transmit-
ter signatures adjusted by feedback information obtained
from the receiver. The initial signatures are obtained from
binary Gold sequences. The signatures are adaptively ad-
justed according to the MSE criterion during the training
period as well as during the data transmission. By that the
optimum signatures that adaptively follow the channel
parameter variations caused by MAI are produced.

The baseband signal bandwidth is B = 1/T. The
spread spectrum modulator expands the signal band-
width to B. = 1/T,, where Tc is the duration of the chip
pulse. The spreading gain denoted by S,, is defined as

B
Sg=B

c

The output filter limits the signal bandwidth to B, and
the up-convertor translates the spread spectrum signal
by the carrier frequency.

The transmitted signal of the k-th user can be repre-
sented as

N

pk (t)= Zak (i)sk([—iT—Tk)ej((w“+wA)’+‘pk) (1)

i=-N

where f,. is a constant nominal carrier frequency for all
users, @, = 27 f. and s; (1 — i T — 1) is a time variable sig-
nature waveform where 7, is the time delay of the k-th
user. The signature varies at a slow rate compared to the
symbol rate. Each transmitter has independent time con-
stant carrier frequency and phase shifts, &, and ¢, re-
spectively, where w; =2t &,.

2.2. Channel model
The channel model is shown in Fig. 3. The transmit-
ted signal is corrupted by MA interference and additive

white gaussian noise (AWGN).
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AWGN
i

Signal pf the user ) .
¢ of igterest Received signal

Multiple access
interference (MAI)

Fig. 3 - Channel model.

The signal at the channel output is given by
r(t)=G(t,A) +n(t) )

where n(f) is a zero mean stationary additive gaussian
noise with variance 0. G (t, A) is the MA signal com-
ing from K independent users given by

G(,A)=

S . 3)
2 Eak () f (t —iT - ‘L'k)ef((“’c*wk)”%)

i==N k=1

where £, (¢) is its received signature waveform. The re-
ceived signature f; (¢) is different from the transmitted sig-
nature waveform s, (f) due to channel distortions. The dis-
tortion can be compensated by an adaptive algorithm [5].

The symbol matrix, denoted by A, as a matrix consist-
ing of all transmitted symbols by K users and it is de-
fined as
A=la,a,....a...,agl “4)
where a; = (a; (- N),..., ar(n),..., a;(N) is the k-th us-
er symbol sequence.

2.3. Receiver model

The receiver model is shown in Fig. 4. The receiver
input signal is shifted to the baseband and filtered by a
filter with the bandwidth of B,, the signal is sampled
every T seconds, where B, = 1/2 T;. The fractionally
spaced receiver structure simplifies the system timing
recovery to a great extent [3].

Bits or

| Down | | |T |Adaptive| . b Decision| Symbols,
iconvertol T fiter |T [ device
e ‘ ‘

| giwet

Feedback to  [Adaptive |
P _the transmitter laigorithm !
7 !
: i
Training | J(L “ |
isequence ) I
\

|
|
|
|
R

Fig. 4 - Block diagram of and adaptive receiver for the CDMA system.
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It is convenient to assume that the user of interest is
the user number 1. The signal at the input of the receiv-
er, at instant m is given by

A(mT)=> Y a)fi

i=—N k=l (&)

(mTy —iT =)/ 4y, (mTy)

where v, (mTy) is a sample of the additive gaussian noise
for receiver 1. The sampled signal is fed to the adaptive
FIR filter with the time span of (2M + 1) sample intervals.

The filter output, at the n-th symbol interval, calculat-
ed every symbol interval, is given by

M

a,(nT)= ZCf(m)rl(nT—mTf) (6)

m=-M

where ¢, (m) are the complex filter coefficients of the
first user and (-)* denotes the complex conjugate.

The symbol estimate, d, (nT), is further applied to the
decision device.

3. SYSTEM ANALYSIS

In this Section the optimum MSE receiver and the
optimum MSE transmiter are defined.

3.1. The optimum adaptive receiver coefficients

The user number 1, as the user of interest, is consid-
ered and for simplicity the subscript for user 1 are omit-
ted. The mean squared receiver error (MSE) at time in-
stant n is given by

e=E(emP=E(lamT)-aml?) )

By substituting @ (nT) from (6) we get
e=E(lcir-aml? @)
where ¢ is the linear filter coefficient sequence, (-)¥ is
the matrix transpose and conjugate while r is the re-
ceived signal sample sequence given by

r=(r(nT+MTf),...,r(nT),..,r(nT—MTf))T ©)

The mean squared error (8), achieves its minimum
value when the coefficient sequence ¢, is chosen to
satisfy [5]

Feop=12 (10)

and the minimum MSE is then

Eopt =02 2" Cope (11)
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where
F=E(rrt) (12)
and

z=E(a (i)r) (13)

Egs. (10), and (11) define the optimum coefficient se-
quences and the MSE for a general adaptive receiver
structure under the condition that matrix F is time in-
variant and consequently all signatures, time invariant
vectors.

This solution is near-far resistant if number of
CDMA users does not exceed, so called, critical number
of users where user signatures become heavily correlat-
ed. The critical number of users is defined as the num-
ber of users where at which an increase in the input SNR
will not cause an increase in the output SNR [5].

3.2. Adaptive algorithm

The most common adaptive control algorithm is the
LMS algorithm [6]. The coefficient adjustment algo-
rithm can be described by the following equations
C=c,—aen)r, n=0,1,2,..., (14)
where ¢, is the filter coefficient sequence at the n-th it-
eration and « is the step size. The step size determines
the adaptive algorithm convergence rate and amplitude
fluctuations around the minimum attainable MSE. The
algorithm is updated once every symbol interval. Con-
vergence properties of the LMS and RLS algorithm are
analyzed in [6]. The specifics of the LMS algorithm ap-
plication related to the CDMA system in [5].

3.3. Optimum transmitter signature

We should recall that the optimum MSE (11) is ob-
tained under the condition of constant transmitter signa-
tures where the receiver is optimized, only. The as-
sumption used to derive eqs. (10), and (11) is that signa-
tures s on the transmitter side, and consequently signa-
tures z, are time invariable sequences independent of the
channel parameters or MAI.

In the sequel we will show that & can be further re-
duced if the transmitter signatures are optimized by
adopting the receiver coefficient vector Copt @S & NEw
signature for user No 1 instead of the original signature
z. It is not surprising that the optimum receiver coeffi-
cient vector is a better choice for the transmitter signa-
ture then the original one. The receiver coefficient vec-
tor contains the information concerning MAI and pro-
duces lower crosscorrelation with other MAI signatures.

The iterative procedure in finding the transmitter sig-
nature for the given MAI conditions consists of the fol-
lowing steps.

24

Step 1. Find the optimum coefficient set Cop by using
eq. (10) with the initial signature value z(® = z. We used
Gold sequences as the initial signatures z(?. Then we set
7 = ¢, with condition that (z(D)H z(h = (z(0)H 7(0),

Step 2. Replace signature z by z(I) and calculate a new
matrix F( by using eq. (12)

Step 3. Repeat the procedure iteratively in the I-th it-
eration

L0+ = 1=1,2...(15)

—
N
—
™
—
&~
N
=
—_—
Bk
—
(2]
[
o] —

where matrix F() corresponds to z().
Step 4. Calculate the MSE as

(16)

a

el = 52 —[z“)]H[F“)]AI 0 =12

If the MSE is less then a specified threshold stop the
procedure. Set s =z() where / is the time iteration number.

The value of MSE shows the transmitter signature
convergence rate to its optimum value. The conver-
gence of the algoritm is proved in Apendix 1.

In the section with simulation results it is shown that
untill critical number of users is reached, the transmitter
signature converges in a few iterations to the sequence
which is orthogonal to the signatures of MAI The or-
thogonality of the transmitter signature to the MAI sig-
natures guaranties that the output SNR achieves the sin-
gle user matched filter bound.

4. SIMULATION RESULTS

Adaptive receivers and transmitters remove MAI to a
great extent. However, when the number of users reach-
es a certain number, correlation among the user signa-
tures becomes significant resulting in excessive values
of the output signal MSE [8]. The performance of
CDMA systems employing adaptive receivers is meas-
ured by the output signal MSE in terms of the number
of users with the input SNR as a parameter.

The output SNR directly depends on the MSE and it
determines the bit error rate of the system. The output
SNR, in dB, is given by

2

O-tl ( 1 ‘7)
opt

SNR

out

=10log
£
The input SNR is given by

SNR,, = 10log 2 (18)
=

Dashed curves in Fig. 5 show the output SNR as a
function of the number of users for an adaptive linear
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Fig. 5 - The output SNR in terms of the number of users with the input
SNR as a parametar and with T, = 31 T, T = 15 T,, K, = 33. Solid -
adaptive receiver and transmitter. Dash - adaptive linear receiver.

receiver [5]. Transmission in this example is performed
for the channel model with AWGN and MAI only.
Spreading gain S, for all users is 31 and all users have
the same power. The output SNR is averaged over all
possible combinations of signatures and all possible val-
ues of uniformly distributed time delays 7.

The nominal number of users (NNU) in a CDMA
system is equal to the spreading gain S,. This number of
users is equal to the number of users that can be accom-
odated by equivalent TDMA of FDMA systems occu-
pying the same bandwidth as the CDMA system. Due to
imperfect cancellation of MAI, a rapid decrease in
SNR,,, occurs when the number of users reaches a
threshold which is less then NNU. The critical number
of users (CNU) is defined as the number of users at
which an increase in the input SNR will not cause an in-
crease in the output SNR. The CNU for this particular
case is about 24 which is 77% of the NNU.

Solid curves in Fig. 5 show the output SNR in terms
of the number of users for CDMA systems employing
adaptive receiver-transmitter. Distinctive property of
the adaptive receiver-transmiter concept is that the out-
put SNR is equal to the matched filter output SNR until
the number of users reaches the critical number of us-
ers. The critical number of users is increased in systems
with the adaptive transmitter relative to the systems
with the adaptive receiver only.

The convergence rate of the adaptive algorithm
which is used in designing the optimum transmitter sig-
natures is illustrated in Fig. 6. Optimum MSE is calcu-
lated in terms of number of iterations with the number
of users as a parameter. The input SNR is 25 dB. It is
visible in Fig. 6 that the convergence is achieved after
just a few iterations for all numbers of users. For the
number of users less then the CNU the MSE is deter-
mined by the input SNR (matched filter bound) and the
MSE does not depend on the number of users.

Near-far resistance of the CDMA system with adap-
tive linear receiver and transmitter is demonstrated in
Fig. 7. The curve set depicts the output SNR for the user
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Output SNR [dB]

Number of interations

Fig. 6 - The output SNR in terms of the number of iterations with the
input SNR = 25 dB and the number of users as a parameter.

of interest as a function of the number of users. Each
MAI signal is 40 dB stronger compared to the user of
interest. Until the critical number of users is reached
there is negligible loss in the output SNR compared to the
input SNR. A more rapid decrease in the output SNR is
observed when the number of users exceeds the critical
number, since the system can not generate transmitter
signatures which are orthogonal to the MAI signatures.

40 i ! ! T T !
i35(0B) | ' i ‘ :

Output SNR [dB}

Number of users

Fig. 7 - Adaptive linear transmitter-receiver with S/MAI level of — 40
dB per a single interferer. The output SNR in terms of the number of
users with the input SNR as a parametar and with T, = 31 T, T = 31
T, K;=33.

5. CONCLUSIONS

In this paper an adaptive receiver and transmitter
structure for asynchronous CDMA systems is consid-
ered. A general solution for the optimum filter coeffi-
cient sequence is derived.

It is known that the simple receiver structure, referred
to as the adaptive linear receiver, is capable of remov-
ing interference from other users to a great extent. Its
distinguishing property is that timing, signatures and
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carrier phase information from other users are not need-
ed. The receiver is “near-far resistant” and hence does
not require accurate power control. It achieves a signifi-
cant improvement in the number of users in a CDMA
system relative to the conventional single user receiver.
The complexity of the adaptive linear receiver is inde-
pendent of the number of users and is slightly higher
than the complexity of the conventional receiver.

A more complex transmitter-receiver structure has
the same properties in terms of timing recovery, “near-
far” resistance as the adaptive linear receiver, whereas
MAI cancellation is significantly improved. Conse-
quently, a larger number of users can simultaneously
share the channel bandwidth relative to a system with
the adaptive linear receiver, only. The adaptive trans-
mitter-receiver CDMA system achieves matched filter
bound in the presence of MAI if the number od users
does not exceed the critical number of users which is
70% — 80% of the CDMA system spreading gain.

The need for additional communication channel, if it
is not already part of the system, from the receiver to
the adaptive transmitter adds to the complexity of the
adaptive receiver-transmitter structure.

APPENDIX |

Note that in the further text time iterations in the algo-
rithm are denoted by subscripts rather then superscripts.

In this Appendix we prove the convergence of the iter-
ative procedure used in finding the transmitter signatures.
To prove the convergence it is enough to prove that
5§ i=1,2,.. (19)

Initial autocorrelation matrix F is denoted as F,
while the initial signature is denoted by z,. The correla-
tion matrix in the next time iteration is denoted by F,
and the transmitter signature at the same time instant by
z;. The autocorrelation matrices F, and F, can be ex-
pressed as

Fy=B+zyz!!

where matrix B is a time invariant part of the autocorre-
lation matrix F and it does not depend on the time vari-
able transmitter signatures z,, z;, z,,... . Matrix B is
Hermitian which means that B = B, [5].

It is convenient to normalize the signature power by
assuming that z(’)’ Z, = 1 and to make sure that we have
normalized signal power in the next iteration we will as-
sume thatzfz, =1.

2y is the normalized transmitter signature at time in-
stant 7 = 1. At the same time it is the optimum receiver
coefficient sequence when z, was used as a transmitter
signature. We express that in the mathematical form as:

26

-1
_ K,z
Z = 7

(502" 1]

(20)

For the initial step, the MSE is
Hp-1
g=0.-2 F; zg
Without loss of generality we can assume that the

symbol power is normalized to one 62 = 1 Then we can
write equations for MSE in time instants 0 and 1 as:

g=1-zF;'z @
g=1-2"F 'z (22)
To prove (19) we will prove that
) (23)
By using the matrix inversion lemma
Bz 7B
Fil=p' - — 30— (24)
1+ 4 B a0
Eq. (21) can be written as
H p-l H p-1
B B
gg=1-20 B zy + X0 z}? zo-l 0
1+ 2 B 4
or after a simplification as
1
& 25)

1+ zéi B! 25
Following the same procedure, Eq. (22) becomes

1

= 26
1+z{' B 'z, (20)

&

From (25) and (26) it is evident that g, < g, if and
only if

2B zy<z" B g (27)
If z; is substituted by (20) then (27) becomes
H
F 'z B'F'z
zgl B_l ZO < ( 0 0) 0 0 (28)

(Fo_] zo)H Fy'z

Term F ' 2, can be further simplified by using Eq. (24)
(29)
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By replacing (29) in (28) and bearing on mind that
(B-HH = B-! we get

Zf,' Bz, Zf)’ B2z4< z{,’ B3z, (30)
Hermitian matrix B-! can be expressed as

B'=0QHAQ

where Q is a unitary matrix with property Q¥ Q@ = I and

A is diagonal eigenvalue matrix of B with real elements.

Inequality (30) can be further simplified to

o Ao A2a<o' N a 3D

where o = Q z;. Note that o o = 1. In order to prove
(31) we will prove two lemmas.

Lemma 1
i Aaol Ao<al A2 ool a 32)

If we denote Ao =x and a =y, then (32) transforms
into well known Cauchy-Schwartz inequality

xHyyHx <xHxyHy
Lemma 2
N ad Ala<a! Mo’ Aa

(33)

Now it is enough to denote A¥2 o =x and A2 o=y
then (33) becomes

xHyylx <xHxyHy

which is again Cauchy-Schwartz inequality.
By combining (32) and (33) we can write
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Aol Aool A2 a< ol -
(34)
Aot A2a<al N aol Ao

With o' a =1 finally we can state
Ao A2asol A a

which proves (23) and (19).

Manuscript received on May 15, 1994.
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Decorrelators for Multi-Sensor Systems
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Abstract. In this paper we consider a multi-sensor detection problem in both additive white Gaus-
sian noise (AWGN) and fading channels with the users using the channel based on a code division
multiple access (CDMA) scheme. Several multi-sensor detectors that have been studied previous-
ly do offer good performance; however, these detectors require the knowledge of the signal ener-
gies and these have to be estimated. Such an estimation might not be feasible in fading and time-
varying channels. We show how the linear optimal detector can then be simplified to obtain a dec-
orrelating detector which does not require the knowledge of the users’ signals. We show that this
decorrelating detector performs almost as well as the linear optimal detector in an AWGN chan-
nel. We further investigate its performance in single-path and frequency-selective slowly fading
channels. In a slowly fading channel when there is multi-user interference, the conventional detec-
tor reaches a saturation point beyond which no improvement in performance can be obtained. We
show that the performance of the decorrelating detector does not depend on the other users’ ener-
gies and hence on the other users’ fading characteristics. We further show that a decorrelating de-

tector can be used to obtain a Rake type of receiver in frequency-selective fading channels.

1. INTRODUCTION

Multi-user multi-sensor detectors have been exam-
ined for additive white Gaussian noise (AWGN) chan-
nels in [1, 2] based on the principles of multi-user de-
tection and diversity. In systems like cellular networks
and Personal Communication Networks (PCN), the per-
formance can be improved without much increase in
complexity by using the above principles. This im-
provement is based on tracking of the signal by more
than one base station (sensor) [3, 4, 5], computing the
sufficient statistic at each base station, and then sending
the sufficient statistic to the switch where a decision is
made on the combined statistics (Fig. 1). In the detec-
tors studied in [1, 2], the combining is performed by us-
ing the maximal-ratio combing rule. A maximal-ratio
combining receiver requires the values of the energies
so that the received signals can be combined efficiently.
This means that the energies of the signals from each
user have to be estimated. While some sort of estima-
tion is typically done in cellular networks to make sure
that the signal does not fade below a certain level, it
might not be easy to obtain accurate estimates even

(1) This research was supported by a grant from the Information
Technology Research Centre, a Centre of Excellence, funded by the
province of Ontario, Canada.
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Fig. 1 - The multi-sensor system; suff. stat. = sufficient statistics.

when they do not vary rapidly. The situation in rapidly
fading channels is even worse.

In section 2, we develop and study the performance
of a decorrelator detector for a single sensor in AWGN
channels (first described in [6, 7, 8] and also studied in
[9, 10]) which does not require knowledge of the ener-
gies of the signals. In section 3, we extend the detector
described in section 2 to multiple sensors.

In a multi-path fading channel and a multi-user environ-
ment, the performance of a matched filter detector (also
referred to as conventional detector) cannot be improved
beyond a certain point irrespective of the energies of the
user signals. We are thus motivated to study the decorrela-
tor in single-path Rayleigh fading channels for both the
cases of a single sensor as well as multiple sensors in sec-
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tion 4. Then, based on the observations made in section 4,
we suggest a Rake type receiver for the multi-path Ray-
leigh fading channels. Section 5 concludes the paper.

2. DECORRELATOR FOR A SINGLE SENSOR

When multiple copies of a signal are available, it
makes sense to combine them to increase the signal to
noise ratio (SNR) and hence decrease the error probabil-
ity. However, even for a single user detector, there are
various ways of combining the signal. While the maxi-
mal ratio combining rule gives the optimum perfor-
mance, it may be preferable to use other types of com-
bining due to the dependence of the optimal detectors
on the signal strengths. One of the combining schemes
that does not require knowledge of the signal energies is
the equal-gain combining (EGC) scheme. When all the
signals have almost equal energy (for non-fading chan-
nels), the performance of this detector will be close to
that of maximal-ratio combining. Unfortunately, equal-
ity of energies can not always be assured and there will
be deterioration in performance relative to the maximal
ratio scheme. This motivates us to develop an EGC-like
scheme, but with better performance and where the esti-
mation of energies can be avoided.

In [1, 2] three different detectors for multi-sensor
systems have been studied: conventional, decision-
based, and linear. A conventional receiver, for a single
sensor, does not use the estimates of the energies; hence
it is the simplest to implement. However, the perfor-
mance of a conventional receiver is very poor even when
the maximal-combining rule is used. In a decision-based
detector, we estimate the interference and subtract it
from the received signal (at the output of the matched fil-
ter). To make a reasonable estimate of the interference,
we need to have at least some approximations of the sig-
nal strengths. Hence the situation does not improve
much even if we were to use an equal gain combining
rule. An optimal (in the MMSE sense) linear detector too
requires the knowledge of signal energies [1, 2]. Howev-
er, with simple changes to the MMSE detector, we will
now show how one can obtain a detector which does not
depend on the estimation of the users’ signal energies.

2.1. System model

Suppose there are K users on the channel with one
sensor (denote it by /) tracking the signals. The base-
band version of the received signal at the front end of
this [-th sensor (receiver) is

rO (1) =8O (t; b, cD) + nD (1) —oo< <00 ()
where

M K
sO(6,c0)= 3 Y b (el (), (z ~iT-1)

i=—M k=1

30

and n()(t) is a complex white Gaussian noise process
with two-sided power spectral density equal to 0',2, Tis
the symbol interval, s,(f) is the complex representation
of the k-th user’s signature sequence, c\{’ (i) is the chan-
nel attenuation, and b, (i) is the data symbol associated
with the k-th user during the i-th symbol interval. We as-
sume that s, (¢) is zero for t ¢ [0, T'] and has unit energy,
7\ is the delay (symbol epoch) associated with the k-th
user (without loss of generality, we assume 0 < 7{’ < T),
and NT = (2M + 1) T is the observation interval. We let
b=1[bT (-M), ..., bT (0), ... bT (M)]7, where b (i) =
[6:(0), ... ,bg()Tandb (-M -1)=b M+ 1)=0
where T denotes the matrix transpose.

Let y = [y®O" (= M) ... yOT (M)]7, with y)7 (i) being
a vector of outputs of the bank of matched filters, each
matched to the respective signature sequence s, (r — i T —
T}(’)) and sampled at iT + T + 7;. Then,

yO = W ) p 4 g (2)
where
g0 =

RO (0) RV (-1) © 0 )

RV 1) RY () RV (-1)

0 RO 1) RV (0) 0

RV (1)
_0 0 RrRY ) RV (O)J

C® is the channel attenuation matrix given by diag
(ICD (= M), ..., CD (M)]), with CO (i) = diag ([c!"
@i, ..., C(II() (i)]) and n® is the corresponding noise vec-
tor due to the additive white Gaussian noise whose co-
variance matrix is 0'12 RD. The (k, j)-th element of the
cross-correlation matrix of the signals at the I-th sensor,
R (i), is given by

R,(q’.) ()= jsk (t - T,((I))s; (t+iT— r})dr
{o if |i]>1

RY (~i) if i=0, +1

3)

where * denotes the complex conjugate. The optimum
linear transformation G in the MMSE sense (or the
operation to be performed by a linear detector) is then
given by [1, 2],

G = HOH (30 ¥ 4 o—f Ry-1 4)

where H denotes the Hermitian transpose of a matrix,
and H() = R ¢®, Here we assume that the matrix ex-

ETT



Decorrelators for Multi-Sensor Systems in CDMA Networks

Y1
—>>
—> by 0)
(1) —>»
Yk
Gr —
(L)
AN — >
by (i)
7

Fig. 2 - Linear detector for synchronous systems.

ists (R being positive definite is a sufficient condition
to assure this). If the inverse does not exist, the follow-
ing argument still follows with the regular matrix in-
verse being replaced by the generalized inverse matrix.
The structure of this detector is given in Fig. 2.
Now suppose that the signals are being transmitted in
a high SNR environment where the amount of Gaussian
noise is insignificant. In other words, we let o; — 0.
o @
Then, g) — G, where
g(” HO (D H DY = gf' = O gD (5)
The transformed input vector to the decision making
device is then (for a single sensor, /, Fig. 2)

b=G,y0=c®O' RO (RD cD b +nb)
(6)
=b+ O QDT g

It can be seen from (6) that with this linear transfor-
mation the desired signal is free of other users’ signals.
However, the additive noise term is now dependent on
the signaling waveform (as well as the channel attenua-
tion) and is not white. The covariance matrix of the
noise term is

= E [cO7 RO g g (¢ g-1)H
O'=E[c" R (¢ gHH]

O
= o2 O (RO (cO™)

where E denotes expectation. The error probability for
this detector for by, (i) is then

®

1
P, (error) = 5 erfc

where (D), ; is the (k, k-th element of D® = RO,
From (4) we note that the above detector requires

knowledge of the received signal energies. Now, observe

the argument of the error function in (8). If we interpret
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the numerator as the signal strength and the denominator
as the variance of the noise RO n(), then we see that
we can interpret the linear transformation used in this de-
tector as just R along with the phase information of
the signal. This implies that we would have obtamed the
same performance by using the transformation g
C(”* RO, where C() is a diagonal matrix each of
whose elements is the corresponding element of €V di-
vided by its modulus. Note that the transformation g" )
does not require the energies of the users to be known.
This detector can be interpreted as a decorrelator and
has been described in [7, 8] where it has been shown to
achieve the same asymptotic user efficiency and near-far
resistance as the optimal detector. Even though the out-
put of the decorrelator is free of the other users’ energies,
the noise terms are correlated and it performs poorly in
comparison with the single user detector for the same
SNR. The above derivation is for an asynchronous
system, and a similar detector can be developed for syn-
chronous systems. To evaluate the performance of this
detector, we compare it with the MMSE detector and the
single user detector (a matched filter detector for detect-
ing a signal transmitted without any interference).

Consider the expression for the error probability of a
single user detector which is given below [11]

R)=dere| L5 ®

where E, is the energy of the signal. Comparing (8)
with (9), we see that the loss in SNR for using the decor-
relator when compared to a single user receiver is given
by 10 log (D). We compare the decorrelator-detec-
tor with the MMSE detector [2], using the following nu-
merical example. Consider a synchronous system hav-
ing two users with cross-correlation p between the two
users’ signals. Fig. 3, shows the average error probabil-
ity of user 1, for the MMSE detector, decorrelator, and
the single user detector, as a function of its SNR, SNR1,
with the second user’s SNR, SNR2 = 8 dB, and p = 0.5.
This situation can be thought of as a high SNR environ-
ment. It can be seen that the performance of both

P, (User 1)

101 E 1 T 1 T ]
E Decorrelator —— 3
L MMSE —1
i Single user ——

102 L 9 E

108 | 4

10 | l ! L l L ! I E

SNR1

Fig. 3 - Error probability of the user 1 versus SNR1 for SNR2 = 8 dB,
and p=0.5.
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P, (User 1)
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107" L Decorrelator —— -
F MMSE 7
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10_2 = -
| 1 L I [ 1 | [
0 0.1 02 03 04 05 06 0.7 08 0.9

p

Fig. 4 - Error probability of the user 1 versus p for SNR1 = 6 dB, and
SNR2 =8 dB.

MMSE detector and the decorrelator are almost identi-
cal (both are quite inferior compared to the single user
detector - but this is to be expected with such a high
correlation between the signature sequences). In Fig. 4,
the error probability is plotted as a function of p for
SNR1 = 6 dB and SNR2 = 8 dB. Again we see that the
difference in performance is almost negligible. To study
the performance in a low SNR environment, we plot in
Fig. 5, the average error probability of user 1 as a func-
tion of SNR1 for SNR2 = 4 dB and p = 0.5. We see that
the performance of the decorrelator is still close to
MMSE even in a low SNR environment. In Fig. 6 we

Pe (User 1)
I T I I
101 Decorrelator —— |
MMSE ~ —1
Single user ——

10-2

0 0.5 1 1.5 2 25 3 3.5 4 4.5
SNR1

Fig. 5 - Error probability of the user 1 versus SNR1 for SNR2 = 4 dB,
and p=0.5.

P, (User 1)
T T T
Decorrelator ——
10 L .MMSE —_— H
r Single user —— 1
10-2 ! ! I ! I I 1 1

0 01 02 03 04 05 06 07 08 09
P

Fig. 6 - Error probability of the user 1 versus SNR1 for SNR1 = 4 dB,
and SNR2 =4 dB.
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set both SNR1 and SNR2 to 4 dB and plot the error rate
as a function of p. It can be seen that as p is increased,
the performance of the decorrelator becomes worse
compared to that of the MMSE detector. Even though
the difference in this case is very small, in certain other
situations (large number of users) the difference could
be quite significant, as we shall see later.

3. DECORRELATORS FOR MULTI-SENSOR
DETECTORS

In this section, we extend the concept of the decorre-
lator to multi-sensor detectors. Towards this end, we as-
sume that there are K users and L sensors indexed by in-
tegers. Let K, be the number of users tracked by the /-th
sensor and the set B, be the set containing the users
tracked by it. As before, the vector y), comprising of
the outputs of the matched filters for the signals to be
detected at that sensor, is given by (2). For the conven-
tional maximum-likelihood ratio combining, the
matched filter outputs are combined and then passed
through a linear filter. Here, however, we first decorre-
late the outputs of the matched filter and then combine,
as shown in Fig. 7. The corresponding transformation is
(}f,’) = C:)* (RDY1. Now, when some of the users’ sig-
nals are not tracked at any given sensor, then the ener-

o

i gm X1
Wo_ | 7d
’: b, )
‘—)/BK [0)
L)
vrlh— GY
Wo | 79 [x0

Fig. 7 - Detector using equal gain combining ratio with the decorrela-
tors in eq. (10).

gies as well as the corresponding outputs of the matched
filter of these untracked signals can be assumed to be
zero. We can exploit this fact by setting the correspond-
ing rows and columns in (R")-! to zero. This will re-
duce the dimension of the matrix that has to be inverted
from NK to NK,. Denoting such a modified transforma-
tion by GO, the output vector after performing such a
transformation is given by
xh=ghy= C[(,” b+ G ab (10)
where C,‘,” is the amplitude matrix of the channel. The
covariance matrix of the noise term is given by

Q(l) =F [g(l) n) (n(l))H (g(/))H]
(1)
= o2 g(l) RO (g(l))H
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Note that, the terms corresponding to k ¢ B;in Q) in
(11) would be zero. Then the vector of decision vari-
ables is (1)

b= sgn{ix(l)} - {i[cg) b+gG? ,,u)]}
=1 I=1

Note that the right hand side of (12) suggests that all
the signals of a given user are added directly, as desired.
However, more noise terms of noise are involved and
are correlated with each other, as was observed for the
single sensor case. The average error probability for the
k-th user is

(12)

L
Y| )]
I=1 -
o5,
I=1 ’

where (QU),; is the (k, k)-th element of Q). Note that the
performance of this detector does not depend on the other
users’ energy at any sensor. Thus it is easier to design a
decorrelator based system as compared to a system based
on other types of multi-sensor multi-user detectors. How-
ever, as in the case of single-sensor, the noise is colored
due to the interference of the other signals.

Even though, our discussion has been entirely for
asynchronous systems, the detector can be easily modi-
fied (with lesser complexity) for synchronous systems
in an obvious manner.

P, (error) = Eerfc (13)

3.1. Numerical results

To evaluate the decorrelator performance we consid-
er a few numerical examples. First, we consider the 3
user, 2 sensor synchronous system. We shall label the
users 1, 2, and 3, and label the sensors as 1 and 2. The
first two users are tracked by sensor 1, whereas the last
two are tracked by sensor 2 (i.e., all the users are not
tracked by all the sensors). Let

1 A0
RY0)=rRD(0)=|p 1 P
0 P21
1)
a 0 0 00 O
2
cV)=1o o c?(i)=10 &
0 0 0 0o

(1) We assume that the signum function (sgn) operates only on the
real part.
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and O'f and 0'5 be the two-sided power spectral densities
of the noise at the two sensors which we assume to be
equal. We are interested in the performance of the de-
tector with respect to user 2. Let lc'(;’ | 2 and | (_(22) | 2 the
energies of the second user at the two sensors, be equal.
Hence, the SNR of the second user is the same at both
sensors which we denote by SNR21. Further, let us as-
sume that c(2” = c‘32) and p, = p, = p. We denote the SNR
of user 1 at sensor 1 by SNR1 and that of user 3 at sen-
sor 2 by SNR2. For simplicity we consider only the case
when SNR1 = SNR2.

In Fig. 8 and Fig. 9, we plot the average error prob-
abilities of the decorrelator, MMSE detector, and the sin-
gle user detector, for user 2, as a function of SNR21, for
p=0.5and p = 0.7, with SNR1 = 10 dB. It can be seen
that the performance of the decorrelator is very close to
that of the MMSE detector even though we are using
high values of p. This is due to the fact that the system is
operating at a high SNR. This can also be seen in Fig. 10,
where we show a similar plot for SNR21 = 4 dB. The

P (User 2)

10" ¢ | T T 3
MMSE — |

Decorrelator ------
Single user = ]

102
108 |
10
1075
108 b

107

08L

SNR21

Fig. 8 - Average error probability for three users versus SNR21 for
SNR1 =10dB, and p=0.5.

Pe (User 2)

107 T T T T T T T T

[ MMSE —
Decorrelator ------ |
Single user —

1072 ¢

108 L

105 [

1078 [ !
0 1 2 3 4 5 6 7 8 9 10
SNR21

Fig. 9 - Average error probability for three users versus SNR21 for
SNR1 =10dB, and p=0.7.

MMSE detector does not provide a great advantage in
this situation. To see the performance in low SNR we
plot the average error probability of the second user as a
function of SNR21 for p = 0.5 and p = 0.7, with SNR1 =
5 dB, in Fig. 11 and Fig. 12 respectively, and as a func-
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Pe (User 2)
T T T | }
MMSE —
Decorrelator ------
1072 |
1038 L

Fig. 10 - Average error probability for three users versus p for SNR1 =
10 dB, and SNR21 =4 dB.

P (User 2)
S T T T T ]
MMSE — ]
Decorrelator ------
102 Single user — =
103 L &
104 1 | | | L 1 1 Lo

0 05 1 15 2 25 3 35 4 45 5
SNR21

Fig. 11 - Average error probability for three users versus SNR21 for
SNR1=5dB, and p=0.3.

tion of r for SNR1 = 5 dB and SNR21 = 2 dB in Fig. 13.
As the value of p is increased, the performance of the
decorrelator becomes slightly worse. Note that the
MMSE detector performs better than the decorrelator.
Even though its performance depends on the other users’
signal strengths, an MMSE detector performs better than
a decorrelator as it is the optimal linear detector.

As a second example, we consider the 6 user syn-
chronous system with 2 sensors tracking them. We use
the sequences described in [12, Table 5.10] as the signa-

P (User 2)
10!

1072 L

107 |

MMSE
Decorrelator -
Single user —

0 05 1 15 2 25 3 35 4 45 5
SNR21

Fig. 12 - Average error probability for three users versus SNR21 for
SNR1=5dB, and p=0.5.
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P (User 2)
10 r T T T T T T
MMSE — )
Decorrelator ------ P
Single user — ]
102 1 1 | 1 1 | 1

0 0.1 0.2 0.3 04 05 0.6 0.7 0.8

Fig. 13 - Average error probability for three users versus p for SNR1 =
5dB, and SNR21 =2 dB.

ture sequences. These sequences are not optimized in
any sense and have reasonably high correlations. The
correlation matrix is

31 -9 -9 -9 -9 1[I
931 -9 11 -9 -9

119 -9 31 -9 11 -9
T310-9 11 -9 31 -9 -9
9 9 11 -9 31 -9
11 -9 -9 -9 -9 31|

(14)

In Table 1, we consider the case when all the users
have equal SNR’s and are tracked by both sensors. We
tabulate the error probabilities P, for the MMSE detec-
tor and the decorrelator with and without diversity. Also
tabulated is the effective signal to interference ratio
(SIR) that is required to obtain the same error probabil-
ity if there was no interference; i.e., if the error prob-
ability for a given user, utilizing a given detector, is P,,
then we define SIR as the effective SNR of that user,
given implicitly by the following equation

e:%erfc(ﬁ) (15)

SIR is analogous to the signal to interference ratio
that is commonly used in spread spectrum systems [12].
Also tabulated is the average signal to interference ratio
(ASIR), which we define for a given user as

{E[a0)]}’

ASIR = var [d(z)]

(16)

where var denotes the variance and d (i) is the variable
on which the decision is made for that user. For a single
user system, in an AWGN environment, the ASIR
would be the same as the SNR. Thus the ASIR can be
thought of as a generalization to a multi-user environ-
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Table 1 - Error probabilities and the corresponding SIRs for the MMSE detector and the decorrelator
for 6 users with equal energies.

. MMSE - Decorrelator B
SNR No Diversity Diversity No Diversity Divgrihx 777777777
‘‘‘‘‘ P, ASIR P, T ASIR | P, ASIR P, ASIR
4 dB 3.50 x 102 205 6.53 x 10-3 4.88 4.77 x le?m 1.43 9.21 x 710—37 4.44
5dB | 2.22x 10—72 | 305 2.88 x 103 5.81 3.07 ><1(%2 2.43 4.08 x 10;3“ ) 544
6 dB 1.28 x 102 1396 1.05 x 103 6.75 1.79 x 10-2 3.43 1.50x 1073 6.44
8dB | 2.91x 10—* 5.80 6.52 x 10f5 8.65 | 4.13x 10-3 5.43 9.35x10-3 8.44
10dB | 3.06x 10 7.69 8.94 x 107 10.57 441 x 10~ 7.43 1.28 x 106 10.44

ment. Note that the numerator would be the same as the
total signal energy as we have assumed equi-probable
symbols. Hence the ASIR can be interpreted as the ratio
of the signal energy of the user of interest to the sum of
the variance of the additive white noise and the interfer-
ence power from all the interfering users at the input of
the threshold device. This would be a true measure of
the interference if it could be modelled as Gaussian [13].
We note that SIR and ASIR would be identical for a
decorrelator since as the total interference is still a Gaus-
sian variable. Also the correlation matrix for this system
suggests that every user will have the same amount of
interference. From the table, it can be seen that in lower

This is to be expected as the decorrelator’s performance
does not depend on the other user’s energies and since
the background noise would be the same in all situa-
tions, hence the ASIR would be increased by the same
amount as the SNR. Finally, we note that by using diver-
sity, we always obtain a gain (') of 3 dB, which is the
maximum gain that can be obtained by using second or-
der diversity which is not the case for MMSE detector.
Next, we consider the same system, but with users
neither having identical energies at both the sensors, nor
equal energies at a given sensor. The energies of each of
the users at each sensor are tabulated in Table 2. This
table illustrates how much performance is lost when a

Table 2 - Error probabilities and the corresponding SIRs for the MMSE detector and the decorrelator
for 6 users with unequal energies.

User SNR @1 | SNR @2 ASIR @ 1 ASIR @ 2 Diversity
7 MMSE Decor. . MMSE Decor. MMSE | Decor.
1 4 dB 8 dB 2.04 1.43 B 622 543 7.69 6.67
2 6 dB 2dB 4.17 3.43 0.09 -0.57 5.57 4.67
3 2dB 6 dB 0.03 -0.57 7 414 3.43 5.63 4.67
4 8 dB 4dB 6.16 543 2.09 1.43 7.58 6.67
5 6 dB 2dB 4.03 3.43 0.14 -0.57 5.51 4.67
6 4 dB 4 dB 2.04 1.43 2.22 1.43 5.00 4.44

SNR environments, the decorrelator suffers a loss of
about 0.7 dB with respect to the MMSE detector. As the
SNR of each of the users is increased, the decorrelator’s
performance tends to improve and becomes much closer
to that of the MMSE detector. Further, it can be seen that
the increase in ASIR for the decorrelator is identical to
that of the actual increase in the SNR in the user’s signal.
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decorrelator is being used. Also tabulated in this table
are the ASIR’s for both the MMSE detector and the
decorrelator with and without diversity at both

(1) The maximum possible gain is 3 dB since the users have the same
signal strength at both the sensors.
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the sensors. It can be seen that without diversity, the loss
in performance for using a decorrelator instead of an
MMSE detector is close to 0.7 dB, while with diversity it
is about 1 dB. It should be noted that as the number of
users increase, this loss will be more and more significant
as can be seen by comparing with the 3 user example.
However, if all the users are transmitting with reasonably
high energy, then a decorrelator can still be used.

In the final example, we will study the case when
there are 10 users and 2 sensors in order to understand
the behaviour when all users are not tracked by all the
sensors. Again, the signature sequence is of length 31.
The first six sequences are the auto-optimal m-sequences
given in [14, Fig. Al], while the other four have the least
side-lobe energy phase with the best odd auto-correla-
tion parameters from [14, Fig. B1]. The correlation ma-
trix for a synchronous system with these sequences is

The SNR’s of the users at each sensor are given in Table
3. The first seven users are tracked by sensor 1 and the
latter seven by sensor 2. Also tabulated are the ASIR’s
for both the MMSE detector as well as the decorrelator
with and without diversity. Several observations are in
order here. For the users having all their signal energy
at one sensor (users 1, 2 and 3 at sensor 1 and users 8, 9
and 10 at sensor 2), the performance of the decorrelator
is the same whether or not diversity is utilized. This ob-
servation can also be made from (13), where the de-
nominator in the argument of the complementary error
function would have only one term due to the fact that,
we define the transformation G in such a way so that
only the rows (and columns) for the users that are
tracked are non-zero. However, for the MMSE detector,
the performance still improves (albeit not by a great
amount) due to the usage of the information about

(31 -1 -1 7 -1 -1 -1 7 3 —1]

-1 31 -9 -9 7 -1 -1 -1 -1 3

-1 -9 31 -1 -1 -5 -1 -1 7 -1

7 -9 -1 3t 7 7 -9 7 -1 -1

1 (-1 7 -1 7 31 7 -9 -1 -1 -1

RY(0) = — 17
) 31|-1 -1 -5 7 7 31 -1 -9 -9 7 a7

-1 -1 -1 -9 -9 -1 31 7 3 -1

7 -1 -1 7 -1 -9 7 31 7 -5

3 -1 7 -1 -1 -9 3 7 31 -1

- 3 -1 -1 -1 7 -1 -5 -1 31]
Table 3 - Error probabilities and the corresponding SIRs for the MMSE detector and the decorrelator
Sor 10 users with unequal energies.
User | SNR @1 SNR @2 ASIR Without Diversity ASIR With Diversity
Sensor 1 Sensor 2
MMSE Decor. MMSE Decorr. MMSE Decor.
1 8 dB - 100 dB 7.73 dB 7.69 dB - - 7.80 dB 7.69 dB
2 8dB | -100dB 6.86 dB 6.63 dB - - 7.14 dB 6.63 dB
3 8§dB | -100dB 7.46 dB 7.37dB - - 7.53dB 7.37dB
4 8 dB 4 dB 6.65 dB 6.41 dB 2.83dB 2.57dB 8.17dB 7.73dB
5 2dB 3dB 1.03dB 0.89 dB 2.38dB 2.27dB 4.73 dB 4.60 dB
6 3dB 2dB 2.52dB 2.44 dB 0.63 dB 0.39 dB 4.67 dB 4.41dB
7 4 dB 8 dB 3.39dB 3.30dB 7.00 dB 6.71 dB 8.63 dB 8.23dB
8§ | -100dB 8 dB - - 6.83 dB 6.50 dB 7.27dB 6.51dB
9 | -100dB 8 dB - - 7.57dB 7.48 dB 7.68 dB 7.47 dB
10 | -100dB | 8 dB - - 7.74 dB 7.66 dB 7.82dB 7.66 dB
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the users that are mutually tracked by both sensors. The
decorrelator’s performance is quite comparable to that
of the MMSE detector in the example as most of the us-
ers are operating with a high SNR.

4. RAYLEIGH FADING CHANNELS

In this section we extend the ideas regarding the dec-
orrelator to the case of a CDMA network operating in a
Rayleigh fading channel. It has been shown in [15, 16]
that CDMA systems with conventional receivers operat-
ing in the presence of multi-path fading and multi-user
interference reach a saturation level below which the er-
ror probability can not be reduced regardless of the SNR
level. It has been concluded that the only way to im-
prove performance is to use long sequences as well as
some sort of diversity. Also, in many situations there
might not be more than one path available at a given
sensor. In this section we circumvent this problem by
using multi-sensor decorrelators. First we study the per-
formance in a single-path fading channel and then ex-
tend the results to channels with multiple paths.

4.1. Single sensor

As before, suppose there are K users on the channel
with one sensor (denote it by /) tracking the signals.
The baseband version of the received signal is the same
as given by (1). Since the channel is Rayleigh faded, c,(f )
(i) is now a complex-valued Gaussian random variable
[11]. We assume that the amplitude does not vary rapid-
ly enough and would remain fixed within a given sym-
bol interval and that the associated phase is slow
enough to be tracked perfectly. We assume that the am-
plitudes ¢, of different users are mutually independent
with the real and imaginary components having zero
mean and variance oz(”2 The decorrelator for this
system will be GO = (9(‘“)-1. Performing this transfor-
mation (Fig. 7) we obtain
xD =GOy =cOp+Ghnd (18)

Again, since () is a diagonal matrix, the only term
that has the required information for the detection of
by (i) is the ((i — 1) K + k)-th term of x() which we de-
note by x k) (i) and write

X (@)= () by () + Wy () (19)
where w(k” (i) is the ((i = 1) K + k)-th term of the noise
vector in (18). The covariance matrix of the noise vec-
tor is given by
QD =E [0 n® a0y (V)] = 67 (R (20)

The only unknown variable for the detection of b (i) is
cf,(l) (/). However, we have already assumed that the phase
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variations are slow enough so that they can be estimated
perfectly. Then multiplying x; A (i) by c“) @)/ ‘c(” (l)l
we obtain

W (;
’\bk (i) + & (f) 0 1)

4" (0)=| " ()

The additive noise term in the above equation is still
Gaussian with the variance given by the (i — 1) K+k, (i —
1) K + k)-th element of Q) which we denote by (QM);-
Then, given |c(k” @) |, the error probability for the detec-
tion of by (i) is given by

Py (error/~ (i) ') = (22)

Since, c (z) is a complex Gaussian random variable
the |c(’ ) (l)l has a Rayleigh distribution. Defining the
effectlve SNR of user k as

Y 0] 23)
k 2 (A ()
20 (Q )k’i
(8) can be rewritten as
P, (errorl yy) (1)) = %erfc(\‘@) (24)

Now, }/,((” is an exponential random variable [17],

with density function

p(r)= (1/ Vi’))exp (— ' yi’)) ri’z0 25

where E [1"] = 70 = o??/2 6} (V) is the average
effective SNR of user k. The average error probability
for the k-th user is then

| )])p(r1?)ars?

! ri
wo)

P, ; (error) = J‘Pd, k (error
0

(26)

=—|1-
2

1+7y;

Now, compare (26) with the error probability of a
single user receiver [11]

P, (error) = l[l - _}/__}
2 1+7y

where ¥ is the average SNR of the user. From the defini-

27
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tion of ]/(,”, it can be seen that the effect of interference is

to directly reduce the SNR by the degree of cross-correla-
tions. However, the error probability of the decorrelator
in a multi-user environment itself decreases with an in-
crease in the SNR of the user. Hence, the decorrelator cir-
cumvents the problem that arises with the use of a con-
ventional detector and thus is near-far resistant. Further, if
the users are operating in a very high SNR environment,
then, by using the binomial expansion of (1 + x)-12,

Py (error) = 1/(4 y) (28)

P, (etror) = 1/(4 ) (29)

This approximation suggests that the error probabil-
ities of both the decorrelator and the single user detector
decrease at the same rate and are inversely proportional
to the average SNR.

To understand the effect of the interference, we consid-
er an example with two users. We assume that the system
is synchronous. Consider the following correlation matrix

efh 7

Without loss of generality, we study the error prob-
abilities associated in detecting the signal from user 1.
Using (20), we see that the covariance matrix of the ad-
ditive noise at the input of the decision making device is
given by

(30)

*

o=—1_|1 ° G1)
I-|p[" P 1
The error probability is given by
(32)

where ¥, is the average SNR of user 1. In Fig. 14, we
plot the average error probability for the single user de-
tector as well as the decorrelator for p = 0.7 as a func-

T T T T T ]
- Decorrelator — 1
1071 [ Single user ------ E
102 [ .
10 | -
10 L -
E : | I ! L N

0 5 10 15 20 25 30 35 40

SNR1

Fig. 14 - Average error probability for two users in a Rayleigh fading
channel versus SNR1 for p=0.7.
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tion of user 1’s SNR. From the figure, it can be seen that
for the decorrelator, the error probability does decrease
with an increase in the SNR of user | and decreases with
the same slope as the single user detector; actually the
loss in SNR remains constant as was the case for
AWGN channels. In Fig. 15, we show a similar plot for
the SNR of user 1 set to 20 dB. It can be seen that the
loss in performance is not very significant for large p.

10-2 T T T T T

Decorrelator ~—
Single user ------

101 | 1 1 1 | i 1

Fig. 15 - Average error probability for two users in a Rayleigh fading
channel as a function of p for SNR = 20 dB.

4.2. Multiple sensors

In this section, we study the decorrelator detector for
the multiple sensor case. We first assume equal gain
combining. As we have done for the AWGN channels,
we combine the signals affer they are decorrelated at
each sensor. The decorrelator output x;(” (i) given in
(19), however, is not free of the random phase. Since
the phase information is very important to a phase mod-
ulation scheme like BPSK (which we have been consid-
ering throughout this paper), and as we assume perfect
estimates of the random phase are available, it would be
more advantageous to combine them after the random
phase has been removed. If it were not so, it would not
be possible to remove the random phase after combin-
ing the signals, since the random amplitudes are un-
known. Thus, we combine zi“ (i), given by (21), and
then the decision variable is

L
~o. . iy
b (i) =sgn {A, ()} =seni D" 4" ()
=1
(33)
L o .
D¢ Nl D) w,.
=seni Y[l ()] () + 22wl ()
I=1 lck (1)}
Ay, for a given set of { lc(k”| }, is a Gaussian random
variable with mean Z/L=1 |c;,” (i)l and variance Z,il
(Q");;. Hence the error probability for by (i) is

Py (error| y) = % erfc (\/?) (34)

where
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(35)

To obtain the average error probability we have to
average the right hand side of (35). The resulting inte-
gral can not be evaluated in closed form. However, ob-
serve (19); since c(k” (i) can be interpreted as a signal
and x(k” (i) as its observation variable, it is much easier
to estimate it. Once the estimates of cg(” (i) are available
we can combine x(,(’) (i) using the optimal combining ra-
tio. Then the decision variable would be

b (i) = sgn{Ay, (i)} =sgn {2 (i)« (i)}

=1
(36)

L

1) (s 2 . YRS ONE

=sgn {ZU cl(( ) (z)l b, (1) +cl(( ) (i) WI(< ) (i)
=1

Now, for a known { ||}, Ay, is a Gaussian vari-

able with mean Z,L:l’[c;(” (i) | 2 and variance

P | R0 |2 (Q),;. The error probability is then

P, (error) = j Py (error[ A= u) p; (u)du (37
0
where
L
Y[
A=lf— (38)
!
(Q( ))k’k

ps (+) is the probability density function of A. Now,
since | c(k“(i )‘ are Rayleigh, the characteristic function
of Ais ([17]),

L

1
@)= _— 39
v, (i) 1[:1[1_1.609[ (39)
where
o 0‘:((1)2
=T (40)

2("),,

=1
Under the assumption that the 6; are distinct, taking
the inverse transform we obtain the following density

function

- ~2
p(R) =) Bexp (—9—] @1)
I=1 1

Vol. 6, No.1 January -February 1995

where

L-1

6,
6, -6,

j+ljzl ol

B = (42)

Evaluating the integral in (37), we obtain,

L
6
P, ; (error) = ﬂ,\:l— ! } (43)
Z‘ 1+6

If the 6, are not distinct it can be shown [11] that

_u\ & (L-1+k !
(52 51052 o

I=1

where

__b
T 1+6,

This detector (shown in Fig. 16) is essentially a Rake
receiver where the multiple paths are obtained from dif-
ferent sensors - the error probability is of the same form
[11]. By duality, this also suggests the receiver for a
single-sensor in a frequency selective multi-path fading
channel. The received signal consisting of K signals can
be resolved into L paths, with each path containing K
components corresponding to each user. Each of these
paths can be decorrelated, combined optimally, and in-
put to a decision device.

(45)

u

Fig. 16 - Decorrelator for a fading channel: eq. (10).

To study the performance, consider a system with 2
users, each user having 2 resolvable paths (or a 2 sen-
sor, 2 user system) have identical average signal to
noise ratio SNR1. Then, assuming that the correlation
within two users, in both the paths, is given by the ma-
trix in (30), we plot the error probability of the single
user detector (which would be a Rake) as well as the de-
tector derived above. In Fig. 17, we plot the error prob-
abilities for user 1, for p = 0.7 versus SNR1. The figure
clearly shows that no saturation level exists and further
that the error probability of the decorrelator detector de-
creases at the same rate as that of the single user Rake
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Decorrelator =— 7
Single user

A T

5 10 15 20 25 30 35 40
SNR21

O g

Fig. 17 - Average error probability for two users in a 2-path Rayleigh
fading channel as a function of SNR1 for p = 0.7

receiver. In Fig. 18 we give a similar plot for SNR1 = 10
dB. Again, we see that the performance of the decorre-
lator is very good even for high values of p.

P, (User 1)
T T T T T T T
Decorrelator =—
10 L Single user ------ ]
107" e boooooeeoen fooooeeoe froamocoaoe fromeooooon Joormnee PR

Fig. 18 - Average error probability for two users in a 2-path Rayleigh
fading channel as a function of p for SNR = 10 dB.

5. CONCLUSIONS

In this paper, we have developed a decorrelating de-
tector for CDMA type networks using more than one
sensor. These detectors do not require the knowledge of
the energies of the users’ signals. We have studied this
detector in AWGN channels for both single-sensor and
multiple sensors. The performance of this detector does
not depend on the energies of the interfering users and is
not much worse in most situations when compared to the
MMSE detector. We also studied the performance of
this detector in fading channels. It has been found that
this detector does not exhibit the saturation phenomenon
which exists in the conventional detector. Further, we
have seen that the rate of decrease of the error probabil-
ities is identical to that of the single user detector in this
environment. We have also studied this detector in the
presence of multipath channels. When this decorrelator
is used, it is actually possible to estimate energies and
these energies can in turn be used to perform maximal
ratio combining. We have also seen that the decorrelator

40

coupled with maximal ratio combining has the structure
of the Rake receiver. Since the error probabilities for the
decorrelator depend purely on the noise colored by the
correlations with the other users’ noise and the decorre-
lator does perform well for significantly high correla-
tions, its performance gives an approximate idea of how
high the correlations can be, and such insight could be
useful in designing new code waveforms.

Manuscript received on December 19, 1994.
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Abstract. The probability of error is determined for an uncoded coherent direct-sequence spread-
spectrum system with rake reception operating in a specular multipath fading environment.
Bounds on the probability of error for a convolutionally-coded system are also calculated through
the use of the union bound. The model that is utilized contains a large number of paths divided
into groups across the signalling interval. The rake is assumed to be locked onto the direct path
and one strong path from each of a subset of the other groups. The probability of error is calculat-
ed using the characteristic function to determine the effect of various system parameters such as
the processing gain and the number of rake branches. Comparisons are made with results obtained
through the standard Gaussian assumption. Finally, further analytic results are presented for the

rake receiver in the low signal-to-noise ratio limit.

1. INTRODUCTION

Direct-sequence spread spectrum (DS/SS) systems
find wide application in mobile communication code-
division multiple-access (CDMA) systems. One of the
key characteristics of the mobile channel is the multi-
path fading that occurs due to the many objects existing
in the environment that reflect the signal to the receiver.
Because the distance the signal must travel as it reflects
off of distinct objects is different, a number of copies of
the signal arrive at the receiver shifted in time. These
delayed signal copies can add constructively or destruc-
tively, causing the signal to fade in and out, hence the
term “multipath fading”. Due to the presence of large
objects that create a number of signal paths closely
spaced in time, a reasonable model for the time distribu-
tion for the signal delays is as a set of paths divided into
groups spaced across the bit interval. In mobile commu-
nications, these groups often consist of a large number
of low amplitude paths with similar delays and one or
two large paths in the group [1].

In this work, the error probability of a rake receiver is
considered [2] in the aforementioned environment

(1) D. L. Goeckel is supported by a National Science Foundation
Graduate Fellowship.

(2) This work was supported in part by the National Science Founda-
tion under grant NCR-9115969.
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where each branch of the rake is able to “lock” onto the
strong signal path in one of the groups. The error prob-
ability is derived using the characteristic function meth-
od. By using such an approach to directly calculate the
error probability given the statistics of the multipath en-
vironment, not only are the error probabilities deter-
mined, but also under what conditions the Gaussian ap-
proximations for the interference that are used in most
standard calculations are valid. This work can be
viewed as a generalization of a portion of the work in
[3] as the standard correlation receiver can be obtained
by specializing the above calculation to a rake with one
branch matched to the direct path (delay 0).

2. SYSTEM AND CHANNEL MODELS
2.1. Transmitter

The transmitter is the standard direct-sequence spread
spectrum transmitter with phase-shift-keyed (PSK)
modulation. The user’s data bit stream (b;) is modelled
as a sequence of mutually independent random vari-
ables, each with equal probability of being + 1 or — 1.
The data signal b(¢) is then given by

()= b pr (1-17)

[=—oo

41



Dennis Goeckel, Wayne Stark

where

1 0<+t<T
pr<r>={

0 otherwise

The signal is then spread by the waveform x(r), given
by

x(t)= Z x pp (1-iT)

i=—co

where x; is the binary signature sequence assuming val-
ues + 1 and — 1, and

pr. (’)Z{

I 0<t<T,

0 otherwise

It is assumed that the signature sequence is identical
over each data bit and thus has period identical to the
ratio of bit duration to chip duration. This period, also
known as the processing gain, will be denoted N =
T/T,. Because path delays will be constrained to be less
than the duration of a data bit, it is not imperative that
spreading sequences with a period longer than N be
considered. If path delays were allowed to be longer, it
would be inadvisable to use the period equal to the
length of a data bit as large correlation would then exist
between future direct paths and delayed paths with de-
lay near an integer number of data bits.

Denoting the transmitter power P and the phase angle
of the PSK modulator 6, the created spread-spectrum
signal u(t) can be expressed as

u(t)=+2 P b(r) x (r) exp (j6)

where j=+/—1 . Thus, with carrier frequency f,, the
transmitted signal for a PSK DS/SS system is given by

s(t)=57f[14(t)exp(j27:7fC t)]
where 9 [x] denotes the real part of x.
2.2. Channel

In this section, the channel model that will be consid-
ered in succeeding sections will be introduced. The
channel is assumed to be composed of M groups of
paths consisting of L paths each with all paths in a given
group having the same distribution of delay. Besides its
obvious physical significance, a reason that a discrete
path model is used is that it allows us to approximate
many models that are used in the literature. For exam-
ple, the Gaussian Wide-Sense Stationary Uncorrelated
Scattering (GWSSUS) model, introduced by Bello [4],
can be obtained as the number of paths is allowed to go
to infinity [5]. The model also allows the fading ampli-
tude distribution to vary naturally as system parameters
change (e.g., an increase or decrease in the spreading
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factor) instead of being constrained to a given distribu-
tion such as Rayleigh or Rician where the only freedom
is to adjust the parameters. What is lost in simplicity of
calculation will be regained in the flexibility and the in-
tuition into the environment that the model allows.

The output of the channel is then given by

y (;):2 Z K {gm,l “(’—Tm,l)'

m=1 [=1

oy
exp (j 2rf, (t—‘t'm',))}

where the complex gain coefficients are given by

— J6,
Emi1 = am,l e

Here, «,,; and 0, , represent the attenuation and
phase shift incurred from the reflection of the /-th de-
layed path of the m-th group, respectively, 7,,; and /-th
is the m-th path delay of the group relative to the direct
path which has delay 0 (7, , = 0).

The variables {6, m=1,..,M,[=1, ..., L} will
be modelled as a set of mutually independent random
variables uniformly distributed between 0 and 2 7. The
elements of {7,,,m=1,..,M,1=1, ..., L} are mod-
elled as random variables that are mutually independent
of each other. The distribution of a given 7,,,; will be
taken as uniform between B,, and U,,, where B,, is the
lower bound on the delay for paths in the m-th group
and U, is the corresponding upper bound.

It is assumed that for the rake receiver there is one
strong path in each group and that this path has a deter-
ministic amplitude. This will be the path that the rake is
able to lock onto and will be indexed as the first path in
the group (i.e. for the j-th group, the strong path will
have amplitude o, delay 7;,, and phase 6, ;). The
weak paths, the remaining paths in each group, will also
be taken to have a deterministic amplitude with all of
the amplitudes of the weak paths in a given group being
equal. Note that it is also possible to allow the ampli-
tude of the paths to have a random distribution without
significantly raising the complexity of the calculation in
many cases (section 3.1).

2.3. Receiver and basic analysis

The following analysis aims to calculate the probabil-
ity of error for a single data bit b, which, without loss
of generality, can be assumed to be equal to 1. All ran-
dom path delays will be taken to be less than the length
of the signalling interval, thus causing the current bit to
interfere only with the succeeding bit on the channel.
Due to this intersymbol interference and the nature of
the rake, the probability of error calculation will depend
on both b_, and b,. For ease of notation during the fol-
lowing analysis, it will be assumed that b_, and b, are
given. When numerical results are evaluated, the aver-
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age over all four instantiations of these variables is
computed. This will change when soft decision decod-
ing is considered and will be explained in that section.

The output of the channel y (¢) is combined with addi-
tive white Gaussian noise n () with power spectral den-
sity N/ 2 to produce the received signal r(t). For decid-
ing by, the j-th branch of the rake receiver, j =1, ..., J,
locks onto the delay 7, to compute

T, +T

zZ; =\[% j‘] r(t)x(t—Tj‘l) .

Tj.l

(2
cos(27 f, (-750)+6,0)dr

where it has been tacitly assumed (without loss of
generality) that the rake locks onto a path in the first J
groups. In addition, the phase 6 of the transmitted
signal is set equal to 0. Substituting the appropriate
quantities into (2) and ignoring the double frequency
terms yields

: P
Zi=nj+ Y 0 @ c0s (¢, ~ ;1)
m=1

where

¢m,1 =2r fc Tm,[ —em,l
2 m<J

I, = .
1 otherwise

and n; is a zero mean Gaussian random variable with
variance N/ 2.

The elements of {¢,, m=1,..., M, I=1,.., L}
will be modelled as uniform random variables over 0 to
2 7, where all of the elements of a given set are inde-
pendent of each other and of elements in the other set.
Because f, is assumed to be large, these random vari-
ables are also assumed to be independent of the ele-
mentsin {T,,m=1,..., M, =1, ..., L}. Letting

T

|

= |x(t-7)x(r)dt 120
k(=] 7090

0 7<0
Vol.6, No. 1 January - February 1995

R (1)=R, (T-1)

and

v (1. 7,)=b_ R, (1, - 75) + by R, (|7 -1])+
b] Rx (12 - Tl)

the following expression is obtained:

J
P
Zj=”f+\/; by T+ D, O

m=l,m#j

ML
cos (¢m,l _¢j,l)v(rm.l’rj,l) T +2 z Cp1
m=1 I=1,

cos (¢m.l ‘¢j,l) v (Tm,l' Tj,l) T] =n; + \/Eb'
J oM .
o byt 2 G, +z 2 F,
m=1,m#j m=1 =1,

where

G}, =a,,, cos (¢m,1 "Pj,l)v(fm,x»fj.l)

Fr{r.l =0,y €OS (¢m1 - ¢j,l) V(Tm.l» Tj,l)

and Ej, = PT is the transmitted energy per data bit.

The combination of all of the rake branches forms the
decision variable Z, defined as

where B; is the combining factor of the j-th branch (sec-
tion 2.3). Substituting appropriate expressions for Z; ,
j=1, ..., J into the expression for Z results in

Z=n+A4by+1

where
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Interpretation of the symbols introduced above is then
straightforward: 7 is the total thermal noise in the deci-
sion variable Z; 4 is the amplitude of the desired signal
component; and B and R are the portions of the interfer-
ence I that account for the locked paths and the non-
locked paths, respectively.

3. AVERAGE PROBABILITY OF ERROR FOR
AN UNCODED SYSTEM

3.1. Calculations

Using the method in [3], the probability of error given
the data bits b, and b_, adjacent to b, can be written as

P, (b, b_1)=Q(§)+—71;! Asinc (Zu/m)-

(3
én(“) [1 -¢ (“)] du

where

Jexp —t /2 dr

r

o2 is the varlance of 17, and &, and &, are the respective
characteristic functions of 17 and 1. Assuming the noise
in the system is dominated by thermal noise in the re-
ceiver (and thus implying the independence of the 1 79
the variance of 1] is given by

J

0'2=z ﬁf%

j=1

Since 1 is a zero-mean Gaussian random variable, its
characteristic function is given by

£, ()= exp (—%uz 0'2)

Now the characteristic function of the interference /
must be determined. Letting E[] denote the expectation
operator, &;(u) = E [exp (jul)] where the expectation is
over the phases {0y m=1,...,M,1=1, ..., L} and the
path delays {7, ,m=1,..,M,[=1, ..., L} as defined
above. The operation would be greatly simplified if B
and R as defined above are independent, but they both
depend on the variables in the set {¢,,,, m=1, ..., J}
and {7, ,,m=1,...,J}. The first step taken to alleviate
this problem is to fix the path delay 7 ;.1 of the locked
path in the j-th group to the expected value of the delay
of that group (i.e. (B; + U;)/2). This will not affect the
probability of error calculation to a great extent if it is
assumed that the groups of paths have a separation of at
least T, between them which is usually the case.

The calculation of the characteristic functions is then
straightforward although somewhat tedious and there-
fore is relegated to Appendix A. There the requirement
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that ¢, =0,j=1, ..., J, is added. However, this does
not greatly affect the result as discussed in Appendix A.
Given these assumptions, ((18) and (19) of Appendix A)

5B<u>=exp[u2 Z
T oty

Uy J
J‘Jo[“ Ebam.lz:ij(ml’ ,I)de
B,, J=1

E, a,, v (Tm T )] “)

m#j

®)

where J is the Bessel function of order 0, & g(u) is the
characteristic function of B, and & x(u) is the character-
istic function of R. Recognizing the independence of B
and R given the above assumptions, (3) with & ,(u) =
& p(u) & g(u) yields the final result which is used to gen-
erate the probability of error data in the next section.
The above result can be easily modified to include cases
where the amplitudes are random with a given density
function instead of deterministic as above. Both the Ri-
cian and Nakagami-m densities, important models for
the mobile cellular environment [6, 7], are capable of
being integrated analytically in such a manner [8].

For comparison purposes, the probability of error uti-
lizing the standard Gaussian assumption for the distri-
bution of the interference is calculated in the results sec-
tion for a number of cases. The following equations
were used to generate the results for the Gaussian case:

- i

£, (bllb-l)zQ(/z: ) (6)
G

where

J J
f=z Z .ﬁj JE, a,,, v(rm,l’fj,l) (7

B m m (8)

3.2. Combining factors

One of the design specifications that is considered is
the set of combining factors {8 »J=1,...,J} used on the
branches of the rake. The simplest case, termed “equal
weight combining”, is simply to weight each rake branch
the same (i.e. B = 1, V)). Given Gaussian statistics and
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that the signal has a much larger bandwidth than the co-
herence bandwidth of the channel, the optimal form of
weighting for the diversity receiver when there is a rake
branch locked onto each effective multipath is to weight
each branch by the amplitude of the signal coming in at
that path [9]. The major problem with this approach for
the system described in this work is that not all paths are
locked onto, only a small subset of them. Thus, combin-
ing factors are derived below that are matched to the
system and environment described in this work.

To derive these combining factors, the inputs to each
branch of the rake are modelled as independent with
Gaussian interference (the sum of Gaussian noise and
interference has a Gaussian distribution) that is due only
to the background noise and the interfering paths in the
locked path’s group. Note that the Gaussian assumption
is not being used for analysis - it is simply being used to
specify the combining factors.

Given the above assumptions, it is straightforward to
see that the optimal factors are given by

B; = Ebaj,l/ajz' 9

where O'f is the variance of the Gaussian-distributed
interference in the j-th branch.

What remains to be calculated is O'f. It is easy to
show that this can be expressed as

U,
J J Bj
(i+1)T,
No ., 2 (L) < [V (e-r,

where Iy = (B; - 7))/ T, Iy = (7, - Up/T) - 1, &
equals the common amplitude of the weak paths in the
j-th group, and V(¢) = v (¢, 0). Note that it has been tac-
itly assumed to save some bookkeeping that 7;;, B; and
U; all fall on integer multiples of T, and that
[t -T.1,,+T.1c [U;, B;]. The key now is to real-
ize that V is piecewise linear, being linear between i T,
and (i + 1) T, Vi Lettinga,;=V(iT,),

X (ai+1 “ai)
T

c

V(x)=a (1+i)—iay,+
iT.<x<(i+1)T,

which implies, after a bit of algebra,

N, L-1)T
0} =—2+E, a (L-DT.
2 6(U;-B;)
iT P
IU
2 2
2 (am +ta; gy ta; )
i=l,
Vol. 6, No. 1 January - February 1995

Assuming random spreading sequences, taking the
expectation of the above over a;, i = 1Ip, ..., Iy + 1, and
noting

) 1 i=0
E (a,- )= .
1/N otherwise
the final result is obtained as

al (L_l)Tc) (l_l_(IU}:,IB)] (10)

’3(U,-Bj

2_No
o;=—+E,

The above is used in conjunction with (9) in the re-
sults section to determine the combining factors for
what will be denoted “maximum ratio combining”. It
will also be shown how this compares with the other
types of combining discussed above for a given fading
environment.

3.3. Results

In this section results are presented for uncoded
systems using the equations presented in the previous
sections. Key tradeoffs are investigated for systems op-
erating over the channel such as the effect of the spread-
ing factor, the number of rake branches, and the type of
combining used for the rake branch outputs. As men-
tioned earlier, the results of this paper are also com-
pared to those made using the Gaussian interference as-
sumption. Due to the nature of the application (mobile
cellular), the main concern is performance at fairly low
signal-to-noise ratios (SNR), and the results will reflect
this concentration.

The fading channel model that will be considered for
much of this section consists of the following:

Lpaths: 7, ~U[0,0.0314 T} o, =10
Lpaths: T, ~U[0.0785T,0.1098 T} o, =0.5
Lpaths: Ty ~U[0.1569T,0.1882 T}, o5, =0.5

Lpaths: 74 ~U[0.23537,0.2667T] o, =0.25

The spreading factor N, number of locked rake
branches J, and the power ratioy,, defined to be the ra-
tio of the power in the locked path to the total power of
the random paths in the /-th group, complete the specifi-
cation of the channel and system. The generators for the
various spreading sequences that were used in this sec-
tion were obtained from [10] and [11] and are of the au-
to-optimal least-sidelobe-energy (AO/LSE) variety. The
sequences of length N = 127 were generated by shift
register polynomial H = 301 and initial register state
0010010. The sequences of length N = 1023 were gen-
erated by shift register polynomial H = 2201 and initial
register state 0111011010.
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Fig. 1 - Probability of Error as a Function of the Number of Branches
and the Processing Gain, y= 6 dB, L = 10 and Maximum Ratio Com-
bining.

Next the performance of the correlation and rake re-
ceivers as a function of bandwidth is compared. This
yields Figs. 1 and 2 which show the effect of both the
number of rake branches and the bandwidth on the
probability of error (note that when simply y is specified
that this implies that all groups have the same “locked-
to-random” power ratio). Complexity and performance
obviously increase as a function of processing gain and
the number of branches, so it is interesting to compare
the tradeoff between the two as a function of v. The en-
vironment of 1 is termed “weakly fading” due to the
fact that for J/ = 1 and N = 127, it requires only E, /N, =
10.5 dB, only approximately 1 dB more than the
AWGN case, to obtain _P—e = 10-5, while the environ-
ment of 2 is referred to as “strongly fading”. For weakly
fading environments, the addition of rake branches (the
capture of more coherent energy) is more important
than an increase in spreading gain (better multipath re-
jection). For more strongly fading environments, how-
ever, Fig. 2 shows that the increase in spreading gain
can start to become more useful, especially at the higher
signal-to-noise ratios shown. Finally, note that the rake
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Fig. 2 - Probability of Error as a Function of the Number of Branches
and the Processing Gain, y= -6 dB, L = 10 and Maximum Ratio
Combining.

46

provides greatly increased performance over the corre-
lation receiver in most cases.

The accuracy of the Gaussian approximation is next
examined for some of the fading environments dis-
cussed above. In advance, one would expect that as the
number of paths L goes to infinity that the Gaussian ap-
proximation would become tight. What is of interest is
to find how close it is when L is fairly small. Figs. 3 and
4 display the applicable curves for this work. Note that
at fairly low signal-to-noise ratios that the noise domi-
nates the interference and thus both the Gaussian analy-
sis and the results of this work are very similar, but as
higher signal-to-noise ratios are considered, where the
interference becomes the predominant factor, the analy-
ses show a great deal of difference. This leads to the
conclusion that for work in systems dominated by noise,
particularly coded systems where the channel signal-to-
noise ratio will be fairly small, the Gaussian approxima-
tion is indeed accurate enough. However, for higher sig-
nal-to-noise ratios or systems dominated by interfer-
ence, the Gaussian assumptions may not be accurate.

Finally, “maximum ratio combining” is compared to
other types of combining. For the maximum ratio com-
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10.10 11 1 L1 11 l 1 1 11 1.1 11 11 1 1
-10 5 0 5 10 15
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Fig. 3 - Probability of Error as a Function of the Number of Paths,
N =1023,J =4, y=0dB and Equal Weight Combining.
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Fig. 4 - Probability of Error as a Function of the Number of Paths,
N=1023, J =4, y=-6 dB and Equal Weight Combining.
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bining, (9) and (10) as derived in section 3.2 are used.
Fig. 5 shows the desired probability of error curves for a
typical fading environment where ¥, is different for var-
ious groups. In this case,y, = y3=-6dB, y2=y4 =
0 dB for the comparison. Note that the “maximum
ratio” combining derived in the previous section is
superior to equal weight combining where f; = 1,V,
and “locked” combining where the combination is done
with the amplitude of the locked path. For low signal-
to-noise ratios, the interfering paths are negligible com-
pared to the noise and thus “locked” combining ap-
proaches optimal combining [9]. As the signal-to-noise
ratio increases, the interference starts to become the pre-
dominant factor, and “locked” combining loses out to
the other two types of combining. The near-optimality
of the equal weight combining at high signal-to-noise
ratios is a function of the fading environment and will
not be true in general. Also note that these results are
for the real system with AO/LSE sequences and inter-
ference between groups. Thus, the assumptions of sec-
tion 3.2 are violated and the optimality of “maximum
ratio” combining is no longer guaranteed.

1 III||IIITI|II||IIIII|I
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S 0.0t
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5 0.001 —
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10'7|1|1||1|: lllllllll [ I
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Fig. 5 - Comparison of Various Types of Combining, N = 1023, J =

4, L =10, y Varying.

4. BOUNDS ON THE ERROR PROBABILITY
FOR CODED SYSTEMS

4.1. Union-Bhattacharyya bound

The probability of error using convolutional codes
can be bounded by evaluating the appropriate weight
enumerator polynomial at the D parameter of the
system [12, p. 218] [13, p. 63]. Thus, the need to calcu-
late the D parameter for this fading environment arises.
Note that perfect interleaving is assumed so that code
symbols are independent. The D parameter for hard de-
cisions is given by

D, =+4p(1-p) (11)

where p is the probability of error calculated in the pre-
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vious section. For soft decisions, D is approximated by
quantizing the decision variable Z into K levels by de-
fining the function W as

W=w, for a,<Z<a,, k=12..K
where a, is the lower boundary for quantization level k.
Given the above quantization scheme, the D parameter

for soft decisions can be approximated by

K
D, 22 \[I’(Wk | by =+1)P(Wk ‘ by =‘1)
k=1

(12)

In an analogous way to the derivation in the previous
section of the probability of error for the uncoded
system, it is straightforward to show in a manner similar
to the derivation of 3 that

P(a, < Z<ap, | by =+1)=<D{a"“

_ra) 1%
¢[——”]-%£ 5 ) (1, (u))g () d

(ﬂ)

o
where

g () =sin (. —74) u)-sin ((a, ~r4) u)
@ (1)=10(1)

and r is the rate of the code. By symmetry,
p(wk |b0 =—1)=p(—a,¢rl <z<-a |b0 =+1)
4.2. Union bound

The Union-Bhattacharyya bounds derived in the pre-
vious section are accurate at high signal-to-noise ratios
but become quite loose at low signal-to-noise ratios.
The bounds can be tightened for both hard and soft de-
cisions by replacing the Union-Bhattacharyya bound
with simply the Union Bound, the difference being that
the Union-Bhattacharyya Bound upper bounds the pair-
wise error probability between two codewords that dif-
fer in C places, denoted by P,,c, by D¢, whereas the
Union Bound utilizes the exact pairwise probability of
error. Thus, P, and P, ¢, the pairwise error probabil-
ities between two codewords differing in C places for
hard and soft decisions, respectively, are required.
Once again, note that perfect interleaving is assumed so
that code symbols are independent.

For hard decisions, the result is trivial and can be
written for C odd as [9, p. 464]

z; (i) p*(1-p)*

ho_
Fc=

2

47



Dennis Goeckel, Wayne Stark

and for C even as

where p is simply the probability of error for a single bit
transmitted across the channel.

For soft decisions, the result is not nearly so obvious
but can be obtained using the characteristic function in a
straightforward manner. Assuming the all-zero code-
word is sent,

C
PefC=Pr(2 Z“so|b(,=+1]

c=1

where Z¢ is the decision variable for the c-th non-zero
bit in the non-zero codeword. The difficulty is that the
characteristic function of the interference in the variable
Z¢, denoted ij(u), is required. Despite the indepen-
dence of the code symbols, it is incorrect to claim that
this is & ,(u) derived previously raised to the C-th pow-
er. The previously derived &,(u) depended on b_; and
b . Raising this to the C-th power and then averaging
the probability of error over b, and b_, would be tacitly
implying that the bits occurring around every codesym-
bol in the codeword are the same which is not what is
desired. The solution is to average & ,(u) over b_; and
b to obtain what is denoted &, (u). Ralsmg this quantity
to the C-th power will then yield & C(u) Given this, the
desired error probability is easily obtamed as

Cr/'lj J.C«fﬂsmc C«/U%u/it)

PefC =Q(
(13)

& W [1-& )] du

where
6,70 (u) =exp (—% Co’ uz)

In the next section, numerical results are given for the
Union-Bhattacharyya Bound for soft decisions and the
Union Bound for hard decisions for a (2, 1) convolu-
tional code and a (3, 1) convolutional code, each with
contraint length 7. The weight enumerators used for
these calculations were taken from [14].

4.3. Results
In this section results for various coded systems
are compared to determine what system parameters

have the greatest effect on performance. Note that the
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coded systems have their spreading factors reduced
so as to have the same bandwidth as the uncoded
systems (i.e. for the rate 1/2 code with the N = 1023
system, the coded system would only have N = 511).
All rake receivers in this section use equal weight
combining.

The results for coded sytems where hard decisions
are made on each codeword symbol are shown in Fig. 6.
The Union Bound, the tighter of the two bounds dis-
cussed in the previous section, is shown; it was found
that this bound was a factor of five to ten tighter than
the Union-Bhattacharyya Bound across the displayed
ranges. The upper bound is approximate based on all of
the terms in the weight enumerator up through approxi-
mately weight 30. The bounds on the coded systems are
shown only where the series were converging quickly,
leading to the result that the coded system peformance
can only be bounded at fairly high signal-to-noise. Al-
though the main interest is in fairly low SNR results for
the mobile cellular environment, this is not entirely dis-
appointing as for the higher error rates at low SNR it is
practical to obtain results by simulation. The dotted
lines in Fig. 6 display the results of such a simulation
for the correlator receiver cases. Analogous results to

1 T T T[T T T LT T 1T TT T TTT TT T rTTTTT
0.01 ‘ ‘Fg\”'*" - 7]
= _L{‘ \.\\'
S o P W
w B B A =
S . —e— J=1, Uncoded hi
2> 10° H —& -J=4, Uncoded S}
% L — A -J=1,r=1/2 x XN
8 | | --X--J=1,r=1/3 . AN I
& 10 C e - J=d)r=1/2 \’--y&
o . | —A- -J=4,r=1/3 A
Q10" [ --w--J=1, r=1/2 (sim) —
|| —-- J=4, r=1/2 (sim) +X
10“12 1 S N D (SO T N O N O O D O A | L1 Alllll
-4 -2 0 2 4 6 8 10 12
SNR (in dB)

Fig. 6 - Union Bound for Convolutionally-Coded Systems, Hard De-

cisions, N = 1023, y=-6 dB, L = 10.
1 LB LI L L LI IIIII||
0.01 N
S :
= 10t N ~np o
S | —@—J=1, Uncoded W X
> 10® | —8 -J=4, Uncoded - )A
£ | — & -J=1.r=1/2 \v\‘
o [ --x--d=1r=1/3 TN
S 107 f. s y=ar=1/2 VRN
[<} H —A- -J=1, r=1/2 (sim) ——
@ 191 || --®--J=4 r=1/3 s A
| —&--J=1, r=1/3 (sim) N, X
10'12III]lIIIIIIIIIIllllllllll
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Fig. 7 - Union-Bhattacharyya Bound for Convolutionally-Coded Sy-
stems, Soft Decisions, N = 1023, y= -6 dB, L = 10.
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those for the hard decisions are shown for soft decisions
in Fig. 7. In this case, the looser of the two bounds, the
Union-Bhattacharryya Bound, is displayed.

The most notable observation to be made from these
curves is that in general the lower rate codes show bet-
ter performance, leading to the proposition that perhaps
coding is better than spreading given a fixed amount of
bandwidth. For this reason, a future research goal is to
reduce the spreading rate even further while decreasing
the rate of the code (thus keeping the bandwidth con-
stant) and seeing if this pattern continues. Note once
again that these are only error bounds and that there is
no guarantee that different curves have the same degree
of tightness.

5. LOW SNR APPROXIMATIONS

The results thus far have shown that a wideband (N =
1023) system is uniformly better than a narrowband
(N = 127) system at moderate to high SNRs but that the
gap lessens at lower signal-to-noise ratios. This, cou-
pled with the fact that for noncoherent systems the nar-
rowband is better at low SNR in certain cases, leads to
the question: Which system is better for very low SNR
for the coherent system? By the convexity of the Q
function, the symmetric distribution of the interference,
and the fact that the narrowband system on average
gives more interference than the wideband system, one
would predict that the wideband system will be uni-
formly superior to the narrowband system. In this sec-
tion that fact is confirmed, first with the Gaussian ap-
proximation and then with an asymptotic low SNR cal-
culation using characteristic functions.

The Gaussian approximation is derived by assuming
the interference is Gaussian distributed and thus re-
quires only the mean and variance for complete charac-
terization. Given the environment considered in earlier
sections with the additional assumptions that random
and mutually independent spreading sequences are be-
ing used with equal weight combining, the mean of the
interference is zero and the variance of the interference
is given by

(14)

20(Un-B,) . 2] ] & 2
T T TP P I

c m=J+1 I=l,,

where the same method as in section 3.2 has been
used to obtain the variance expression. To save book-
keeping, it has been assumed that 7, |, B,,, and U, all
fall on integer multiples of T, Vm, Vj, and that
lt,,-T. 7, +T.1c[B;,U;] V).

The probability of error under the Gaussian assump-
tion is then given by
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A

S
o’ +o?

Noting that 0',2 is strictly decreasing with increasing
N, we conclude that the wideband system is superior to
the narrowband system across all signal-to-noise ratios.

Next, a similar analysis using the characteristic func-
tion method is conducted. From the previous work in
this paper, the error curves approach each other only at
low SNR, so an attempt is made to determine an approx-
imation for the error probability in this region. This will
probably be the only region where the narrowband
system has a chance of showing better performance.

To perform the calculation using the characteristic
function, the single key step is to write & ;(u) in terms of
its moments as [15]

where 1l 5, is the 2[-th central moment of the interfer-
ence. Note that the odd moments are not present be-
cause they will be zero by the symmetry of the interfer-
ence distribution. Substituting this into (3), interchang-
ing the summation and the integral, and recognizing
Ur=0 fas given in (14), as 0 — oo [8], yields

Ko? ( -7 \
P =0(a/0)+— exp L—TJ
o 20

where K is a constant that does not depend on the
spreading factor or the noise variance. Thus, in the limit
of low SNR, the wideband system is still superior to the
narrowband system, which leads to the conjecture that
this is true for all signal-to-noise ratios.

6. CONCLUSIONS

In this paper, the effect of various system parameters
on the probability of error of a direct-sequence spread-
spectrum communication system was examined. The re-
sults obtained point to the conclusion that for coherent
reception the superior multipath rejection capabilities of
the wideband system make it uniformly better than the
narrowband system, moreso in environments where the
interference is high. The performance of a rake receiver
in a specific fading environment has also been investi-
gated, and it has been found that for the uncoded system
it may be able to gain back the loss in multipath rejec-
tion capabilities in comparison to the wideband system
without a rake. Finally, a method of rake branch com-
bining has been introduced that is applicable to this type
of fading environment, and it has been shown how it
compares to other common combining types.
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In addition, the error incurred by making a Gaussian
assumption when calculating the probability of error
versus the actual calculations that are made in this work
was investigated. The Gaussian assumption appears to
be very good as long two conditions are satisfied: 1)
there are a large number of paths in a given time region
and 2) the system does not have a large amount of inter-
ference. In a system that is interference limited, it ap-
pears that the work in this paper would be much more
applicable than Gaussian assumptions, even under the
assumption of a fairly large number of paths.

APPENDIX A
Characteristic Function of the Interference

In this section, the characteristic function of the inter-
ference is derived. It would be expedient to claim that B
and R as defined in the text are independent, but both de-
pend on the variables in the set {¢;,j=1, ..., J}. Taking
the expectation with respect to the variables in {¢,,,,

=1,..MIl=1l, .. ,LYand {7,,,m=1,..,M,I=
by, ..., L} first, the quantity which depends on B (denoted
& z(w)) is independent of these variables and thus comes
out of the expectation. What remains is E [exp(juR)] whi-
ch will be denoted & R The expectations now stand as:

& ( —expmz 2 B VE, 0,

1=l,m#j
(15)
cos (¢m,1 _¢j,1) v (Tm,l’ Tj,]))
J M L
Ee(W)=E|exp|juy > N JE BE, || (16)

j=1 m=11=l,

Moving the sum over j in the latter to the inside and
making use of the fact that the elements of {7, m=1, ...,
M,l=1,, .. Lyand {,, m=1,..,MI=1, ... L} are
independent along with realizing that the elements of {7,
[=1,, ..., L} are identically distributed between B,, and U,,,,

§R(u)=l_MI lﬁ[{n’ U, B,) j ]Ecos(u E,a,, -

B

m

J
z 'B.f cos (‘pm,l _¢j,1) v (Tm,[’ Tj,l) d (pm,l d Tm,l

J=1

Expanding the inner cosine and doing the integration
with respect to ¢, yields [8]

UIH
HH{ _B)IIO(j“ Epns-

m=1 I=] B
(17)

2,2
Na*+b )drmv,}

50

where, [, is modified Bessel function of order 0 and

J
a= 2 B; cos (¢j,1) v (Tm,[' Tj,l)
j=1

J
b= z B; sin (d)j,,) v (Tm,/’ Tj.l)
j=1

Now the expectation over the elements of the set
{¢;,.j=1, ..., J} must be taken, which at this point ap-
pears to be intractable. The root of this problem is the
term )“{n,/ = ¢,y — ¢, that appears inside the triple
summation in R. The calculation would be greatly sim-
plified (proceeding along the same lines as above) if the
assumption were made that {1/ rem=1, L M =
by o.s Lyj=1,...,J}isa mutually mdependent set, but
this does not seem to be a valid assumption. Wherea%
the set is certainly independent in m and /, once /ll
known for a given m and /, the remaining varlables
{/lm,, J =2, .., J} are uniquely determined given
{0;1,7=1, .., J}which is constant over m and [ (i.e.
the phase of each locked path is set). This option was
discarded and the following simplification made in-
stead: ¢;; =0, j =1, ..., J. The translation of this as-
sumption is that the phases of the locked paths relative
to each other is exactly 0. As more paths enter into the
environment, this assumption should have less of an im-
pact on the overall probability of error as the fixed paths
will cause a smaller percentage of the total interference.
Sample cases run have shown that this error runs less
than two percent of the probability of error for the cases
examined, with two percent being the maximum differ-
ence as the rake branch angles are varied through all
ranges.

The expectation with respect to the elements of {¢ i

Jj=1,...,J} now goes away and the characteristic func-
tions become
J J
é —exp juz z ﬁj Eb am,lv<Tml’ jl) (18)
Jj=l m=Lm#j

m=1 1, =1 "/ B,
19)
J
2 ﬂj v (Tm,l' Tj.l)) d Tm,l
j=!
where Jj is the Bessel function of order 0.
Manuscript received on May 15, 1994.
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Abstract. Frequency hopping (FH) spread spectrum is a well known technique used in commu-
nications systems to provide protection against interference such as jamming. With fast FH
(FFH) (one or more hops per transmitted data symbol), powerful and robust methods for diver-
sity combining have been developed as an additional jamming countermeasure. These same tech-
niques can be applied to reduce the effects of multiple access interference, and so can be consid-
ered for civilian CDMA applications. Although the performance of a FFH communications
system can be degraded considerably by fading, few results exist which show the effects of fad-
ing on the diversity combining process. In this paper, both analytic and simulation results are
presented for several diversity combining methods in a Rayleigh fading channel, which is often
considered to be the worst case. The performance of these combining methods in fading is com-
pared with that in AWGN and multitone interference to determine which methods are effective

against these degradations.

1. INTRODUCTION

Frequency hopping (FH) spread spectrum modulation
is a powerful technique which can be used in communi-
cations systems to provide protection against jamming
and multiple-access interference, and fading. Increased
protection against interference and fading can be ob-
tained through the inherent time and frequency diversity
of fast frequency hopping (FFH). The enhancement in
performance depends heavily upon the form of diversity
combining used at the receiver. To date, such combin-

(1) This work was supported in part by the Natural Sciences and Engi-
neering Research Council of Canada.
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ing methods have been designed to combat intentional
jamming. However, the interference created by multi-
ple-access users can also be considered as jamming;
therefore the same diversity combining techniques can
also be used to improve the performance. The differenc-
es are in the assumptions made concerning the signal to
interference ratio (SIR), the interferer’s purpose and in-
telligence, and the statistics of the interference signals.
In this paper, we do not explicitly state specific assump-
tions for a CDMA environment, but rather use a nomi-
nal set of characteristics to predict the FH system per-
formance. These results allow us to make recommenda-
tions concerning the use of diversity combining in a FH
CDMA system.

Fading is of great concern in mobile and indoor com-
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munications systems. In a FH CDMA system with a
large hopping bandwidth, there can be significant varia-
tions in the received signal levels. Certain jamming
strategies result in the jamming power varying hop to
hop. Conversely, fading is manifested as the signal
power level varying from hop to hop. Therefore it is not
surprising that diversity is able to combat jamming and
fading [1, p. 202]. Although the jamming and fading ap-
pear to have the same effect, that of a varying SIR, the
best combining techniques may not be the same for both
jamming and fading. To determine the best overall com-
bining methods, their performance in Rayleigh fading
will be compared with that in AWGN and multitone
interference.

In this paper, the transmitted signals are noncoherent
M-ary frequency shift keyed (M FSK) orthogonal sig-
nals which hop over a total spread spectrum bandwidth
W,,. The M-ary symbol rate, Ry, is related to the bit rate,
Ry, by R, = R,/log, M. The hop rate is R, so that the di-
versity level is

L=R,/R, (1)

With fast frequency hopping (FFH), one M-ary sym-
bol is transmitted on L = 1 hops. In most practical
systems, the hop rate, R;, is fixed while the symbol rate,
R;, can vary [2, 3], and so a fixed hop rate is considered
here. The system model is shown in Fig. 1. A Fourier
transform device plus an envelope detector is typically
used as the matched filter demodulator. Orthogonal sig-
nalling is assumed with the M FSK tone spacing equal

signal tone, plus one or more interfering tones and/or
white Gaussian noise. Let z,,; be the envelope detector
output for the m-th, m = 1, 2, ..., M, frequency bin dur-
ing the i-th, i = 1, 2, ..., L, hop interval. The signal tone
is given by

N2 5y oS (27 f 1+ 9,) (2)

where s,,; is the rms amplitude,

{JEh /T, =~/P inthesignal bin; 3)
K—

" 0 in the other M —1 bins,

Jfm is the frequency, and ¢, is a random phase angle uni-
formly distributed between 0 and 27. E;, is the hop sym-
bol energy. The interference tone is given by

N2 a,;cos (27 f, 1+8,,) (4)

where a,,; is the rms amplitude, f;, is the frequency, and
0, is a random phase angle uniformly distributed
between 0 and 27. ¢,; and 6, are statistically indepen-
dent. The total average jamming power is assumed to be
limited to some value J,. The noise is a white Gaussian
random process with zero mean and single-sided noise
power spectral density Ny. The sum of these three signals
passes through a matched filter and envelope detector.

The envelope detector output, z,,,;, is the magnitude of
a two-dimensional vector, and can be written as a com-
plex number, y,,;,

to Ry, so that an M-ary channel has a bandwidth equal t0  Yumi = Yimic +J Yimis = Soni + Gpi + Ay 5)
MR,,. The symbol duration is 7, = 1/R,,.
For L hops, there are LM envelope values per trans-  where
mitted symbol. The problem is to process these values,
which may be impaired by noise, tone interference and  §,,; = s,,; COS ((Dm,-) +J s, sin (¢m,~) (6)
fading, to achieve a low bit-error rate (BER).
Ay = Ay €OS (6,1) +J @y Sin (Omi) (7
L.1. Signal and interference description without fading and
The dehopped receiver input in Fig. 1 can consistof a 7, = 1. + j (8)
Binary Data
Sink
Ry T Ry
Binary Data Interferer M-ary to l?inary t«—  Diversity Combiner
Conversion
Source w
Ry | R Ry \/\\ Ry, Zmi 123" M
Binary to M-ary MFSK Fourier Transform
Conversion Modulator Ttz and Envelope Detection
PN Sequence Frequency Frequency PN Sequence
Generator Synthesizer Synthesizer Generator

Fig. 1 - Block diagram of a FH/M FSK communication system.
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The symbol “ ~ ” denotes a complex number. With
no Gaussian noise jamming present, the noise compo-
nents, #1,,; and n,,;,, are Gaussian random variables with
zero mean and variance

02 =N, /2T, )

When noise jamming is present, the variance be-
comes 02 = (Ny + Jo) /2Ty, where Jy is the noise jam-
ming power spectral density defined as J, = J,/ W,,. The
effective signal to jammer ratio is then
SIR=E,/J, (10)

For partial band noise jamming where a fraction, 0 <
p <1, of W, is jammed at a density of J,/ p, the perfor-
mance with no diversity (L = 1) can be approximated by

M .
P=L2Y (1Y (M] exp —(".1) Bl
M= J J ) No+Jo/p

This equation can be optimised [4, p. 576] to find the
worst case fraction, p,,..

For multitone interference, let P; be the power in a
single interference tone if one tone were placed in all
N = W,/R, bins. Thus, P; = J,/N and the SJR can be
defined as

P _PL W,
‘]I

SIR = (12)

J

For partial band MT jamming, the jammer can cover
a fraction, p, of W, with tones of power
P;/p=J,/Np (13)
If a single jamming tone is located randomly in only
one of the M bins of each hop, p = 1/M (worst case in

Houston’s sense [5]), the jamming tone power level is
M P; so that the rms amplitude of this tone is

Ami = {\/M—Pj

0 in the other M —1 bins,

in the jammed bin; (14)

The performance of M FSK in worst case partial-band
Houston multitone jamming without system noise can
be found in (4, p. 598].

For illustration purposes, results are given in this
paper for interference spread uniformly across the hop-
ping bandwidth. This is of interest because in a multiple
access environment, it can be considered similar to a
worst case distribution of multi-user tones.

2. SIGNAL AND INTERFERENCE DESCRIPTION
WITH FADING
In Rayleigh fading, the signal amplitude, s,,,;, is a ran-
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dom variable with pdf,

(15)

2
S i S i
fcm, (Smi) = :2" exp [— 2”“2 ] Smi 20

S0 S0

For s,,; <0, f; (5,,) = 0. The mean power of the sig-
nal is 2sf). The two-dimensional characteristic function
of the matched filter output sample is

2 2 2
p (o-n + SO)

16
5 (16)

oy (p)=exp| -

y
Ymi

The pdf of the output sample with signal and noise
present is

2

7. -7
2m1 > exp mi
o, t5,

fm (Zmi) = 2)] Lmi 20 (17)

2 (0'3 + 50

For Zmi < O’fm (Zmi) =0.

The probability of symbol error with no diversity
(L = 1), and with combined partial band noise jamming
and Rayleigh fading can be approximated by [1, p. 212]

S () 1+[f—1]1 _

J JNo+Jo/p

P = (18)

N

where Ej, = 2 T), s%) is the average received signal energy.
For most values of Ej,/J, and M, it can be shown that
broadband jamming, p = 1, is the worst case noise jam-
ming in Rayleigh fading [1, p. 212]. This indicates that
fading has a significant impact on performance and so
will also affect the choice of a suitable diversity com-
bining method for FFH.

3. DIVERSITY COMBINING METHODS

The algorithms for diversity combining can be classi-
fied according to the processing required of the LM val-
ues, z,,,t0 produce a decision on the received symbol.
This decision is ultimately based on a set of bin metric
values, g,,, which are a function of the z,,
m=12,..

M

dm = f (2mi) (19)

f() is usually a nonlinear process, and for most methods
g,, has the form

L

z f (Zmi)

i=1

qmz m=l,2,...,M (20)

The largest g,, is chosen as the transmitted symbol for
the methods considered here. In some cases, f(z,,;) pro-
cesses the values on a hop basis, after which the metric
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(20) is evaluated. This is termed hop-processing diver-
sity combining. In other cases they are processed on a
bin basis, with either the metric g,, computed directly,
or via (20). This is termed bin-processing diversity
combining. A survey of combining techniques is given
in [6]. The metrics for the combining techniques consid-
ered in this paper are presented below.

3.1. Linear and square-law combining

These methods require only a sum of the values in
each bin

L
_ o
qm = z i
i=1

and so is the simplest of all combining methods. When
o =1, f(z,;) in (20) is just z,,; and this is termed linear
envelope combining. When o = 2, (21) is termed
square-law or square-law linear combining. This is the
optimum combining method in Rayleigh fading and
AWGN [7].

As an example of how the performance of such diver-
sity combining can be analysed, consider ot = 1, L =
M = 2 and Rayleigh fading. The cdf of g,, can be com-
puted as

(2D

m 4m —<m
Z 2
Fq,,, (qm)= 10-4m2 ’
0 0 (22)
22
exp | —zl_<m2 |4, dz,
p [ 20_2 ) ml 12
Simplifying,
m ﬁ
F (qm)—l exp[ i])_ J —q’;—o_
(23)
2
—4m dm
ex erf | =2 >0
p[4on (20) m
where
erf(z)=ij' exp(-1*)dr, g, >0 (24)
\/; 0

The pdf of g,, can be found by differentiating (23).
Thus,

fa. (40) = 3% ex p[ ¥ j— 1 (42 +20%).

20 207 40

qm qlll
ex erf >0
p(4o“] (20) D

The probability of bit error for binary NCFSK must
be found numerically by integrating

(25)
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. (v)dv (26)

O'—.X

For square-law diversity combining in Rayleigh fad-
ing, the probability of symbol error for M-ary NCFSK
with diversity L, is given by [8]

~ (M—l)! M1 (_l)r—l
()" (-1 2

(M=r—1)'(r)!
27)
& (Lj-)
Y G
=0 r+—1
I+y
where
-y (28)

J
1 <
Coy= Y, Coyjr 8%
rj r-Lj /. x
x=j—(L-1) (J_x)!
8%<*<P = | for < x < B and 87<%<P = 0 elsewhere,
CO,O = 1, Cld = 1/]', Cr,l =r, Cr,O = 1, and Y= Eh/NO'
For M = 2, this result agrees with that in [7].
For L = M =2, the pdf and cdf are given by [9]

(29)

dm Im
= exp| -—% 20
£y, (@) pipe p( sz n

and

F, (qm)=1—(

q q
m_ lexp | — —Lm >0 (30)
o’ ) P ( 20° ) m

After considerable algebraic manipulation, the prob-
ability of bit error is given by

4+38
B, = Y
8+12B+6 3" +p

(3D

where 8 = SNR = 53/ o3. This result agrees with that in
[7].

3.2. Self-normalised diversity combining

Self-normalised (SN) diversity combining [6, 10],
(also called normalised-envelope detection (NED)) is
achieved by dividing the z,,; on each hop by the sum of
the hop envelope values. This normalises the z,,; to

Lo

2 — "I?II

Smi T M

: Iﬂl

m=

(32)

where @ = 1 or 2. The metric is formed by summing
these values,
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L
dm = 2 Lini

i=1

(33)

This is effectively linear diversity combining with
adaptive weighting. SN combining has been shown to
be effective against both noise and multitone jamming,
and in broadband jamming the performance is similar to
linear combining [2, 6, 11].

3.3. Hard decision majority vote

With hard decision majority vote (HDMV) combin-
ing, a decision is made on the symbol received for each
hop. If the z,,; are ranked according to
Zi S 2y S S 2y i S Uyiv i=12...,L (34)
then z;,,; is declared the received symbol on the i-th hop,
and the bin with the largest number of z;,,; determines
the received symbol. If f(z,,;) = 1 for the largest z,,; on
each hop (z,,), and zero otherwise, then the metric is
given by (20). HDMV combining has been shown to be
ineffective against jamming [12, 13]. This poor perfor-
mance is largely a result of rejecting most of the infor-
mation contained in the L X M matrix of values.

3.4. Moments methods diversity combining

This class of methods uses moments of the values in
each bin to produce a metric. It was developed to ex-
ploit the combinatorial properties of a tone jammed
MFSK signal by subtracting the effects of the interfer-
ence [13]. Three methods have been developed, the
fourth and second moment (4 —2M) method, with metric
G =2 Mo = Mam (35)
the second-and-first moment (2—1M) method, with
metric
9m = 2 nlzm ~om (36)
and the first-and-half moment method (1-1/2M), with
metric
Gn =271 =T (37

2
where the estimate of the k-th moment, 1)y, is given by

L
1
Min =7 2, i (38)
i=1

Unlike most other methods, these metrics require the
calculation of the difference of two other metrics. With
little or no interference, the result is similar to square-
law or linear combining. However, when interference
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such as multitone jamming is present, this subtraction
produces a metric which is small or negative in the non-
signal bins, which effectively eliminates the interference.

As an example of performance analysis, consider L =
M = 2 and Rayleigh fading. The decision metric for the
2— 1M and 4 -2M methods becomes
9m = Zmi Zm2 (39)

Define a variable v = z,,,. The joint pdf of g,, and v is
found from the joint pdf of z,, and z,,. Because of the
independence of z,,, and z,,, the joint pdf of z,,; and z,,»
is the product of the individual pdfs. Thus, the joint pdf is

Zm1 2

Loprzm (Zml’ZmZ)= “ 4m2 :

o
(40)

2 2
—Zm1— <

The magnitude of the Jacobian of the transformation
from (Zm1» Zm2) to (G v)is

| (2t 2m2) | =V @1
The joint pdf of g,, and v is [14]
f:,,,,.:mz (zml'ZmZ) (42)

Jawo (@)=

J (Zml 'Zm2)|
where z,,, = g,,/v and z,,, = v. Thus, substituting (40)
and (41) into (42),
q 2
_(_m) 2
ANV

dm
Jan (qm,v)z 40" CXp 202

(43)

4,20, v20

The pdf of g,, can be found by integrating (43) with
respect to v,

o (am)=
(44
- _(q_m)z 2 )
In \4
ex d >0
J(; v 0-4 P 20_2 v 9m
Simplifying [15],
q q
fou (an) =5 Ko (3’"7) 4n 20 (45)

where K, () is the zeroth-order modified Bessel func-

tion. By integrating (45), the cdf of g, can be found as
q'n

Foan)= | £, (x)dx
0

Gm 20 (46)
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Simplifying [16],

m q
F;]m (qm): —FKI (_’;) QmZO (47)

where K () is first-order modified Bessel function.
The bit-error probability, P, for binary NCFSK can
be found from

B=1-[ £(0) £ (@)da (“8)
0
=T q’ K| -L |k |4 |dq (49
! oio7 o7 o, :
4 o 4
e afortf)
o, ) o 1 0, ) k
=[GT] ;—”[1—[07]] (51
4
B,
=—O-T_2 41n[ﬁ}+(o"J -1 (52)
S

where F, () is the cdf of g, with only noise present,
fn() is the pdf of g,, with signal plus noise present, and
oF1(,; ;) is the Gauss hypergeometric function.

3.5. Order statistics diversity combining

The use of order statistics (OS) for diversity com-
bining requires the sorting of the L values in each bin

(11]
Lty S Tty S-Sy, STy, m=12..,M (53)

Z, 18 referred to as the smallest OS of the m-th bin, and
is referred to as the largest OS of the m-th bin. The i-th
order statistic can be chosen as the decision metric in
each bin
qm = Zmll. (54)

Median filtering is a special case of (54) where /; is
equal to[L/2].

As an alternative, a combination of 1 < k < L order
statistics can be used to determine the decision metric,
i.e., the sum of the 1st to k-th ordered values

k
qm = Z il
i=1
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(55)

Note that if k = L the result is just linear combining.

In [11, 17] these order statistic methods were investi-
gated, and the results compared in both noise and multi-
tone jamming with other methods. The results indicated
that the largest and smallest of the order statistics
should be avoided as unreliable.

3.6. OS-NED diversity combining

To improve the multitone jamming performance of
NED, a concatenation of OS and NED has been consid-
ered. To justify this combination, consider the effect of
ordering the values in each bin. Ordering groups the
jamming or interference tones together as the largest of
the OS values. If these ordered values are then normal-
ised as modified hops, their amplitudes are reduced sig-
nificantly. If a jammer were to increase the amplitude of
the jamming tones by decreasing the number of tones,
the performance of OS-NED combining would be im-
proved, so the effectiveness of partial-band jamming or
interference is nullified. The lower order statistic hops
are emphasized since by definition their values are
small. They have a greater role in the metric calculation,
but any jamming or interference should be less domi-
nant on these modified hops. Thus the OS and NED
methods are complementary.

With this method, OS processing is done first to rank
the z,,;, (53), then the ranked values are normalised to

oS (56)

Clearly the more interference that exists on each
modified hop, the larger is 2?::1 Z,. » and therefore the
greater is the normalisation achievéd, so this method
adapts to changes in the interference pattern and levels.
The metric is formed by summing these modified val-
ues in each bin

L
qm = 2 Zm[,
i=1

(57)

As a means of improving the performance of HDMV,
the OS and HDMV methods can be concatenated to
produce OS-HDMV combining. Although this method
also reduces the effectiveness of partial-band jamming
and interference, and is an improvement over HDMV
combining alone, the performance is worse than OS-
NED combining.

3.7. Nonparametric diversity combining
Rank sum diversity combining is a nonparametric
method (as is HDMV). In this case, the L M values are

first ranked

ETT



The Performance of Diversity Combining for Fast Frequency Hopped NCMFSK in Rayleigh Fading

75, <...82,S...57;  Szy (58)
and then simply replaced by their rank values [18]
zmi =p (59)

where p represents the position of z,,; in the ranked list
(58). The ranks in each of the M bins are then summed
to obtain the decision metrics.
A similar method is hop rank sum. In this case, the M
values on each hop are ranked
44 S S 2k i S S2y, i Sy
(60)
i=12..L

Note that this is the same as (34). The z,,; are then re-
placed by their positions in the ranked list (60)

fi = (kp )i

where k,i denotes the rank of z,,;.

It was shown in [6] that rank type receivers can pro-
vide substantial performance improvements in partial-
band jamming. However, their performance is poor in
fading and AWGN.

(61)

4. PERFORMANCE RESULTS

In this section, the performance of the diversity com-
bining methods in noise and multitone jamming is com-
pared with that in Rayleigh fading. Results are given
only for higher bit error rates because error correction
coding provides a more efficient means of improving
performance below a BER of = 10-3 [19]. The purpose
of diversity is to reduce the BER to a level where stan-
dard coding techniques can be effective.

4.1. AWGN and multitone interference

To provide a benchmark, the probability of bit error,
Py, given by (11) for p = 1 and the worst case p is plot-
ted in Fig. 2 for M = 2, 4, 8 and 16. Note that the rela-
tionship between Ej,/J, and P, is degraded from expo-
nential to linear. Diversity combining has been shown
to help improve performance by eliminating the effec-
tiveness of partial band jamming, thus forcing a jammer
to resort to broadband jamming [17].

For the following simulations, receiver noise at a lev-
el of E,/ N, = 13.35 dB was added, and the data signal-
ling was chosen to be 8-ary FSK. The SJR was set to
E,/Jp = 0.0 dB. This very low SJR results in a BER of
0.385 without diversity (L = 1), which cannot be effec-
tively reduced with standard error correction techniques
[20, 21]. To aid in identifying the combining methods,
the abbreviations and linestyles used for the methods
are given in Table 1.
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Table 1 - Abbreviations for the diversity

Combining Methods.
Abbreviation Method Linestyle
I m47—517\/<l 71736urth and second monvlenrr ————————
2—777171(/[7 Secohﬁ;ﬁa ﬁfst moment I
1—1751(/‘[ 7Filr_stand7)ne half moment |~ — —
mScV]Vuare-'lraw Square-law ' I
| Linear ~ Linear -
NED Néglaliséd envéibiae detection| — — — —
| Median | Median |-
HIjMT | Hard décision rﬁajority vote | ——
OS-NED Order Statistic-NED |-~
RS | Ranksum
HRS ' Hop rank sum 7
OS-HDMV Order Statistic-HDMV

100 Eooimin

il

WC PBNJ. - ‘

Probability of Bit Error

103k

Lot

104

»
(=]

Eh/Jo (dB)

Fig. 2 - Performance of M-ary NCFSK in broadband and worst case
partial band noise jamming, M = 2, 4, 8 and 16.

The performance of nine combining methods, NED,
4-2M, 2-1M, 1-1/2M, linear, square-law, median,
OS-NED and HDMV, in broadband AWGN is given in
Fig. 3. As can be seen, all methods except for median
have a linear relationship between L and log 10 (BER).
Therefore curve fitting with the polynomial

aL+b

can be used to obtain the performance for any value of
L. The coefficients a and b are given in Table 2. The
BER is then given by the following expression
BER =10 (62)

The value for L = 1 should be the same in all cases, but

59



T. Aaron Gulliver, Rolands E. Ezers, E. Barry Felstead, James S. Wight

100

I R

Ok didii

Bit Error Rate

Eflo=0.0dB
. Eh/No=1335dB

103

(A

5 10 15 20 25 3
Diversity Level (L)

Fig. 3 - Performance of nine diversity combining methods in noise
jamming, E,/J, = 0.0 dB, E,/N, = 13.35 dB and M = 8.

differs slightly because of the statistical variability of the
simulations. Analytically, the BER at L = 1 is 0.385 and
log;((0.385) = —0.415. Therefore (62) can be written as

BER = 104(L-1)-0415 (63)

Table 2 - Fitted Curve Coefficients for AWGN
Performance.

Method a b ]
Linear -0.0564 -0.367
4-2M -0.0564 -0.363
Square-law -0.0559 -0.369
NED -0.0535 -0.365
OS-HDMV -0.0505 -0.353
RS -0.0481 -0.358

1-1/2M ~0.0445 -0382
2-1M —-0.0443 -0.390
HRS -0.0430 -0.357
OS-NED | -0.0428 ~0.389
Median (even) -0.0355 -0.398

Median (odd) -0.0323 ~0394
HDMV ~0.0307 0375 |

The relative performance of the 12 methods can easi-
ly be seen from Table 2, which is arranged from best to
worst in order of decreasing slope, b. The first 4, linear
to NED, are very close in performance. NED is some-
times used as a benchmark since it performs well
against a variety of interference types. From Fig. 3, it is
seen that at L = 32, all methods have a BER < 0.05, and
the best performers a BER < 0.007, an impressive
achievement considering the BER for L = 1 is 0.385.
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HDMYV and median combining have the worst perfor-
mance because they use little of the information con-
tained in the z,,;.

The corresponding performance of the nine methods
in multitone jamming is given in Fig. 4. In this case, the
BER performance is much more diverse. HDMV,
4-2M and square-law combining are ineffective and
their performance is much worse than NED. Linear is
again similar to NED, while median combining is now
substantially better. Next are the 2— 1M, 1-1/2M and
OS-NED methods, respectively.

100 T T T = —

HDMV 3
square-law "7 -]
S ety : 3
° R v i En/lo=0.0dB 3
) \ i - “EWNo=13.350B ]
8 % 4 |
g \
& ) o PN ]
& \ A RN
V \ /\median , NED - linear
102 Y N E
F B \ \ - N N 3
b ]
..... kY i
Y
OS-NED\
1-12M '
103 ; A H
5 10 15 20 25 30

Diversity Level (L)

Fig. 4 - Performance of nine diversity combining methods in multi-
tone jamming, E,/J, = 0.0 dB, E,/N, = 13.35 dB and M = 8.

It should be noted that linear combining may be sus-
ceptible to partial-band jamming (and therefore multi-
user interference), as are the moment methods to some
extent. Therefore the performance of these techniques
under changing jammer strategies or interference pat-
terns may be compromised. In view of these results, the
best overall, or most robust methods, are NED and RS,
followed by linear, 2—IM, 1-1/2M and OS-NED. It
should be noted that those methods which perform well
against Houston MT jamming can be expected to also
be effective against multi-user interference.

4.2. Performance in Rayleigh fading

Although diversity combining can be employed to
counteract jamming and interference with great success,
MESK performance can also be affected by fading, as
shown in Fig. 5. This figure shows the performance
with Rayleigh fading and worst case partial band noise
jamming with no diversity. The relationship between
E,/Jo and P, is approximately linear, as in Fig. 2, even
though the jamming is now broadband. It is now shown
that diversity combining can also improve the perfor-
mance in fading.

For L = 2, Figs. 6 and 7 compare the results in Ray-
leigh fading for M = 2 and M = 8, respectively. From
these, it can be seen that square-law combining is best,
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100 -

Loddiaii

i

Polaaiiig

102

Probability of Bit Error

[ EEEET

0 2 4 6 8 10 12 14 16 18 20
Eh/Jo (dB)

Fig. 5 - Performance of M-ary NCFSK in worst case partial band noi-
se jamming and Reyleigh fading, M = 2, 4, 8 and 16.

100 ¢ — ‘ —

Bit Error Rate

102

TTTTTT

i

2 4 6 8 10 12
Eh/No (dB)

Fig. 6 - Performance of nine diversity combining methods in Rayleigh
fading, M=2and L =2.

100

Bit Error Rate

103

0 2 4 6 8 10 12
Eh/No (dB)

Fig. 7 - Performance of nine diversity combining methods in Rayleigh
Fading, M=8and L = 2.

as expected since it is the optimum combining method
in Rayleigh fading, followed by median. These methods
were two of the worst in jamming. For M = 8, linear is
the second best method, but for M = 2, it is the next
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worst after the HDMV. The moment and NED methods
provide similar performance for M = 2, which is slightly
better than linear, while for M = 8, the NED methods
are somewhat better. Although choosing the best meth-
ods depends on M, there are no substantial differences
when L = 2, except with linear combining.

The results for L = 4 and 8, and M = 8 are shown in
Figs. 8 and 9. As L increases, the effectiveness of the
2-1M and 4-2M methods is lost, as was the case in
MT jamming for the 4—2M method. Square-law, linear
and NED remain the three best methods, respectively,
for M = 8. OS-NED is the next best. As L increases, the
performance of median combining approaches that of
HDMYV, and so is poor for large L.

Median combining is good in fading and MT jam-
ming, but very poor in AWGN, while square-law is
best in AWGN and fading, but near worst in MT jam-
ming. Therefore, the choice of a combining method re-
quires the determination of the types and severity of the
channel impairments. Taking all results into account,
both with jamming and fading, the best overall meth-
ods are NED, linear, OS-NED, 1-1/2M and median, in
that order.

0

109 g

10!
g
:; 102 square-law
I

103E

104 L- H i i H

2 4 6 8 10 12
Eh/No (dB)

Fig. 8 - Performance of nine diversity combining methods in Rayleigh
Fading, M =8 and L = 4.
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Fig. 9 - Performance of nine diversity combining methods in Rayleigh
Fading, M=8 and L = 8.
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5. CONCLUSION

Several diversity combining methods which were de-
veloped to improve the jamming performance of fast
frequency hopped noncoherent M-ary frequency shift
keying have been investigated in Rayleigh fading. This
represents a worst case fading environment. Based on
performance results, several methods were identified as
effective in both jamming and fading. These include lin-
ear and 1-1/2M combining which may not be robust in
a changing interference environment. Two robust meth-
ods, NED and OS-NED, were also found to provide
good performance in jamming and fading. Another
method, median combining, achieves robustness at the
expense of discarding information, and so is not as ef-
fective in AWGN jamming. However, it is a simple
method which is very effective in multitone jamming.

While many of the methods presented require process-
ing such as sorting the L values in each M-ary bin, or
normalising the M values on each hop, they provide an
increased robustness and should not be seriously affect-
ed by changing jammer strategies or interference levels.

Manuscript received on May 15, 1994
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Abstract. A DS CDMA satellite uplink with power control error is considered. CDMA system
performance is normally interference limited, and, in an additive, white, Gaussian noise channel,
with many users, sufficient processing gain, and effective power control, individual users typical-
ly experience the average performance over all users. In this case, the other users appear as the
equivalent of additional Gaussian noise and each user experiences the same environment. An al-
ternative measure of performance under fading conditions is the probability of outage. For coded
signals, the fading must be averaged over all the symbols in the code word. For properly inter-
leaved signals and i.i.d. Rayleigh fade statistics, the average must be performed over a chi-squared
variate. The probability of outage, defined as the probability that the decoded bit error rate ex-
ceeds a specified threshold, is monotonic with the probability that the chi-squared variate is less
than a specified threshold. We derive upper and lower bounds on the outage probability for soft

decision decoding.

1. INTRODUCTION

CDMA system performance is normally interference
limited, and, in an additive, white, Gaussian noise chan-
nel, with many users, sufficient processing gain, and ef-
fective power control, individual users experience the
average performance over all users. In this case, the oth-
er users appear as the equivalent of additional Gaussian
noise and each user experiences the same environment.
Under fading channel conditions, an alternative measure
of performance is the probability of outage. The easiest
way to look at this is from the point of view of a user
who is experiencing fading (usually accompanied by
shadowing loss). This user observes the bit error rate
(BER) of the decoded signal to vary from epoch to
epoch. For the sake of simplicity, suppose the epoch is
the duration of a code word. Obviously, the variation is
due to both the random sample and the statistics of the
fading. If the epoch is sufficiently long, the dominant
effect is due to fade statistics. The observed BER is then
itself the sample of a random variable. The user would
like to know the percentage of time (epochs) that the
BER is larger than some acceptable threshold.
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Thus, suppose that the acceptable BER with additive,
white, Gaussian noise alone is 10-3 in a fading condi-
tion, one might expect that the decoded BER will vary,
and the user might be interested in the probability that
the BER is greater than 10-2. In this paper, we show
how to map this problem into an equivalent one by first
establishing a monotonic relationship between the
above probability and the probability that the combined
fade statistic over the epoch is less than some corre-
sponding threshold. For sufficient interleaving, we may
assume that the fading is i.i.d. for each coded symbol.
Next, since the BER, conditioned on the fading, is a
monotonic function of the sum of squares of the fade
amplitudes, we need only to examine the statistics of
this latter variable. We assume that the fading is domi-
nated by a Rayleigh distribution, so that the statistics of
the sum of squares is chi-squared.

In this paper, we consider the outage performance of
a coded DS CDMA system operating over a mobile sat-
ellite channel. In addition to being an alternative perfor-
mance measure of interest for fading mobile channels,
the probability of outage may, in some instances, admit
a simpler analytical analysis than the average bit error
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rate. Also, it is of interest to compare the probability of
outage with the corresponding average probability of er-
ror results presented in [1].

The paper is organized as follows. In the next section,
the system model for the uplink of a mobile DS CDMA
satellite system with power control error is outlined. In
section 3, the analysis is given for convolutionally en-
coded DS CDMA, and upper and lower bounds on the
outage are derived for soft decision Viterbi decoding. In
section 4, numerical results are presented and compared
to the average probability of error performance. Finally,
our conclusions are presented in section 5.

2. SYSTEM MODEL

The system and channel models are taken from [1]. A
coded DS CDMA system with perfect interleaving and
coherent reception is considered. Due to the large prop-
agation delay in a satellite channel, an open loop power
control mechanism is assumed. Since the uplink and the
downlink operate in different frequency bands, in gen-
eral, the open loop power control can only track the re-
ceived power variations due to shadowing. The mobile
adjusts its transmit power based on the level of the re-
ceived power averaged over a sufficient time window to
eliminate the effect of fast fading. Assume each spot
beam has K simultaneously active users, and there are
J + 1 spot beams which are simultaneously operating.
Then the received signal for the uplink is given by

r(t)=i A, R d(t—7;) PN(t-1;)-

(J+1)K

cos (@, 1+6;)+ z A R B dift-1,)- (1

i=K+1

PN,(t-1;) cos (o, 1+6;)+n, (1)

where PN,(z) is the spreading sequence of the i-th user,
d;(1) is the binary data waveform of the i-th user, the
sets {7} and {6} represent independent time delays and
rf phases, respectively, and the {R;} correspond to inde-
pendent flat fading on each user. The parameters {3;}
represent the discrimination due to spot beam antenna
patterns. Note that, for simplicity, it is assumed that all
users in the spot beam of interest are illuminated with a
gain of unity. Finally, n,.(¢) is additive white Gaussian
noise of two-sided power spectral density Ny/2.

Due to the small multipath delay spread, the land mo-
bile satellite channel is essentially frequency-nonselec-
tive [1]. It can be characterized by Rician fading in non-
shadowed conditions. When shadowing is present, the
received signal is characterized by Rayleigh/lognormal
statistics [2]. That is, the slow shadowing process re-
sults in a time-varying mean received power which has
a lognormal distribution, whereas the short term fading
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has a Rayleigh probability density function. As in [1],
we assume an open loop power control mechanism
which can efficiently neutralize the effect of slow fad-
ing. Then, the primary cause of performance degrada-
tion is due to the short term fading statistics.

The channel is assumed to be Rayleigh a fraction B
of the time, corresponding to when the signal is shad-
owed, and Rician a fraction 1 — B of the time. That is,
the probability density function of the fading amplitude,
R, is given by the mixture density

fr(R)=B2cRe™® +(1-B)-
7 )
2Rl EN 1 2cR)  R20
where ¢ represents the ratio of specular power to diffuse
power and [, (x) is the modified Bessel function of the
1-st kind and O-th order. In both coded and diversity
performance calculations, the sum of squared signal
amplitudes with independent fades enters the decision
statistic. Hence, we define

d
Ud)=) R 3)
i=1

where, in the shadowed case, U is a central chi-squared
distributed random variable with 2 d degrees of freedom
and probability density function (pdf) given by

Cd ud—l e cH

4
@1 uz0 )

fu (u)=

In the nonshadowed state, U (d) in (3) has the follow-
ing p.d.f. [3]:

d-1
fu (u)zc(%) 2 eelerd) 1 (20\/21;) u20 (5

where 1, )(x) is the modified Bessel function of 1-st
kind and (d — 1)-st order.

Even with open loop power control, some error will
result due to a finite measurement window and shadow-
ing dynamics. In the absence of measurement results on
the open loop power control error for a mobile satellite
channel, we assume an uniform p.d.f. of the amplitude
variations due to the power control imperfection. That
is, the i-th signal amplitude is A; = A;A, where A is a
constant and A, represents the power control error of the
i-th user; for simplicity, for any user, A is assumed uni-
formly distributed according to the following p.d.f.:

l-y<A<li+y (6)

In general, it would be reasonable to assume different
values of y for shadowed and nonshadowed states [1].
Also, all the {A,} are statistically independent.
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3. PROBABILITY OF OUTAGE DERIVATION

There is no unique way to define outage. For non-
coded signals and flat fading, where the probability of
error for each symbol depends on the carrier-to-noise
ratio, it is conventional to define the probability of out-
age as P,(R < R,)), where R, is the threshold value on the
fade statistic. To define the outage probability for a dig-
ital communication system which employs forward er-
ror correction, we start with a more general definition of
outage probability, P, given by
P

> « = Pr (BER > BER,,) N
where BER denotes the instantaneous probability of de-
coded bit error over a block of bits of length n, and
BER ,;, corresponds to some specified maximum accept-
able BER. This outage definition is analogous to the
outage definition in either uncoded digital or analog
communications, where signal-to-noise ratio (SNR) is
used as a measure of performance degradation.

The outage probability will be different in the shad-
owed and the nonshadowed state, and will be dominated
by the probability of outage in the shadowed state char-
acterized by Rayleigh fading and denoted by P, (Ray-
leigh), so that
P

out

= B P, (Rayleigh) (8)

Consequently, in this section, we concentrate on the
outage performance in the shadowed state and, for sim-
plicity, denote P (Rayleigh) by P,,,. For the sake of
completeness, the outage probability in Rician fading,
corresponding to the nonshadowed state, is derived in
Appendix A.

Our intention is to establish an one-to-one relation-
ship between the SNR and the corresponding BER per-
formance, which will be used to obtain an estimate of
P, In order to accomplish this, we use the well known
union bound on the BER for a convolutionally coded bi-
nary phase shift keyed (BPSK) system, which is expo-
nentially tight at low error rates and is given by [4]

g (1)
BERS Y a(d) P, (d) )

d=dp;,
where P,(d) represents the pairwise error probability and
a(d) is the number of bit errors in all adversaries at dis-
tance d from the correct code word/sequence. The param-
eter d,.(n) corresponds to the maximum distance
between coded sequences of length n for a terminated
convolutional code. For soft decision decoding in an ad-
ditive white Gaussian noise channel, P,(d) is given by [5]

P2<d>=Q[ d J

tot

(10)
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where o2 is defined below and

Q(x)=J—2l—_ﬂ—Je%dy (11)

From (9) and (10), we can establish a relationship
between the BER,, and the corresponding threshold
SNR. More precisely, we define

(12)

Gt()l

X, = [—12-) = F (BER,,)

where the function F(-) accounts for inverting (9) and
(10).

Assuming that a power compensation factor p [5] is
used to compensate for shadowing and fading (p=c) the
conditional pairwise error probability under fading con-
ditions is given by [1]

p AU
Pz(dlU)=Q[ 2] (13)
o-tot
where o2, is given by [1]
2 No LK ( 1) p Y
o =0 Lo R _pg)l1+-]+BEl1+ L
Y s | B+ B 7|9

In (14), rectangular chips (in the time domain) are
used, L is the processing gain per coded symbol, K is
the number of simultaneous users per cell, I is the ratio
of the total multiple access interference to the multiple
access interference within the cell of interest, B is the
probability that a user is shadowed and E /N, is the ra-
tio of energy per coded symbol to the noise power spec-
tral density. We define the pairwise outage probability
as the probability that the decoder will produce a pair-
wise error probability larger than P,,, where P, corre-
sponds to BER ;, according to (10). Now the pairwise
probability of outage for two code words/sequences at
distance d is given by

2
Py (d|1)=Pr [ng_d_%] (15)
which evaluates to
Pl 1)=1-5 3 (%) 6
out = k' )’
where
2

p
The unconditional pairwise outage probability, aver-
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aged over the power control error, is found as

I+y
1
2out (d)—— J' P20ut (dll)fA(A')dﬂ' (18)
14 iy
which, after some algebra, reduces to
Va & 1
P20ul (d ZO k_ (19)
where

k=2 1
(k-i-3) 20)
; 2
j-1
=Jal(i+7y) a=vasi-y)
. 1
and k-j—=|=1
I1 (+-i-3)
j=1
A lower bound on the outage probability is simply
Polut P20ut(dmin) (21)

To derive an upper bound on outage probability, we
define Out as the outage event and define

(22)

AG)= Q[ Pi{”]-g(ﬂrix,)

Define also events E; : A(i) > 0, i = d yin,..., d oy (1).
Due to the monotonicity of Q(x), the event E; can be re-
defined as E; : U(i) < 2iX,0% /(pA2), i = dpips-.-
d max(n), where U(i) is defined by (3). A necessary con-
dition for the event Out to occur is that at least one of
the events E; occurs. That is, the probability of outage
can be upper bounded by the probability of the union of
events E, i = dyp,..., dya(n). This can be expressed
mathematically as

d (1) d e (1)
Prlou]<pPr| | J E |< Y Pr[E] (23)
i=d i=d

min min

Finally, since Pr[E;] = P,y (i), the upper bound on
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the outage probability can be written as

dmax(")
Pai= Y Prou (d)
d=d

(24)

min

4. NUMERICAL RESULT

To get specific results, we will consider a rate 1/3 con-
volutional code with constraint length 8, which has d ;, =
16 and a(16) = 1; a(18) = 24; a(20) = 113; q(22) =
287... [6]. To compare outage performance with average
probability of error performance presented in [1], it is as-
sumed that nonshadowed users operate in an AWGN
channel and average power control is considered (p = c).
The outage probability for a DS-CDMA system, versus
the number of users, is shown in Figs. 1-3 for E,/N, =
7dB and the threshold BER of 0.05, 0.01 and 0.005, re-
spectively. The corresponding set of curves for E,/N, =
10 dB is given in Figs. 4-6. In Figs. 7-9 and 10-12, the
outage probability versus the standard deviation of the
power control error is shown for the three chosen values
of the performance threshold, for 10 and 20 simultaneous
users, respectively. Finally, some of the average probabil-
ity of error results from [1] are repeated here for compari-
son. Specifically, the probability of error results in Fig. 13
correspond to the scenarios of Figs. 1-6, and the prob-
ability of error results in Fig. 14 can be compared with the
outage results in Figs. 7-12. It can be seen that both out-
age and probability of error performance exhibit similar
qualitative behavior. However, it should be noted that the
outage behavior depends upon the chosen performance
threshold. Specifically, by comparing the upper bounds
on the probability of error in Fig. 13 with the upper
bounds on the outage probability in Figs. 1-6, it can be
seen that the capacity at BER = 10-3 corresponds to the
outage probability of about 2% when the threshold prob-
ability of error is set to 0.01. The outage probabilities cor-
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(Eb/Nojav =7dB, p/ic =1
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(BER)th = 0.05
10° . . . . . . . |
0 5 10 15 20 25 30 35 40
#Users
Fig. 1 - Outage probability versus number of users; average E,/N, =

7 dB, (BER),, = 0.05.
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Fig. 2 - Outage probability versus number of users; average E,/N,
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Fig. 3 - Outage probability versus number of users; average E,/N,
7 dB, (BER),, = 0.005.
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10 dB, (BER),, = 0.05.
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Fig. 11 - Effect of power control error on the probability of outage
with 20 users, (BER),, = 0.01.
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Fig. 9 - Effect of power control error on the probability of outage with

10 users, (BER),, = 0.005.
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Fig. 12 - Effect of power control error on the probability of outage
with 20 users, (BER),;, = 0.005.
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Fig. 10 - Effect of power control error on the probability of outage
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Fig. 13 - Average probability of error versus number of users.
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responding to the threshold probability of error of 0.05
and 0.005 are slightly better and worse, respectively. Sim-
ilar conclusions can be drawn up by comparing curves in
Figs. 7- 12 and those of Fig. 14, which demonstrate the
sensitivity to the power control error.

Eb/No=7 dB

0 0.5 1 15 2 25 3 3.5 a4 45 5
St. Dev. of Power Control Error (dB)

Fig. 14 - Average probability of error versus power control error.

5. CONCLUSIONS

In this paper, we examined the question of defining the
probability of outage for a coded, fading signal. Specifi-
cally, we considered the uplink of a DS CDMA mobile
satellite system. A relationship between the probability
of BER exceeding an acceptable threshold, and the prob-
ability that the combined fade statistic (over an epoch) is
less than a corresponding threshold, is established. The
work demonstrates that reasonably good upper and lower
bounds can be obtained. These bounds are available in
closed form for both Rayleigh and Rician fading, al-
though in the Rician case the pairwise outage probability
is obtained in terms of infinite series. The outage prob-
ability exhibits the same qualitative behavior as does the
average probability of error in a fading channel.

APPENDIX A
Outage Probability for Rician Fading

In this appendix, we derive the pairwise outage prob-
ability for the case of Rician fading. The cumulative
probability distribution function of U(d) is given by

Fy(w)=1-0, (2 ¢d, 2cu)

where Q ;(u, v) is the Marcum O-function of the d-th or-
der, defined by

(25)

oo d-1
X uey?
0s(wv)=[ (2] ¢Sl wdr o
u
\4
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and can be expressed as

Q; (uv)=0i(u, V)+e’uz;v2 E (E)klk (uv)

27
k-1
where
Lo S ()
O(uv)=e 2 2(—) I (uv) v>u>0  (28)
v
k=0
and
[ ( /2)k+2t
I, (x)= z e (29)
pry i(i+k)!
Now, the conditional P,,,, is given by
2
P, (dl l)=1—Q‘,[1/2 cd,. 4—0-%-9&] (30)
which after some tedious algebra reduces to
_ —dl+i7 S (Cd)i
Py (d124)=¢" ( A)z z l'_(lTk—)_'
' k=d i=0 (31)

a i+k
(“’zf)

where a is defined in (17). From (18) and (31),0ne can
obtain

ed e
P @)= F 5

k=d i=0

(ca)

AT I(ag, i+k) (32)

where a, = cda and I (a, n) is defined by (20).
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Abstract. The performance of an asynchronous multi-cell Direct-Sequence Spread Spectrum Mul-
tiple-Access (DS/SSMA) system is evaluated in lineal microcells with flat Rician fading and shad-
owing. Both the Bit Error Rate (BER) of the uplink (i.e., the user to the base station) and the down-
link (i.e., the base station to the user) are evaluated. We develop a new analytical model to evaluate
the uplink performance which accounts for the user’s spatial distribution, the chip waveform, the
power control, and macro-selection diversity. On the downlink, since no power control is used, the
desired signal follows a composite log-normal noncentral chi-square distribution. We propose an
approximation method to reduce the computational complexity while still providing satisfactory
precision. The analysis results show that the macro-selection diversity can reduce the other-cell
interference effectively even for a channel with heavy shadowing. The Rician factor, the standard
deviation of the shadowing, and the chip waveform have significant influence on the performance.

1. INTRODUCTION

The microcellular structure has been proposed for ef-
ficient spectrum utilization in cellular mobile and future
Personal Communication Services (PCS). In microcel-
lular systems, the antenna height of the Base Station
(BS) is generally low (e.g., lamp post height), the cell
size is small (from 0.2 to 1 km), and the transmitting
power is typically a few tens of mW. Due to the short
range of the communication link, a microcellular
system may operate in Rician fading channel which has
much less multipath fading effects than Rayleigh fading
channel does in macrocells. Due to the low antenna
height, the delay spread is shorter [1].

Because of its inherent anti-multipath and multiple
access capabilities, spread spectrum technique, such as
DS/SSMA, has been considered as a candidate for high
capacity radio cellular systems. The performance of
DS/SSMA systems in macrocells has been extensively
evaluated in the literature, e.g., [2, 3, 6]. However, their

(1) This work was supported by Caltrans through the California
PATH (Partners for Advanced Transit and Highways) of the Univer-
sity of California, under Agreement MOU#97 between the University
of California and the University of Sout hern California.
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performance in microcells requires further consideration
because of the unique propagation characteristics of a
microcellular environment. In [10], the Standard Gaus-
sian Approximation (SGA) method [11] was used to
compute the BER for Binary Phase-Shift-Keying
(BPSK) signals with co-channel interference in two-di-
mensional (area) microcells.

In this paper, we study both the uplink and the down-
link performance of multi-cell DS/SSMA systems in
one-dimensional (lineal) microcells with shadowed Ri-
cian fading. On the uplink, we develop a new analytical
model to evaluate the system performance. The basic
approach is to evaluate the average BER for both BPSK
and Differential Phase-Shift-Keying (DPSK) modula-
tion schemes by employing the Improved Gaussian Ap-
proximation (IGA) method [11]. This model can take
into account the user’s spatial distribution, the chip
waveform, the power control, and macro-selection di-
versity. We also analyze the downlink performance
which usually receives less attention than that of the up-
link. On the downlink, broadcast operation mode is as-
sumed; a common message or several distinct messages
are transmitted simultaneously from BS to different us-
ers. Thus, all signals from the same BS will undergo
channel fading in common with respect to each specific
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user and they are different at different places within the
cell. This is distinct from that on the uplink where each
user experiences independent channel fading. Since no
power control is used, the desired signal follows a com-
posite log-normal noncentral chi-square distribution
which has not been discussed in the literature. We pro-
pose an approximation method to reduce the computa-
tional complexity while providing satisfactory preci-
sion. The effect of macro-selection diversity on the per-
formance is also investigated through the measure of
relative other-cell interference.

The remainder of this paper is organized as follows. In
section 2, we study the uplink performance. The analyti-
cal model is established. The effect of using the macro-
selection diversity to reduce the Multiple-Access Inter-
ference (MAI) is investigated. The influence of the Ri-
cian factor, the standard deviation of the shadowing, and
the chip waveform on the performance is also addressed.
In section 3, we study the downlink performance. The
proposed approximation method is described. The rela-
tive other-cell interference is defined as the performance
measure. Finally, we conclude in section 4.

2. UPLINK PERFORMANCE ANALYSIS

In this section, we will evaluate the uplink BER per-
formance by considering other-cell interference. We be-
gin with descriptions of the radio channel, the transmit-
ter, and the receiver models. Following that, we find the
BER performance by using both IGA and SGA methods.

2.1. System model

A typical lineal microcellular layout for dense urban
streets (1) and highways is shown in Fig. 1. The service
area is segmented into sections and every section is
called a cell. We assume that the BS is at the center of
the cell, the cell length is D, and the cell width is 4 The
BS can distinguish individual users by assigning a
unique spreading code to each of them. We assume that
omni-directional antennas are employed and there are

-
1

N
oe
-

-D 0 D

Fig. 1 - Lineal microcellular layout.

(!) Based on the measurement results [7], the co-channel interference
from parallel streets would be generally quite small compared to that
from cells along the same street and thus can be ignored.
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separate frequency bands for the uplink and the down-
link (i.e., frequency division duplex). Furthermore, the
frequency band on each link is reused in each cell. These
assumptions imply that a given BS will experience inter-
ference from all users in the system, but not from other
BS’s. Similarly, any user in the system will experience
interference from all BS’s, but it does not experience
interference from the transmissions of other users.

2.1.1. Channel model

The land mobile radio channel can be statistically
characterized by three independent, multiplicative prop-
agation mechanisms, namely, multipath fading, shad-
owing, and UHF groundwave propagation. Hence, the
lowpass equivalent complex impulse response of the
microcellular mobile radio channel, 4 (), is expressed as

h(t) =L, (10" y e §(1 - 7) (D

where L,(r) is the propagation loss due to the ground-
wave propagation, with r denoting distance from the BS;
10%/10 represents the shadowing, with zero-mean random
variable X accounting for the fluctuations of the received
power around the propagation loss; yis the Rician fad-
ing; and ¢, 7 are the random phase and propagation de-
lay, respectively. The second moment of yis normalized
to be 1. In this model, the channel is assumed to be non-
frequency selective for the following reasons. First, vari-
ous studies have indicated that the delay spread of mi-
crocellular systems in an urban street environment is less
than a few microseconds [1] and may be much less in a
highway environment [4]. Thus, the returned signals
from all paths cannot be resolved unless the system
bandwidth is sufficiently large. Second, using this as-
sumption may be interpreted as going after a worst-case
analysis, since a frequency selective channel will not
undergo the broad deep fades that the flat channel will
[2]. The propagation loss can be described by [9]

L,(r)=C,ra(l+rlg)? (2)

where C, is a constant, @ and b are the propagation loss
exponents, and g is the Fresnel break point of the atten-
uation curve.

The probability density function (pdf) of yis

2 2
y y +o ay
f’}’ (y) = G—E-CXp[— —‘—2 0_3 j[o (—63 JU(}') (3)

where U(y) is a unit step function and Iy(x) is the modi-
fied zero-order Bessel function. The Rician factor K (a
model constant) is defined as the ratio of the specular
component power to the Rayleigh scattered component
power, i.e., K = a?/(207). Since E(y?) = &? + 202 = 1,
it follows that o = K/(K + 1) and 62 = 1/[2 (K + 1],
respectively.
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2.1.2. Transmitted signal

Let by, (1) be the data waveform of the n-th user in cell
k. For BPSK modulation, b, () is the information se-
quence, whereas for DPSK modulation, by, (?) is the dif-
ferentially encoded version of the n-th user’s informa-
tion sequence. The data signal, by, (#), can be expressed
as by, (N =27 .. b‘j"") p (t —jT), where T is the bit inter-
val, b(j"") is the j-th data bit in the binary information se-
quence, and p () (') is a rectangular pulse whose value is
equal to unity in 0 <7< T and zero elsewhere. The infor-
mation sequence b*” is modeled as an i.i.d. sequence,
taking on the values + 1 with equal probability.

The spreading waveform, a, (), can be written as
A () = X7 a¥™ y (1 jT,), where a{*" is the j-th chip
of the kn-th user’s signature sequence and y(t) repre-
sents a chip pulse with arbitrary shape. We assume that
each bit is encoded with 71 chips, i.e., T = nT, with 1 the
familiar spreading ratio, and that perfect alignment ex-
ists between bits and chips. To make the computations
independent of the choice of employed spreading se-
quences, the spreading code is assumed to be a sequence
of i.i.d. random variables taking on the values + 1 with
equal probability. For an asynchronous DS/SSMA
system, on the average, the random sequence code gives
approximately the same analytical result as that of a de-
terministic code [6].

In this analysis, we assume that the power control
employed by the system can only compensate for the
propagation loss and the shadowing, but not for the fast-
varying multipath fading. We also investigate the effect
of macro-selection diversity on reducing the MAIL This
macro-selection diversity is a technique in which the us-
er is power controlled by the BS with the least attenua-
tion. Therefore, its transmitted power will be propor-
tional to this minimum attenuation and hence will pro-
duce the least interference to all other cell BS’s [12].
Suppose that the set of BS’s that the user can select is
limited to the N, nearest. Hence, the transmitted signal,
S (D), of the n-th user in cell k can be expressed as

1 4
e.S( —A(—]) a, (1) by, (2) cos(wct + Ok,,)
kn

where w, = 2 7 f, in which f, is the common carrier fre-
quency, P, is the nominal power set by the BS for the
desired performance, 6, is the random phase of the
modulator, Af(’r)l represents the propagation loss and the
shadowing encountered by the user n in cell kK commu-
nicating with the BS j, and S, is the set containing the
user’s N, nearest BS’s.

(1) This is modeled so for analytical convenience; note that the actual
spectrum of the transmitted waveform (of a typically bandwidth-effi-
cient type) is determined by the shape of the spreading waveform.
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2.1.3. Received signal

The received signal, r(z), of the BS at the tagged cell,
denoted by cell 0, can be expressed as

K. N,

’(’)=22 2Py Xkn Yin G (1 = Tk

k=0 n=1 (5)

By (t = Ty )cOs (w, 1+ Dy, ) + 1 (1)

where N, is the number of active users in cell k; K, is the
number of interfering cells under consideration; T, and
@, = (6 — W, Ty + ) represent the time delay and
the random phase, respectively; n(¢) is the channel noise
process which is assumed to be an AWGN with two-sid-
ed power spectral density A(y/2; and ¥, is defined as

0<k<K, (6)

(](())
= min| —A
Xin jes, A(,{'z

For the analysis of the MAI effects on the performance,
we are only concerned with the relative phase shifts (mod-
ulo 27) and relative time delays (modulo T) [8]. Hence,
we assume that 7, and @, are uniformly distributed over
[0, T) and [0, 2 7). We also assume that {7,}, {P,}.
{Xin} {Yn)> {647}, and (6} are mutually independent
and the active users are uniformly distributed in cells.

2.2. BER performance analysis
2.2.1. BER for BPSK

A correlator receiver is used for the coherent detec-
tion of the received signal [4]. We assume that the re-
ceiver in BS 0 can perfectly track the phase and the time
delay of the desired user which is power controlled by
BS 0. Note that this desired user may be in the region of
—(N,. D)/2 to (N. D)/2. Due to power control, the sta-
tistics of the received signal of this user is independent
of its location in the above mentioned region. For nota-
tion simplicity, we assume that this user is in the tagged
cell, denoted by user “0i”, without loss of generality.
Since only the relative delays and phases are important,
we can set Ty; = @y; = 0. Thus, 13, and P, are the time
delay and the phase angle of user kn relative to the de-
sired user. The correlator output &y, is

T
&y = ﬁ!r(lﬂ ay; (t)cos (wc t)dt

K, N,
=Yoi by + zz\/ Xin Vin €08 (P ) W + 1" (1)

(k,n) #(0,i)

(0i)

_ (0i) * _
=Yoiby +Iyar+n =7Yoby +Ir
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where n* is zero-mean Gaussian with variance N/ (2 P,
T) = Ay/2E,, E, is the bit energy, I is the total inter-
ference, and W,, can be expressed as

g ot

For more detail anallysis of %/, the reader can refer
to [5, 11].

Since Ir is symmetric, the conditional BER given b,
does not depend on the value of b(o’) so we take it to be
1. Let us define the random vectors ¥, y, ®, and 7 as
(Z <Nk — 1)-component vectors of the form X=Xots---
Xo-1 Xoists---> XK, ,NK) and similarly for the rest. If all
the signature sequences are completely random, the
spreading ratio is sufficiently large, and y, ¥, ®, and 7
are fixed, Iy, can be accurately modeled by a Gaus-
sian random variable [11]. This is called the IGA meth-
od. We define the conditional variance W of I as

= Tin bkn (f = Tp) ag; (1) dt (8)

ﬂ

(0i)

Y= Var(ITIZ 7@ )

K. Ny . ©)
2 Eb z=:o 2 Xin Ykn an );t (0’1)
where Z,, can be found to be [5]
Z,, = cos’ (cbkn)%[R,f, () + B} ()] (10)
From (7), the conditional BER, P, (¥, ¥, is
B,(‘P,m)=ﬂ(yo,~+fr<0)=Q[%} (11

where 0 (x) is the complementary error function defined
as 1/.4/2 f exp (- ¥2/2) dy. Using the result from
[13], we can write

B ()= By, [B (¥.70)| Y] = Q(uw) - 3

14 e

where Q (u, w) is the Marcum Q-function defined by f: b4
exp [- (22 + u2)/2] I, (uz) dz and

U+ wl (12)

]10 (uw)

1
2(K +1)¥

=\/1<[1 +2d-2,d(1 +d)]/2(1 +d)

Hence, the average BER of the desired user can be
found by
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B, =Ey[B,(9)]= [ B (v) fu () ay (13)
0
It is nontrivial to derive the closed form of the pdf of
the conditional variance W, which is a complicated
function of the random vectors y, y, ®, and 7. Monte
Carlo integration is one possible approach to remove
the conditioning on all random vectors. That is

B, = lim —Zpb

Another approximation method which has been com-
monly used is the SGA method [2, 10] where I is as-
sumed to be unconditional zero-mean Gaussian. This
implies I can be completely described by its variance.
Thus, the average BER, P,,G , computed by this method is
PP =P, [E(¥)]= Py, (1), where ,, is given by

(14)

v =E(\P)
K. N,
ZZE an (’ylfn)E(an)
k=0 n=1 (15)
(ko) = (0.7)
N My M,
2E, n
and My, = E [1?,3, (‘L')]/Tf =E [R,%, (T)]/Tf. For a rectangu-

lar chip pulse shape, m,, = 1/3. For a half-sine chip pulse
shape of the form y(¢) = V2 sin (mt/T.), my, = (15 +
27%) /(12 72). For a raised-cosine chip pulse shape of the

form w(t) = \/2/3 [l - cos 2mt/T,)], my = 1/6 +
35/(48 n2) [4]. Furthermore, M, is given by
K. Ny
22 (Xw)  (kon)#(0,4) (16)
k=0 n

which can be interpreted as the average interference
power from other users without considering the effect
of relative delays and phases between the desired user
and the interfering users. It is noted that M, is mainly
determined by the propagation law, the shadowing, the
cell geometry, and auxiliary functions, e.g., power con-
trol and macro-diversity. For details on the derivation of
M,, see Appendix A.

2.2.2. BER for DPSK

A possible implementation of the DPSK demodula-
tion is a differentially-coherent matched filter. For this
kind of receiver, the conditional BER for the desired us-
er can be written as P, (¥, %,) = 1/2 exp (- 73,/2'¥).

By averaging over Y, we get (5]
K } a7)

2‘{’+1/(K+1)CXP{_2(K+1)‘P+I

B, (¥)=
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Similarly, the average BER for DPSK modulation
signal can be computed by Monte Carlo integration.
Meanwhile, the average BER evaluated by the SGA
method is

Ky

Pl = _
' oy, +1/(K+1)exl{ 2(K + 1)y, +lj|

(18)

Unless otherwise noted, we assume that each cell has
the same number of active users N, the spreading ratio n
equals 511, the cell length D is 1 km, the cell width #is
36 m (a typical highway environment), the Fresnel
break point g is 200 m, and the propagation exponents a
and b are both equal to 2. Also, the rectangular chip
waveform is employed and log-normally distributed
shadowing is assumed with the standard deviation o be-
ing 6 dB. The interference outside the six adjacent cells
can be ignored. Furthermore, due to the relatively short
propagation distances, we assume that the AWGN is
negligible when compared to the MAL

Note that when the system reaches the steady state, the
average number of active users power controlled by each
BS is identical and is equal to N. To account for the ef-
fect of other-cell interference, the relative other-cell
interference [12], f;, is defined as f; = [M, — (N — D]/N.
Therefore, my in (15) can be rewritten as

my, (N -1
“u/:N—?* v )1+ N
2E, n N-1

(19)

Compared with that of a single-cell DS system, the
effective number of interfering users in a multiple-cell
system increases by a factor [1 + (N/N - 1) f;] which
will reduce the frequency reuse efficiency. In Table 1,
we show f; as a function of o for N. =1, 2, and 3. From
this Table, we observe that the significant improvement
in f; is obtained by using N, = 2 instead of N, = 1, but
only a small improvement is obtained when we go
from N.=2to 3.

Figs. 2 and 3 plot the average BER of DPSK as a
function of N for N, = 1 and 2, respectively. These re-

Table 1 - f; as a function of cfor N. =1, 2
and 3 witha =2.0 and b =2.0.

6B) | N,=1 N.=2 N.=3
0 0.1525 0.1525 0.1525
2 0.1886 0.1534 0.1534
4 0.3563 0.1580 0.1579
6 1.0288 0.1764 0.1730
8 4.5398 0.2514 0.2113
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Fig. 2 - BER versus N of DPSK for N. = 1.

sults show that for this range of N, the average BER
evaluated by the SGA is smaller than that evaluated by
the IGA. For N, = 1, the results from the SGA method
are very optimistic when the number of active users is
small and the Rician factor K is large. Also, the Rician
factor K has a great impact on the average BER for N, =
2, but a little impact on that for N, = 1. Furthermore,
when N, = 2, the BER calculated by the SGA method is
close to that by the IGA method.

102

103}
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S 104}
o
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1061 —— SGA Method 1
------ IGA Method
b 00 K=10dB
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Number of Active Users

Fig. 3 - BER versus N of DPSK for N, = 2.

To further investigate the effect of K on the average
BER, we illustrate the average BER of DPSK as a func-
tion of K in Fig. 4 for N = 35. It is seen that the larger
the Rician factor, the smaller the average BER. Al-
though the desired user and the interfering users both
have less multipath fading as K becomes large, the Ri-
cian factor K has positive effect on the average BER
performance. Thus, a system operating in a Rician fad-
ing channel can be expected to have better performance
than that operating in a Rayleigh fading channel.
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Fig. 4 - BER versus K of DPSK for N, =1 and N, =2.

It is interesting to study the effect of o on the BER
performance. We illustrate the average BER as a func-
tion of N with parameter ¢ in Fig. 5 for N. = 1 and in
Fig. 6 for N, = 2, respectively. For N, = 1, we find that
the average BER increases very quickly when the value
of o becomes large. However, for N, = 2, the average
BER increases only slightly with o. Thus, the macro-se-
lection diversity can reduce the MAI from other cells
effectively even for heavy shadowing. This observation
matches the results shown in Tables 1.

107! " . . . .
1072
1038
2
o
8 104
[}
D‘: b
g 105 b N.=1 ]
&0 DPS|
m K=10dB
1061 — Sigma=6dB E
—- Sigma =4 dB
107 | ---Sigma=2dB 1
----- Sigma = 0 dB
108 . . . . .
10 20 30 40 50 60 70

Number of Active Users

Fig. 5 - BER versus N of DPSK using the IGA method for N, = I with
0=0,2,4,and 6 dB.

To compare the average BER of DPSK with that of
BPSK, we define the effective signal-to-noise ratio as
SNR.s = E (v;,)/E (¥) = 1/y1,,. Fig. 7 shows the average
BER of DPSK and BPSK versus the SNR ¢ for K = 10
dB. When the average BER equals 10-3, the SNR,; of
BPSK is approximately 3 dB better than that of DPSK for
N, = 1. When the average BER is 104, the SNR of
BPSK is about 2 dB better than that of DPSK for N, = 2.

In Fig. 8, BER versus N is depicted for DPSK signals
with rectangular, half-sine, and raised-cosine chip
waveforms, respectively, for N, = 2. As expected, the
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Fig. 6 - BER versus N of DPSK using the IGA method for N, = 2 with
0=0,2,4,and 6 dB.
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Fig. 7 - BER versus SNR. of DPSK and BPSK using the IGA meth-
od for N, =1 and N, =2 with K = 10 dB.
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Fig. 8 - BER versus N of DPSK using the IGA method for rectangular,
half-sine, and raised-cosine chip waveforms with K = 10 dB for N, = 2.

raised-cosine waveform provides the best BER perfor-
mance because it possesses the least MAI interference
(my, is the least). For P, = 104, the system can accom-
modate 30 users with the raised-cosine waveform, but
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only 22 users with the rectangular waveform.

3. DOWNLINK PERFORMANCE ANALYSIS
3.1. System model

In this section, we will evaluate the downlink perfor-
mance which has been usually neglected in the litera-
ture. The performance measure of interest is the average
BER. On the downlink, the broadcast operation mode is
assumed; a common message or several distinct messag-
es are transmitted simultaneously from a BS to different
mobiles. The system and channel models are similar
with those described on the uplink. We assume that all
signals from the same BS will undergo shadowed Rician
fading in common with respect to each specific user and
they are different at different places within the cell.
However, the composite received signal from each BS is
assumed to fade independently. On the downlink, we as-
sume no power control is used. The received signal of
the desired user in the tagged cell can be expressed as

Toi t) 22\21)0 rkl lk Y« akn Tkn

k=0 n=1 (20)

bin (t = Ty )OS (27 f 1 + @, ) + 1 (1)

where ry; the distance between the BS of cell k and the
desired user in cell 0.

3.2. BER performance analysis

The normalized sample signal at the output of the cor-
relator which is matched to the desired user is of the form

1
50:' =

T
m! 1 (1) 2 ay; (t)cos(27zfC t)dt

0

_ i+ W{Z

n=1,n#i

,,)rwo,,}r @1

{z cos(d)k,,)‘wkn} +n'

where [, = 10%/1% k = 0,..., K, with X, being a zero-
mean Gaussian random variable with variance O'Z; Ve =
y2 follows a noncentral chi-square distribution; n* is an
AWGN with variance 6 = Ao/ [2E,, L, (ry;)]. To make
the notation simple, we define

L, ()
Lp (rOi)

where Y, = 1. Therefore, the correlator output, &y, can
be simplified to the form

Tk = and Lk = Tk lk j;k (22)
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K,
0 =L+ XLk -
k=0

&COS(%)%}M* (k,n) = (0,7) (23)

n=1

=\/—L—0+1T

where the total interference, I, consists of the AWGN
and the MAI from users in the same cell as well as from
those in other cells. Let us define the random vector £ =
(Lg, ...+ Lg,)- In order to employ the IGA method to cal-
culate the BER, we need to find the conditional variance
¥ of I which is given by

¥ = Var (17| £,®.7)

KL'

=0l +LoZo+ D L 2 (24)
k=1
=05+ Loy Zy + Yo
in which the random variables, Z;, k=0,..., K, and the

conditional variance of the other-cell interference ‘¥,
are given by

n=1

K(‘
Yo = 2 Ly Zy
k=1

where Z,, is defined in (10). Note that the term (L Z)
represents the MAI from the tagged cell. Since the com-
posite received signal fades in unison from a given BS,
the faded amplitude of the desired signal, /L, , and the
total interference, Iy, are dependent. This situation is
quite different from that on the uplink. In addition, since
no power control is used on the downlink, £, follows a
composite log-normal noncentral chi-square distribution
which has not been discussed in the literature. Hence, a
approach different from that used ow the uplink is re-
quired to evaluate the BER performance.

As mentioned before, given the random vectors £, P,
and 7, I can be accurately modeled as a Gaussian ran-
dom variable. Hence, for the system employing BPSK
modulation scheme, the conditional BER can be written as

L
P(L,,Z,, %W, )= 0
b( 0> 40 oth) Q[\/G,Z;,'*'L()Zo"‘\ymh}

In the following analysis, we assume that the AWGN
can be ignored when compared to the MAL, irrespective
of user’s location within the cell. This results from the

(25)
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fact that the microcellular environment is usually inter-
ference limited [2]. Hence, the conditional BER can be
approximated by

(26)

L
P (£y. 2y ¥,)=0Q| |——0—
" LyZy+Y,,

Therefore, we can evaluate the average BER by P, =
E; z,%,, [Py (Ly, Zy, ¥,)]. The pdf of the composite
log-normal noncentral chi-square £, is of the form [5],

fLO ()’)=

KD exp(-8) et expl- (k)3 )-

—o0

I [J4K(K +1)exp (- A, x)yjexp(—xz)dx

where Ay = v2 A 0y and A = In 10/10. Letting ¢, = 0,
this pdf becomes a non-central chi-square distribution.
We can employ the Gauss-Hermit integration [14] to
evaluate the pdf of £,. Gauss-Hermit integration is a
kind of Gauss Quadrature Rule (GQR). From (27), it can
be seen that the weight function is exp (- x2) with Hermit
polynomials as its associated set of orthonormal polyno-
mials [14]. Here, we just write down the expression for
the pdf of L, evaluated by this method as follows

(K+1)
fe, ()= Iz exp(-K)-
NHI
ij e‘AO'rfexp[— (K + l)e_A‘)Xf y]- (28)
j=1
Iy [\/4K(K+ 1)exp(- 4, xj)y}r R,
where w; and x;, j = 1,..., Ny, are the Ny, weights and

nodes of the Quadrature Rule which can be found in
[14]. The remainder R,, can be reduced as small as de-
sired by increasing the value of Ny,. In general, Ny, =
25 - 30 is sufficient.

Averaging the conditional BER given in (26) over L,
we have

IAVAR AE E, [Pb (LOvZqu’mh)]

(K +1) LT

T exp(—K)z

j=1
y
-([Q[ yZ,+'¥

wjexp(—AOxj)~
(29)

]exp[—(K +1) e M y]'

oth

Iy [\/4K(K + l)exp(—A0 )g)yild}*
Manipulating the above equation by changing the
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variable and applying the Gauss-Laguerre integration
[14], we approximate P, (Z,, ‘¥,,;,) by

N N
exp(-K Hl L ;
Pb(ZO’lPoth)z#zwj{ Wi
=1 k=1

(30)

(KiiljeXp(AO %)

0 -
ZO[Kxil)exp(Ao xj)+ Y,

(o)

Thus, we can avoid the original two-order integration
by employing a two-layer summation which can sub-
stantially reduce the computation complexity and still
preserves satisfactory precision. Finally, the average
BER can be calculated by averaging P, (Z,, ¥,,,) over
random variables Z, and ¥,,;,. One practical way is to
employ Monte Carlo integration method. That is

R
})b=/‘/lll_inmﬁj§Pb[(ZO)j’(\th)j] G

We call this approach the IGA-MC method. Howev-
er, with some approximations, we can analytically eval-
uate the average BER. These approximations are as fol-
lows. First, if the number of users N, is large enough, Z,
and Z; can be approximated by their mean values. That
isZy=~Cy=E (Zy)) =(Ng- 1) my/nand Z; = C, = E
(Zy) = Ny my/ 1. The accuracy of this approximation has
been validated in [5], which illustrates that the spatial
distribution and the shadowing play the dominant role
in the BER calculation. Second, [5] also shows that if o,
24 dB and K> 7 dB or if 0, 22 dB and K > 10 dB,
then £; in (22) can be well approximated by a log-nor-
mally distributed random variable £;. To maintain ac-
curacy, we still treat the desired signal (i.e., £;) as a
random variable with composite log-normal noncentral
chi-square distribution. Third, the sum of a finite num-
ber of uncorrelated log-normal random variables can be
approximated by another log-normal random variable
[15]. Based on these approximations, the conditional
BER given in (30) becomes

0

N N
ex _K H1 L -
Pb(ZO’\Pth)sz(Ll)z—p(—) Wj{ Wi~

(32)

(KiiljeXp(A"xf)

0 .
Xk
CO(K+ 1Jexp(A0 xj)+ L,

IO(M)

which has been simplified to be a function of the condi-
tional other-cell interference power, denoted as £;, giv-
en by
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K,
£=Y Gk (33)
k=1

and £, itself can also be approximated by a log-normally
distributed random variable which can be expressed as

£, = 1010 (34)

where X, is zero-mean Gaussian with variance 0',2. The
value of m; and o7 can be found by applying the recur-
sive technique described in [15]. The pdf of £, can be
expressed as [3]

(Iny- /1m,)2
2 o7

1
_ _ 35
o 0)= Ty o vy 69

Finally, we can find the average BER by applying
Gauss-Hermit method again which yields

P, =E,, [B(£)]

=—1—];Pb(m,e ”‘)exp(—xz)dx
T (36)
1 Ny _ B

z——; w,Pb(m e’ )

in which A, = 2 A 6; and rit; = 10™"'°. We call this ap-
proximation method the IGA-AP method. The advan-
tage of this approach is that we can not only avoid the
time-consuming Monte Carlo simulation required in the
IGA-MC method, but also we can use a three-fold sum-
mation instead of a three-fold integration to find the av-
erage BER. The numerical error can be as small as de-
sired by increasing the numbers of Ny, Ny,, and Nj.

The above BER expressions depend on where the de-
sired user is located. When the user moves, its area-av-
eraged BER can be obtained by averaging over all the
possible locations when it travels in the cell.

In Fig. 9, BER as a function of the transversal dis-
tance between the desired user and the BS is illustrated.
Both IGA-MC and IGA-AP methods are used. We as-
sume that o} = 0, V,. Although we have made three ap-
proximations in the IGA-AP method, the results are still
very close to those generated by the IGA-MC method.
Furthermore, as expected, the worst BER is seen when
the desired user is at the boundary between two cells. In
[2], the worst BER is employed to assess the user capac-
ity. However, this criterion may yield very pessimistic
results. In Fig. 10, we illustrate the worst and the area-
averaged BER as a function of N for 6= 4 and 6 dB, re-
spectively. For o = 4 dB, if a BER of 10-3 is required,
the system can support about 50 users by using the area-
averaged BER as the criterion. However, only 13 users
can be accommodated based on the worst BER criterion.
This is due to the “graceful degradation” feature of the
spread-spectrum technique.
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3.3. The Effect of macro-diversity

Recall that we have defined the relative other-cell
interference f; on the uplink to assess the effectiveness
of the macro-selection diversity. In that part, we reach a
conclusion that N, = 2 (i.e., stronger-of-two-nearest-BS
processing) is adequate not only to combat the shadow-
ing, but also to keep low system complexity. Based on
this measure, it is very simple to examine the impact of
the macro-selection diversity on suppressing other-cell
interference. We follow the same method to assess the
influence of the macro-selection diversity on the down-
link performance. On the downlink, the macro-selection
diversity means that the user may have access to more
than one BS and can select the BS with the best down-
link transmission channel. Similarly, we assume the
mobile can only access to the nearest N. BS’s.

Without using the macro diversity, it is straightfor-
ward to define the relative interference, D,, on the
downlink as

79



Chung-Ming Sun, Andreas Polydoros

K, K,
z ’k: sz Iy
D, = E {421 = E{*=1 37)
! L, (r:)lo Il

where we assume that the multipath will not effect the
average power level and only K, adjacent cells are con-
sidered. D; can be interpreted as the average ratio of
other-cell interference to the desired signal power.

However, for systems with the macro-selection diver-
sity, D; should be modified as

N.-1 K. N.-1
ZQk + Zak zgk
p=E{X N L _pliel L,
Q, Q,
‘. (38)
2%
k=N
E < =D, +D
QO 11 12

where o = Y‘k I, and {Q}" _01 is a set of ordered statis-
tics of {ak} "such that Q2Q,2...2 Qy_ and Q=
max {ay,..., ay_,}.

The expressions for D;; and Dy, as a function of the
user’s location are derived in Appendix B. Fig. 11 shows
Dy versus the transverse distance between the desired us-
er and the BS 0. It is seen that a significant improvement
in D, is obtained by using N, = 2 instead of N, = 1, but
little improvement is obtained when we go from N, = 2
to 3. The same conclusion has been reached on the up-
link analysis. Furthermore, the relative other-cell inter-
ference, D;, becomes insensitive to the user’s location in
the cell when the macro-selection diversity is used.
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Fig. 11 - Relative other-cell interference, Dy, versus transverse dis-

tance on the downlink.
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4. CONCLUSIONS

In this paper, we have evaluated the performance of
both uplink and downlink of an asynchronous DS/SSMA
system in lineal microcells with Rician fading and shad-
owing. The performance measure of interest is the aver-
age BER. On the uplink, both BPSK and DPSK modula-
tion schemes are taken into account. Depending on the
operation range, the SGA method may yield very opti-
mistic results compared with those obtained by the IGA
approach. The macro-selection diversity can reduce the
other-cell interference effectively even for a channel
with heavy shadowing. Furthermore, the Rician factor
has a great impact on the performance for N, = 2 (two
nearest BS’s), but only little for N. = 1 (nearest BS). Al-
so, raised-cosine chip waveform can significantly im-
prove the user capacity.

On the downlink, we study the BER performance for
BPSK without macro-diversity. The proposed approxi-
mation method can evaluate the BER with less compu-
tational effort. We use both the area-averaged BER and
worst BER as the criteria to assess the downlink user ca-
pacity. It is found that the worst BER criterion yields
very pessimistic results. We also define a performance
measure D; to investigate the effect of the macro-selec-
tion diversity on reducing the other-cell interference. It
is shown that the macro-selection diversity can effec-
tively suppress the other-cell interference.

APPENDIX A

From eq. (16), M, is defined as

K. Ny

e~ 2 X E ()

k=0 n

(k,n)#(0,0)

(39)

Note that y,, is a function of the user’s location in the
cell. Its expected value can be evaluated by

(40
pda, = Jlk pda,

Ay

where 4, is the area of cell k and p is the spatial density
of the user in the cell. We assume that the user position is
uniformly distributed within the cell. The distance
between the kn-th user and the BS j is r; and the corre-
sponding power fluctuation is X;. The random variables
X; and X; are assumed to be independent if i # j. We have
dropped the sub-index kn in r; and X; to make the nota-
tion simple. Define the relative mean path loss as follows

R; = Ly (n) and M; =10log,, R
Ly ()
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The expected value of y;, will be computed separate-
ly depending on whether or not the BS 0 is one of the
N, nearest BS’s of the kn-th user.

= T el )szLexp[_gjdx.

(46)
Case 1: 0 ¢ S, — We can apply the total probability M; - M;
P I |-ef+ X2 io
formula in order to evaluate I, as follows: o5, ki (o
Xj Xj-Xo X; -
1, = E R. 10 0 107 - R A
f [,es } Y E(O ) [10 TR 10T <R10TT Vl#]lES]P(J)
JES.
Xj
= ZRJ.E(lo%) E[IO‘W‘X,. <X;+M, —MI}P,(Aj) @
JeS,
=Y E(mw) IIO  fy [T 5 (x + M- M)
JES, i#j,i€S,

where A; is the event given by

Xj-Xo
Aj={Rj10' 0 <R10 Vl¢j,l€5} (42)

and fx (x;) and Fy; (x;)are the pdf and the cumulative
densny functlon of the random variable X;, respectively.

Case 2: 0 € S, — In this case, the N, nearest BS’s in-
clude BS 0. Hence, [, can be written as

( XN“—XO\
I =E|imin\1,.“,RNu 107" J

(43)

where N, = maxc ;. {j}. By following the same proce-
dure in (41), eq. (43) can be derived as follows

where A = log (10)/10; I, for the case of {0 € S} becomes

(47)

Lc iegin0 Q[“ﬁ;—%—aoﬂ}+ \
oo S I [ol 2]

—o00

Xj - Xo

ZR E[lO“T

jes,.j#0

~

Xj - Xp
[10’"—'0 | Xo <X, - M, X, <X; +M,

xj—Ml-

Y& Tm‘% fx, (%;)dx

JjeS.j?0 _o —eo

_[on xp) dx{ H Fy, xo+M)

i€S,.,i#0
where Aj is the given by

~ Xj - X
A:l (j)+1-P(R 1077 >1,Yj#0,j€s,

J'm% Fr, (x0)dxg

ZRjE~

jes..j#0

_Mj,‘v’i;tj}P,(/ij)+P,(Xj <X, +M;.¥j#0jes,)

(44)

H Fy, (x; + M, —Mj) +

(€S i#),i#0

~ Xj-Xo
A= {Rj 10771
(45)

X
Y i#jand R107 0 <1}

If X; ‘s are all zero mean Gaussian random variables
with equal variance 02, Ik for the case of {0 ¢ S} can
be simplified to the form
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APPENDIX B

In order to evaluate Dy, one direct way is to derive
the joint pdf of the ordered statistics {Qk}llg)] and find
the numerical results. However, this approach is non-
trivial. We will use another approach such that we do
not need to find the joint pdf of {€Q;}. In section 3.3, we
define Dj; as
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D, =E{*=L 48
i 0 (48)

By using the concept of total probability, D;, can be
evaluated by

which is defined as

Dp=E iak]E(éo)zE(LR)E[é]

k=N, 0

(53)

where £ = Zk’i . O can be approximated by a log-nor-
mally distributed random variable and its statistics can

N, -1
D=1y E[%Iaj=max{ai},ie,§L}P,(Aj)

j=0 |kes. k#j i

N.-1 R v
=31y E[IO klojIOXAIOYI|XiSXj+mj—mi,Vi€56.,i¢j:|R(Aj)

j=0 |kes, k=)

(49)

where o; = 10™**1% and X, is zero-mean Gaussian
with variance 67, m; = 10 log,y (P), event A; = {a =
max {¢}, i € S}, and S, is the set of the nearest N,
BS’s for the desired user. Define Y); as

_a b
ij — 10('"‘ —m\,)/lO — & ; + 1 /g
T +1;/8

which is just the ratio of path loss from the BS’s k and j
to the desired user. Since the random variables X, and X;
are assused to be independent if k # j. Thus, D;; becomes

N1 o
D=y Y v, JlO"‘f“oin (%)) dx; -

J=0 keS, k%] oo

(50)

XjHm;—my

J' 107519 £y () dxy |-

—oo

Lo o

i€S, izk,j

D

In case that 0} = 0, V k € . and by some manipula-
tions, Dy, can be simplified to the form

N, -1 o
D, = Z Z T‘kjexp(/lzoz)‘l.\/zi;exp-

j=0kes, k#j S

(—i]dz {1 - Q[z T R uan- (52)
2 o

H [1—Q[z+u—laﬂ
€S izk.j °

In the following, we will derive the expression of D),
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be found by applying the recursive method described in
[15]. Therefore, E (Lg) becomes

me*Xg 2o
E(Lg)=E[10 10 |=exp|Amy + 5 (54)

Following the same method used in the derivation of
Dy, we can find E () as follows:

{8

N -1
E[10° | o; max{er } Vies, | P (4,)
j=0
N, -1
_mirXj
=YE [10 0 [x,.sxj +m;— m,
~ (55)
j
Vies,, i#j|P(4;)
N1 o
= Ze')‘mf fe"“f fX/ (xj-)dxj-
=0 e
H in (xj +m; —mi)
ies. i)
Multiplying (54) with (55), D, becomes
2 2
D, =[exp[/lmR + A ;R ]:I
(56)

S ool -m 22|

j=0
m; - m,
[I—Q[z+ J
lo}

I

€S i)

]
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Note that the above expressions for Dy and Dy, de-
pend on the user’s location in the cell. The area-aver-
aged D, can be evaluated by averaging over the possible
locations of the user traversing the cell.
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Dynamic Code Allocation for Integrated
Voice and Multi-Priority Data Traffic
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Abstract. In the context of deriving schemes for efficient use of the spectrum by multi-media us-
ers in direct-sequence code-division multiple-access (DS/CDMA) networks we describe in this
paper an optimal policy for CDMA code allocation to voice and multi-priority data traffic We
consider CDMA networks with voice traffic and two types of data traffic: high priority data traffic
with the same priority as voice traffic that requires real-time delivery and lower priority data traf-
fic that can tolerate delay and thus can be queued. A movable boundary policy in the CDMA code
domain is used for the voice and high priority data, whereas a small number of CDMA codes are
reserved for the lower priority data which also utilizes any CDMA codes left unused by the other
two traffic types. The optimal policy is obtained by minimizing a cost function consisting of the
weighted sum of the rejection rates of voice and high priority data traffic subject to performance
requirements (bit error rates or BER) on all traffic types. The queueing delay of the lower priority
data traffic is also evaluated. A semi-Markov decision process (SMDP) with guaranteed BERs for
voice and data traffic is used for formulating the dynamic code assignment problem. A value-iter-

ation algorithm is applied to this SMDP to derive the optimal policy.

1. INTRODUCTION

Code-division multiple-access (CDMA) techniques
find today many commercial applications beyond their
traditional use in military communications. Cellular
systems, mobile satellite networks, and personal com-
munication networks (PCN) that use CDMA have been
proposed and are currently under design, construction,
or deployment [1 -4]. Moreover, networks of LEO
(Low Earth Orbit) and MEO (Medium Earth Orbit) sat-
ellites for world-wide (global) communications such as
Loral/Qualcom’s Globalstar and TRW’s Odyssey that
use CDMA have been proposed and are under design
[5-6].

Desirable features of CDMA include: increased re-
ceived signal quality due to protection offered against
multipath fading, narrowband in-band interference (oth-
er radio signals), and intentional interference (jam-
ming); reduced synchronization requirements (users do
need to have a common clock); graceful performance
degradation (to gradual addition of users or other inter-
ference); flexibility in accommodating multi-media
(voice/data) users and users with multiple data rates;
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privacy is provided; and low-interference coexistence
with other CDMA or narrowband systems operating in
the same band.

As part of our continuing effort to provide schemes
for efficient use of the spectrum in CDMA networks by
multi-media users, we derive in this paper an optimal
code allocation policy for voice and multi-priority data
traffic. This work expands and complements our recent
work of [7] where we derived optimal admission poli-
cies for a CDMA network with voice and data traffic. In
that work, the voice traffic had full priority over the
data traffic; the optimal policy pertained to voice traffic
only, the data traffic could use only the CDMA codes
left unused by the voice traffic, and if there were not a
sufficient number of them available, it will be queued.
Our work of [7] pertains to a CDMA network offering.
primarily voice services which also allows the accom-
modation of some data traffic at lower priority.

In our other recent work of [8] we described and ana-
lyzed schemes for voice and data integration in CDMA
networks that use for voice traffic a threshold-based ad-
mission policy and for data traffic the ALOHA protocol
with retransmissions based on feedback about the net-
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work state (number of ongoing voice calls and data
messages). In [9] we modified and extended the
schemes of [8] to a hybrid satellite/terrestrial network
using framed ALOHA with reservations on-board the
satellite and the CDMA scheme of [8] for the terrestrial
network. In both of these schemes voice has priority
over data and data traffic is using whatever resources
(CDMA codes or slots in framed ALOHA) were left un-
used by voice traffic. In all our previous work of [7-9]
there is no attempt to allocate the resources (CDMA
codes) more fairly between voice and data users.

By contrast, in this paper we consider a CDMA net-
work of voice and two types of data users that employ
direct-sequence spread-spectrum (DS/SS) signaling.
The first type of data traffic has the same priority as the
voice users, that is, it requires real-time delivery (thus it
can not be queued) and it also requires lower bit error
rate (BER) than voice. This type of data are considered
important by the network and treated with the same lev-
el of fairness as voice traffic. The second type of data
has a lower priority, it can tolerate delays and thus it
can be queued; the required BER is larger or equal to
that of the high priority data but definitely smaller than
the one required for the voice traffic.

We derive an optimal code allocation scheme that de-
termines the number of newly arrived voice calls and
data users with high priority that are accepted in the net-
work so that the long-term weighted blocking (rejec-
tion) rates of voice calls and data traffic is minimized
and the packet error probabilities of these two traffic
types are within acceptable limits. Although we refer to
our scheme as a code allocation scheme, it is actually an
admission policy, since it determines how many voice
or data users can be admitted in the system (and allocat-
ed CDMA codes) from the total number of users arriv-
ing at the system (and requesting services). The activity
characteristic of voice traffic is considered for increas-
ing bandwidth efficiency. If the new arrivals are not ac-
cepted, they are blocked and there are no CDMA codes
assigned to these arrivals.

For the lower priority data we consider two policies.
According to the first policy there are no CDMA codes
reserved for these data, they get assigned CDMA codes
only when the combined voice and high priority data
traffic leaves certain codes unused; this is done in a pre-
emptive manner, when voice or high priority data re-
quests arrive the codes are assigned back to them and
the low priority data are queued. The second policy op-
erates like the first except that there is also a small num-
ber of CDMA codes that are always assigned to low pri-
ority traffic; if there is a large demand from low priority
data traffic the reserved codes are assigned first and the
remaining low priority data packets use the codes left
unused by the voice or high priority data traffic or, if
there is not a sufficient number of them, they are
queued. For both schemes the BER requirement for the
low priority data traffic is met.

The performance measures are the average blocking
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rates and average throughputs of the voice calls and all
data messages as functions of the offered voice and data
traffic loads under the proposed optimal code allocation
policy. The queueing delay and the packet loss prob-
ability of the low priority data traffic is also evaluated.
A semi-Markov decision process (SMDP) with guaran-
teed BERs for voice and data traffic is used for formu-
lating the system operation as a dynamic code assign-
ment problem. A value-iteration algorithm is applied to
this SMDP to derive the optimal policy. The paper is or-
ganized as follows. In section 2, the system models are
described. The optimal code allocation policy for the
voice and high priority data traffic is derived in section
3. In section 4, the performance analyses for voice and
high priority data traffic are conducted followed by the
performance analysis of the low priority data traffic in
section 5. Numerical results and conclusions are pre-
sented in sections 6 and 7.

2. SYSTEM MODEL

Let N,, Ny, and N, be the total population of voice
and two types of data traffic, respectively, in the CDMA
system. From these users a number of them are active at
each instant of time according to models described in the
next paragraph. Time is divided into slots of duration
equal to the transmission time of one packet. In our mod-
el, packet transmissions start at common clock instances
and packets have constant length of 1000 to few thousand
bits. Fig. 1 shows a CDMA system with mobile voice
and data user populations. However, our traffic models,
the CDMA interference model, the optimal CDMA code
allocation protocol, and the accompanying performance
analysis of this paper can be applied (with the appropriate
modifications) to any CDMA system with voice and data
users cellular, mobile satellite, or PCS.

The voice user population is modeled by a three-state
(idle, silent, and talkspurt) discrete-time Markov pro-

Base Station

l
)
!
i
H CDMA

-

\
L

Mobile Voice User

@

Fig. 1 - Model for mobile CDMA system.
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cess each with transition probabilities py , po, Py and
Py as shown in Fig. 2. The mean duration of the idle
and active periods of voice traffic are 1/p; and 1/p,.
Each data user of high priority is modeled by a two-
state (OFF/ON or idle/active) Bernoulli process, shown
in Fig. 3 with transition probabilities p‘01] and p‘fo. Simi-
larly, the mean duration of the idle and active periods of
data users are 1/p and 1/p¢ . For the low priority data
traffic we assume the number of arriving data packets
follows a Poisson distribution with mean rate A,. There
is some justification for using different models for the
high and low priority data users. The high priority data
users are treated in the same manner as voice users and
the finite population assumption is essential in deriving
the optimal allocation strategy. On the other hand the
low priority data users are assigned only the codes left
unused by all other traffic (voice and data), no optimi-
zation takes place, and a Poisson population model sim-
plifies our analysis and admission policy; we could also
use a Bernoulli model for the low priority users, but that
will complicate matters. Finally, we assume that the
data streams of all voice and data users are statistically
independent.

active

- -
- -

Fig. 3 - Model for data users.

We define the multiple-access capability (MAC) in-
dex K, as the number of voice users that can be accom-
modated simultaneously, such that the expected packet
error probability of voice traffic remains below a speci-
fied threshold. Similarly, the MAC index K, and K4,
for data users is the number of data users that can trans-
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mit simultaneously with a tolerable packet error. Thus
we have

P (k)< P,  Vk<K, )
P (k)< P,  YVk<K, )
P (k)< P,  Vk<K, 3)

where P;, Pgl and Pgﬂ are the maximum tolerable voice
and data packer error probabilities, respectively, and
P (k) is the packet error probability in the presence of k
simultaneous packet transmissions [10], where k in-
cludes both voice users and active data users. In prac-
tice, Pg > max {Pdl, Pgl}, and, therefore, K, >
max {K,,, K,,}. Here we also assume P i < P, so that
K4, < K 4,; this assumption can be easily relaxed and any
relationship between Pg' and sz can be accommodated.
If the total number of simultaneous users is k < K 4,, then
all k data or voice packets are received with acceptable
error probabilities. If K, < k < K,, then, among the k
packets, the voice packets and the data packets with
lower priority are received with acceptable error prob-
abilities, whereas the data packets with higher priority
are received with error probabilities higher than the ac-
ceptable value P ‘E’l, If K;, <k < K,, then only the voice
packets are received with acceptable error probabilities.
Finally, if K, < k, then all voice or data packets are re-
ceived with unacceptable error probabilities. Each active
voice or data user accepted into the system employs a
distinct code for the transmission of its packets.

If binary phase-shift keying (BPSK) with coherent
demodulation and binary convolutional codes with rate
1/2 and constraint length 7 and Viterbi decoding and
hard-decisions is used, one can evaluate an upper bound
[10] on the packet error probability of a single-receiver
system Pg(k). If N is the number of chips per bit and k
the number of simultaneous DS/CDMA signals that are
both time and phase-synchronous; then the symbol error
probability p under a Gaussian noise channel from [10]

)

where E,, is the energy per information bit in the re-
ceived signal, Ny/2 is the two-sided spectral density of
Gaussian noise, and

u2

Q(X)=—,\/—-217J. exp[——z—]du (5)

From p, we can obtain an upper bound of packet er-
ror probability Pg(k) from (3.29) and (4.1) of [10] and
Table 1 of [11]. Then the upper bound for Pg(k) is
plugged in the inequalities involving P g, Pg' and PgZ
above to obtain the MAC indices K, K,, and K,
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when the BER (and thus the packet error rate) specifi-
cations for voice and the two data traffic types are
given.

At this point it is important to emphasize that the
models and the analysis of this paper are not limited in
any manner by the choice of modulation/demodulation
or coding/decoding techniques used for DS/CDMA.
Actually, the basic traffic models and optimal alloca-
tion schemes are in principle and in structure the same
for direct-sequence and for frequency-hopped (FH)
CDMA systems. The only difference lies in the expres-
sions used for deriving Py (k) in (1) - (3); the expres-
sions in [10] were used here for DS/CDMA systems.
Corresponding expressions in [14] and [15] can be
used for FH/CDMA systems. Also notice that the
channel impairments assumed present in our system
model are limited to i) other-user interference of
CDMA and ii) additive white Gaussian noise (-
AWGN). We can incorporate of the effects of channel
fading (e.g., multipath) and shadowing as well as of
power control (for unequal received power levels);
however, this work is beyond the scope of this paper;
we will report on it in a forthcoming publication. Fi-
nally, we assume in this paper that all voice and data
users have the same data rate; this assumption can also
be relaxed and a true multi-media multi-rate CDMA
system can be optimized and analyzed, this is the sub-
ject of another forthcoming paper.

Going back to the model of voice traffic, we notice
that since each active voice user is in either silent or
talkspurt mode, the number of codes which are assigned
to active users can be larger than K, while still guaran-
teeing the same voice-packet error probability. This is
because, even though the number of total active voice
users may be larger than K, if the number of voice us-
ers in talkspurt is less than K, the voice packet error
probability will still be less than P P

In this paper, voice and high priority data packets
share all but a small number D2 (where D2 < K 4,) of
the available CDMA codes according to the dynamic
movable boundary allocation scheme described in de-
tail in section 3. D2 codes are always allocated to low
priority data users and the remaining low priority data
users either use the CDMA codes (if any) left unused
by voice and high priority data traffic or their packets
are queued.

Given the MAC indices K, and K 4,» W€ may com-
pute the maximum number of acceptable voice calls
and data users as follows. Let V, and D'" be the num-
ber of active voice and data users at the ¢-th time-slot.
Then the values of V, and D!" must satisfy the follow-
ing inequalities

0<pV<K, -D2
(6)
0<V, <u, (D)

where M (D") is the maximum number of active
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voice calls when the number of active data users is
Df”. The reason that we determine the bound on ac-
tive voice calls from the current state of high priority
data traffic, is that the data have more stringent re-
quirements on BER (recall that Pgl, Pgl < Pg). The
value of M (D") is obtained by ensuring that the
probability that the number of active calls in talkspurt
(out of M (D'")) is larger than Ky - DY — D2 re-
mains smaller than a prespecified acceptable value 0,
namely, '

M, (D,“))=arg mAr;lx i (1:[]

i=K4 ~D!") - D2+1

™
[p] [1-p]"" <6

This is equivalent to stating that under the condi-
tions (6) and (7) the data packet error probability re-
mains smaller than Pg' and the voice packet error
probability remains smaller than P, with confidence
(probability) 1 — §.

In (7) p, denotes the probability that each active
voice user is in talkspurt mode, it turns out that

o= (®)
P12t Py

Typical values of the transition probabilities are [12]

Pa1 =0.00833, p,, = 0.00556 ©)

Therefore, a typical value of p, is 0.4.

The function M (D") of (7) is non-increasing and
the maximum number of active voice calls or active
data users is given by M (D" = 0). Thus, the maxi-
mum number of CDMA codes to be assigned is
M (D" = 0). However, as the value of D'V increases,
Ml(Df”) decreases dramatically. Consequently, the
number of available codes for voice traffic must de-
crease to meet the performance requirement Pg' of
data. If M (D" = 0) = K,/p,, which is generally used
for calculating the maximum number of active voice
users in the absence of data traffic, then the packet er-
ror probability of data exceeds the prespecified value
with unacceptably high probability. Among the goals
of this paper, is to derive protocols that guarantee the
performance of data; thus, the maximum number of
voice users is determined so that (7) is satisfied and it
takes values between K, and K,/p, (that is, K, <
M (D) < K./p,). Refer to Tables la and 1b (for
D, =0) and Table Ic (for D, = 1) in section 6 for the
values assumed by M, (D") for § = 0.01 (i.e., confi-
dence level 99 %).
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3. OPTIMAL CODE ALLOCATION

In this section, we find an optimal policy for code al-
location, that is a sequence of allocation functions

F'(v, p,v, de)  1=012..., o
G*(v, D,v,. d"r)  1=012,..,

which minimizes an average cost under the con-
straints that the mean packet error probabilities of
voice and data traffic remain below prespecified val-
ues. The average cost is defined as the weighted sum
of the rejection (or blocking) rates of voice and high
priority data traffic; that is the number of voice calls
or high priority data packets from the arrivals that can
not be accepted into the system (and assigned CDMA
codes) per unit of time. By calibrating the weights in
this sum we can assign any desirable priority to voice
and data traffic.

The value of an allocation function is called an ac-
tion. The value of F*(., ., ., ., .) is the action aj for voice
traffic which represents the number of codes which are
assigned to newly active voice calls. Similarly, the val-
ue of G*(,, ., ., ., .) is the action a i for data traffic
which represents the number of codes which are as-
signed to newly active data users. The newly accepted
voice calls and data users should not cause the bounds
on the packet error probabilities (for the entire simulta-
neous system population) to be exceeded.

Let S be the state space of the code allocation prob-
lem, then we have

S= { =(v, D".v.d")[ o< DM <K, - D2,
0<V, < M, (D! )) 0<v, <N, -V,

_ Dx(l)}

1)

0<dV <N,

where v, and dﬁ” are the number of newly active voice
and data users at the #-th time-slot, respectively. For
ease of implementation, we consider stationary policies
only. A policy is called stationary if the actions chosen
for voice and data traffic at 7-th time-slot merely depend
upon the state at time-slot ¢.

At the beginning of the the r-th time-slot, assume
that the state is 2 = v, D“’, v, d'V) and that the
action a, = (a 1) € A(z, ) is followed This incurs
a cost

C(zt,at)zwv (v,—a,v)+wd (dt(l)_atdl) 12)

where w, and wy are relative weighting constants and
A(z,) is an action subspace given the system state z,
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Az)={(a.a)|0<a <v,. 0<aft <d",

0<DV+a <K, -D2, (13)

0<V,+a; <M(D +af )}
Then the action space is A = A(z;) X S.
The transition probabilities that at the next epoch the

system will be in state Z,, if action a, is selected at the
present state z,, are the following:

P la)=P{z

(v, D, v, d").a, =(a).a" )} -

= (v,, D, 7, i('))l Z =

(14)

where b(M, m, p) denotes the binomial distribution with
parameters M and p, where 0 <p < 1.

M

mA-p)M" if 0<m<M
b(M,m,p)= (m)p ( P) 1 m

(15)
0, elsewhere

where b(0, 0, p) = 1.

In addition, the expected time until the next decision
epoch, given that action a, is followed at the present
state z,, is T(z, a,) in packet-slots, where

cleva)=[{1- () (1)

ot )

(16)

Here it is assumed that 7(z, a,) > 0, for all states and
actions. In the above expression the entity in { } repre-
sents the probability of no new arrival to and no new
service completion from the current system state (z, a,)
in any packet-slot; then 1/{ } stands for the mean of the
geometrically distributed number of time-slots during
which the system remains unchanged (holding time).

The objective of the code allocation problem is to
find an optimal stationary policy which minimizes the
weighted rejection rates, that is

Minimize z z

z,€8 a,€A(z,)

_at +w dt(l)“atd
t(wa) ()
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The optimal allocation problem is formulated as below:

Minimize 2 Z C(zna,)u(z.a)

z,€8 a,eA(z,)

subject to z u(Z,,a,)z

a,eA(z)

Z Z PZ,I_., (a,)u(z,,a,)-

7,€8 a,€A(z,)

> Y tla)u(a)=t

7,65 a,eAlz,)

u(z,,a,)ZO, z,e$§

a7

where

7 (2, a,)

T(Z,, a,)

and 7 (z, a,) is the steady state probability distribution
at the state z, and its action a,. The value-iteration al-
gorithm [13] of a semi-Markov decision model is able
to solve the above optimal code allocation problem. The
value-iteration algorithm is described as below.

u(z,, a,)= (18)

Step 0:Choose V(z,) and 7 such that 0 € V(z,) <
min, {C(z,, a,)/t(z,, a,)}, forall z, and 0 < 7 <
min, , 7(z,, a,), forallz, and a,. Letn: = 1.

Step 1:Compute the recursive function of V,(z,) for all

z,, from
. | C(zq) T
% = .
n (Zt) ar,rélg {T (Zt’at) + 7 (Z,,at)

Y (o) (zm{l—ﬁ}vn_l @)

<1

and determine ¢(n) as a stationary policy [sequence of
actions that minimize the RHS of the above equation].

Step 2:Compute the bounds

L=min{V, (z)-V,., (2} (19)
and
L, =max {V, (z,)- %, ()} 20

2

The algorithm terminates and outputs policy ¢(n),
when 0 < (L, - 1,) < €l,, where € is a prespecified
bound on the relative error (accuracy).

Otherwise, go to step 3.

Step 3:n:=n+ 1 and go to step 1.

From the above algorithm, we obtain an optimal pol-
icy ¢ for managing the voice and high priority data
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traffic in the CDMA system. This policy describes the
optimal action a, = (aj, a;j') corresponding to the state
2=V, DV, v, d"), that is, the number of voice
calls and high priority data uses out of the new arrivals
(v, df”) that are allocated CDMA codes and are al-
lowed to transmit together with the continuing users
(V,,DM).

3.1. Implementation Issues

The optimal code allocation policy derived in this
section is fairly complicated. It appears to lack a simple
structure; for example we can not determine the optimal
action by comparing the components of the state z, to
proper thresholds and/or to each other. Moreover, the
derivation requires multi-dimensional optimization and
is rather time-consuming to perform on-line. We are
pursuing two solutions to this problem. The first is to
construct a look-up table describing the optimal policy;
that is, a table listing all possible states z, = (V,, D;”, Vi
dfl’) and the corresponding optimal actions a, = (a},
afl). This table is constructed by performing the neces-
sary optimization computations off-line for the most
likely set of system parameters. Excessive memory size
will be the problem here for large systems. The alterna-
tive is to derive near-optimal or sub-optimal policies
that possess structure and approximate closely the per-
formance of the optimal policy; these will still use some
parameters and small-size look-up tables derived off-
line but a substantial fraction of the computations for
determining the proper action given the network state
will take place on-line. We will report this work in a fu-
ture paper.

4. PERFORMANCE ANALYSIS

In this section we analyze the performance of voice
and high priority data traffic under the optimal policy.
The performance measures include the rejection rates
(number of calls or data messages blocked per unit of
time)and the throughputs of voice and high priority data
traffic. The performance of low priority data traffic is
analyzed in the next section.

To analyze the performance, we have to solve the fol-
lowing set of linear equations

53 el (1))

v, p"

where 7 = (V,, D,“’) is the steady state probability dis-
tribution at the state x, = (V,, D") and the transition
probability Py, under the optimal action a, = (aj, aj’l),

under the optimal policy ¢, is given by
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x,|x
N, -V, Ndl—D,(”
S S Afnem B
v, =0 dj”—o
(wau (%ﬂﬁ%mﬂﬂpﬁméwﬂ=
N,-V, Ny-D"
(Vr’ Dr“)) (a,,a, )}= z z P(P {)_C!
v,=0  gM=0 (22)
7. 0= (5.0 = b )
N,-V, Ng- -p"
Plu.d®]x = (v, DY)} = > 2 b(V, v+
v, =0 =0

a,—me)b(Dl) I)+a - l vp;IO)

b(NV—V,,V,,P(;l)b(Nd r ’ 1 v.DOl)

Finally, after solving the aforementioned system of
linear equations with Py, obtained from the above
equation, we are able to calculate the steady-state prob-
ability distribution 7 (V,, D“)) of the state x, =
(V,, DIV). Since all voice and data users are statistically
mdependent each other, the blocking rates of calls and
high priority data messages under the optimal allocation
policy ¢ are given by

S S S a2

v, D“) v, r'

DI O

ool vod

P WWNCL

o VoV v "

%% » 0

V, D(l) v, dl(l)

(23)

Py =

)7 (v, DI, v, )

mamw)m)

where the joint probability 7 (V,, DV, v,, d\V) is evalu-
ated in a sequence of steps described below

(1010 = 1 (], 2 (v 2=

(25)
P (o v) P, (49| 01%) (100
using the facts that
R(V,IV,)=b(NV—V,,vt,p81) (26)
P (d,(‘)lD,“))zb (N, - DO, 4, piy) 27)
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The throughputs of voice and data traffic are given by

; ; V.- n( ) (28)

D,

=Y > oz (v. D) (29)
v, plV

5. DATA TRAFFIC ANALYSIS

According to the code allocation protocol considered
in this paper the surplus of low priority data packets is
queued, if i) all D2 CDMA codes reserved for them are
used and ii) there are no codes left unsed by the voice
and high priority data. This queueing will be necessary
for both the return link [from mobile to satellite and
gateway station (for satellite networks)] or from mobile
to base station (for cellular networks)] as well as for the
forward link [from gateway to mobile or from base sta-
tion to mobile] of CDMA networks. For the forward
link our analysis and derivation of an efficient code al-
location policy is complicated by the fact that the low
priority data traffic and the desirable decision (admis-
sion) policy must be distributed at the mobile sites.
Such a distributed multiple-access protocol will be very
complex and its analysis is beyond the scope of this
paper. However, for the return link all traffic is concen-
trated at the gateway or base station and there is a single
decision maker: the network controller at that station.

For the scenario described in the previous paragraph
there are two approaches that we can follow for model-
ing and performance evaluation. According to the first
approach, the data traffic evolution is modeled by an
M/D/c/B queueing model, where B is the buffer size
and the number of servers (e.g., CDMA codes) available
for the low priority data traffic. We can then obtain the
performance measures (throughput, delay, and packet
loss probability) for low priority data traffic from an
M/D/c/B queueing model with fixed ¢ and then aver-
age these performance measures over the probability dis-
tribution g(c) of c. Alternatively, we can obtain the tran-
sition probability matrix for the states of the system from
scratch, without any reference to the M/D/c/B model,
and work with the associated Markov chain. In the re-
maining of this section we follow this second approach.

The probability distribution g(c) of the number of
available servers ¢ for low priority data packets at any
time-slot is obtained as follows:

q(c)= > x (V. D)+

{D,‘”;: 0, M, (D,“>+c+1) <V <M, (D,‘” +c)}

> (v, ")

r
{D“)=O M, (c+1)<V,< M (c}
1 4 2 =2

(30)

where My(D (") is defined similar to M, (D) in eq.
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(7) with K;, replaced by K,,.

Assume that the data buffer at the gateway (for satel-
lite networks) or the base-station (for cellular networks)
has size B. Let the number of data packets in the buffer
at the r-th time-slot be »,, where 0 < n, < B. The num-
ber of arriving data packets at each time-slot is Poisson
with mean rate A,,. Let l_(,j be the number of arrival
packets at z-th time-slot, which is independent of ng;
then we have

no=n+l"-d G1)
where d, is the number of departing data packets that
are transmitted at the beginning of the next time-slot;
these depend upon n, and the number of available
channels for data users as d, = min {n,, ¢ + D2}. The
states n, = 0, 1, ..., B follow a discrete Markov chain
and their steady-state probability distribution 7% is ob-
tained from the solution of the following set of B + 1
linear equations

A
/1 le"

Z 7% (k)=1
k=0

where Py, is the time-slot transition probability ma-

(32)

trix for data under the threshold model. The entries of
the transition matrix P., are obtained from the rela-

nqln,
tionships
w Kg-D2
Bl = Z Y P(A | .0 o) P(1) g () (33)
I7=0 ¢=0
where P(if)is independent of n, and is given by
ldz }’ k
d
P(, _k)_ s k=012, (34)

for the Poisson model of arriving data traffic (at gate-
ways or base stations). The random variable ¢ only de-
pends on the number of channels used for voice calls
and high priority data and is independent of n, and 7?1.
Thus we have

P (ﬁ, | n,, i,d, c) =
{1, if i, = min {B, n, +1 —min (n,c+ D2)} (35)

0, elsewhere.

After obtaining the time-slot transition matrix P, o
we can compute the steady-state probability dlstrlbutlon
2(n,) for all 0 < n, < B. From the latter we can easily
obtain the average data delay and the packet loss prob-
ability, which is due to the finite buffer size at the gate-
ways or the base stations. First we obtain the average
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data throughput as
Kd2 -D2 p
Na, = z Z min (c+D2, n,)ﬂ'd2 (’l,)Q(C) (36)
=0 n,=1

and the average total data delay
(37

where the value of Dy, is in packets (time-slots), 1 is
the service time of one packet, 1/2 is the average wait-
ing time from the arrival time of one packet to the be-
ginning of the next time-slot, and the last term in the
right-hand side represents the average data queueing
delay. For gateways connecting satellites and mobiles
the round trip propagation time between earth stations
and satellites may have to be added; the latter delay
can be easily computed from the satellite altitude and
translated to time-slots by dividing by the packet trans-
mission time. Finally, the packet loss probability is
given by

p= (/ldz Mg, )/;Ld2 (38)

6. NUMERICAL RESULTS

For our performance results we assume that the
DS/CDMA system employs BPSK data modulation
with coherent demodulation, binary convolutional
codes with rate 1/2 and constraint length 7, and Viterbi
decoding with hard-decisions. The parameter values
Ey/Ny = 9dB and N = 255 are used in the numerical
computations. For the MAC indices K, = 15 and K d =
K4, = 10 the corresponding packet error probabilities
are P/ =3 x 1073 and P/ = P2 = 1.5 x 104, respec-
tively. We present the numerical results for D2 = 0,
that is, there are no CDMA codes reserved for the low
priority data, and D2 = 1, that is, a single CDMA code
is reserved. In eq. (7), we set 8 = 1%; resulting in a
probability of 0.99 that the number of active calls in
talkspurt is less than and equal to K, — D(“ Then, if
up to M, (D) voice calls and D" data users are in
the system, the above voice and data BER (and packet
error) requirements are met. The values of M,(D'") as
shown in Table 1a when § = 1%. For comparison pur-
poses, notice that, if the voice activity characteristic is
not taken into account, then the maximum number of
active voice users is 9 rather than 13 when there is 1
active data user in the system and 15 rather than 24
when there is no active data user in the system. Table
1b and Ic present similar results for the smaller MAC
indices K, = 12, K;, = K;, = 8 and D2 values of D2 =
0 (Table 1b) and D2 = 1 (Table 1c) which correspond
to packet error probabilities of approximately P =
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Table 1a

DV 0 |1(2/3 45 67|89/ 10
M@DM)|24(13[11/9 |8 6432 1 0

DV o |1]2]3]4/5/6|7|8
M@»") 18 9|8 64 32|10

DV o1 ]2]3/45 6|7
M@DM13(8 6|43 2 1|0

—

1.3 x 103 and P = P = 3.5 x 10-5. The offered
loads of voice and data traffic are defined as the aver-
age of the number of active voice calls and the number
of active data users, respectively,

v d
_ P .4 G, =N, P01 (39)
d, d, d d

G, =N
" " po1 + Pio Po1 t Pio

In Table 2, we list some of the actions taken under
the optimal policy and three different data weighting
factors w, = 1, 10, and 100 (for voice w, = 1). With the
parameters G, = G, = 1.43.

Table 2
Current New
Users Users wy=1 wy=10 |w,=100
v, D(,l) v, d(t 1 a) afx a’ a:ll a’ a:i,
3/2(3/03,0 3]0 3]0
302031, 3|13 1 ]1]1
302 03,231 (12|02
3,233,310 303
323|431 /0|30 3
6 /0|10 1[0 1 0|1 O
6|0 | 1| 1|1 1 |1 |1[1]1
6 0|13/ 1,2 0]3]0)3
60 |1 |4|1]2 0|3]|0]3

The performance measures of voice and high priority
data traffic are the average blocking rates and the
throughputs. For low priority data traffic the perfor-
mance measures are the average packet loss probability,
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the throughput, and the queueing and system delays.
The results of Figs. 4 to 14 pertain to the system param-
eters used to generate Table 1b (for D2 = 0) and Ic (for
D2 = 1). In Figs. 4 to 11 we show performance results
for voice and high priority data traffic whereas in Figs.
12 to 14 we show performance results for low priority
data traffic.

In Figs. 4 and 5 we show the blocking rates of voice
and high priority data traffic versus the offered loads of
voice traffic (G,) for an offered high priority data load
of G, = 143 and two different data weighting factors
(wy = 1, and 100). As expected the blocking rates of
voice calls (Fig. 4) and of high priority data traffic
(Fig. 5) increase as G, increases. The blocking rate of
voice calls increases and that of high priority data de-
creases as the weighting factor increases. When D2 in-
creases, both the voice and high priority data blocking
rates increase.
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In Figs. 6 and 7 we show the blocking rates of voice
and high priority data traffic versus the offered load of
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data traffic (G ) for an offered voice load of G, = 1.43
and two different data weighting factors (w, = 1 and
100). As expected the blocking rates of voice traffic
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(Fig. 6) and of high priority data traffic (Fig. 7) increase
as G, increases. The effect of increasing w, and D2 is
the same as for Figs. 4 and 5.

In Figs. 8 and 9 we show the throughput of voice and
high priority data traffic as a function of the voice load
G, and for a data load G = 1.43. As expected the voice
throughput increases and the data throughput decreases
as G increases. Increasing w, (from 1 to 100) reduces
the voice throughput (Fig. 8) more drastically for D2 =
1 than for D2 = 0. Moreover, increasing D2 (from 0 to
1) reduces the data throughput (Fig. 9) more drastically
for w, = 1 than for w,; = 100.

In Figs. 10 and 11 we show the throughput of voice
and high priority data traffic as a function of the offered
data load G, and for a voice load G = 1.43. As expect-
ed the voice throughput decreases and the data through-
put increases as G ” increases. Moreover, increasing D 2
(from 0 to 1) reduces the voice throughput (Fig. 10)
more drastically for w; = 100 than for w, = 1. Increas-
ing D2 (from 0 to 1) and/or w, (from 1 to 100) has little
effect on the value of the data throughput (Fig. 11).

In Figs. 12, 13, and 14 we show the average packet
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loss probability, the average system delay, and the
throughput of low priority data traffic versus the offered
low priority data rate (4,,), for a voice load G, =1.43, a
high priority data load G, = 2.09, and two data weight-
ing factors w, = 1 and w, = 100. When a CDMA code is
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reserved for the low priority data traffic (D2 = 1), the
data packet loss probability (Fig. 12) and system delay
(Fig. 13) decrease whereas the data throughput (Fig. 14)
increases; this change is more substantial for larger val-
ues of the weighting factor w, (w, = 100 versus w, = 1).
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Fig. 14 - Mean packet throughput vs A,

7. CONCLUSION

In this paper, we have derived and analyzed the per-
formance of an optimal scheme for CDMA code alloca-
tion to voice traffic and data traffic with two priorities.
Voice calls and high priority data traffic are treated in
the same manner and they share the CDMA capacity in
a movable boundary fashion; real time delivery is guar-
anteed for both while their BER requirements are met,
otherwise blocking occurs. The long-term blocking rates
of voice and high priority data traffic are minimized by
our scheme. Low priority data users use whatever ca-
pacity is left unused by the other two traffic types plus a
small fraction of the capacity reserved for them; if suffi-
cient resources are not available, they are queued; de-
lays and packet loss is experienced by these data users.

The performance of the optimal schemes was evalu-
ated for several values of the offered voice and data
loads; the tradeoffs involved when the offered voice or
data load increase were examined. We showed that the
optimal admission policy differs for varying weighting
factors w, (w, = 1) but the performance differs only
when w, becomes much larger than w, (e.g., w, = 100).
The activity characteristic of voice traffic was taken
into account and it helped to increase the number of us-
ers accommodated. Implementation issues were dis-
cussed and directions of our current and future work in
this area were outlined. This work together with our
work presented in [7] provides some key results about
admission policies in CDMA networks with voice and
data traffic and we hope it offers some useful insights
and guidance for the design of real-life CDMA systems
with multi-media traffic.
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Payload Bit Justification Effects
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Abstract. Four contributors to Synchronous Digital Hierarchy (SDH) network desynchronizer
buffer fill variations are the justification bits in the VC-12 payload, the irregular spacing of the
data in the VC-12 payload, the irregular spacing of the data in the SDH frame, and the pointer ac-
tivity which contains byte activity as opposed to the bit activity in the VC-12 itself. These phe-
nomena result in a variation of the rate at which bits arrive at a desynchronizer in a SDH network.
Modeling and understanding of these processes is required in order to be able to propose ad-
vanced pointer processor algorithms as well as advanced jitter reduction techniques in SDH de-
synchronizers. This paper examines the relative effects of bit justifications in VC-12 payloads in
conjunction with the corresponding byte justifications in SDH networks in order to determine the
dynamics of SDH network plesiochronous desynchronizer buffers.

1. INTRODUCTION

The Synchronous Digital Hierarchy (SDH) is an
international transmission standard which defines a sig-
nal hierarchy in such a manner as to allow compatibility
between the European signal hierarchy based on 2.048
Mbit/s and the North American Hierarchy based on
1.544 Mbit/s. The SDH standard [1-3] defines among
other things a synchronous frame structure for multi-
plexed digital traffic. The basic building block for the
North American Hierarchy multiplexed digital traffic is
the Synchronous Transport Signal Level 1 (STS-1) and
is used in the North American equivalent of SDH which
is the Synchronous Optical Network (SONET). Multi-
ple STS-1 signals can be interleaved to form higher rate
signals. Three STS-1 signals are interleaved to form
STS-3 which is the basic building block in Europe. The
STS-3 is also defined as the Synchronous Transport
Module 1 (STM-1).

A STM-1 signal consists of information payload and
section overhead fields organized in a block frame
structure which repeats every 125 ps. The information
is conditioned for serial transmission on the selected
media (i.e. optical fiber) at a rate which is synchron-
ized to the network. A basic STM-1 is defined as
155.520 Mbit/s. At each network node where the signal
is demultiplexed, information is required on a byte-
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wide basis. Thus the network nodal processing done on
the signal is byte-wide and all operations are done at
19.44 MHz.

A Virtual Container (VC) is the information structure
used in STM-1. It consists of information payload and
path overhead information fields organized in a block
frame structure which repeats every 125 or 500 ps.
Alignment information to identify VC frame start is
provided by pointers. A pointer is a value which defines
the frame offset of a virtual container with respect to the
frame reference. Four VCs are defined by ITU [2] and
contain various data rates. A VC-4 contains 139264
kbit/s, a VC-3 contains either 44736 kbit/s or 34368
kbit/s, a VC-2 contains 6312 kbit/s, a VC-12 contains
2048 kbit/s, and a VC-11 contains 1544 kbit/s.

There are two types of VCs, higher order and lower
order. The only higher order VC in a STM-1 signal is a
VC-4. The VC-4 has associated with it a pointer value
which defines the phase relationship between the STM-
1 frame and the VC-4 contained within the frame. The
combination of the VC-4, the pointer and some addi-
tional overhead bytes is named an AU-4. There are sev-
eral different types of lower order VCs. An example of
a lower order VC is a VC-3. The VC-3 has associated
with it a second pointer which defines the phase rela-
tionship between the VC-3 and the AU-4 in which it is
contained. The combination of the VC-3, the pointer
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and some additional overhead bytes is named a TU-3.
Two more examples of a lower order VCs are the VC-2
and the VC-12. The combination of the VCs, pointers
and additional overhead bytes become TU-2 and TU-12
respectively. Both the TU-2 and the TU-12 require four
STM-1 frames to contain each of them, their pointers
define the phase relationship between the VCs and the
four STM-1 frames which contain them.

SDH networks use synchronizers to convert input se-
rial signals into bytes. These bytes are then mapped into
the payload positions of a SDH frame. The transmission
network then transmits these payloads through the net-
work to their destinations. At the end of the transmis-
sion process, the bytes are converted back into a serial
bit stream by a desynchronizer with a reconstructed data
rate as close to the original data rate as possible. SDH
networks are compatible with numerous data rates in-
cluding but not limited to 139.264 Mbit/s, 34.368
Mbit/s, and 2048 kbit/s. In order to match serial input
data rates to the transmission capabilities of SDH, bit
justification is used in the synchronization process,
while byte justification is used in the transmission pro-
cess. In certain circumstances, these bit and byte justifi-
cation processes may introduce undesirable effects in
the output of SDH networks in the form of wander and
jitter. Wander and jitter are the low frequency and high
frequency variations in the output signal relative to an
ideal representation of the signal. The minimization of
wander and jitter in SDH networks is one objective in
SDH network design.

A SDH network transporting a 2048 kbit/s signal is
shown in Fig. 1. The entry point for a serial 2048 kbit/s
input to the network is the synchronizer. A synchronizer
is the network element which must take the incoming
2048 kbit/s serial signal and map it into a SDH floating
asynchronous VC-12 payload structure. In addition to
path overhead (POH), the floating asynchronous VC-12
payload structure consists of 1023 data bits, six justifi-
cation control bits, two justification bits §1 and S2, and
eight overhead communications channel bits. The re-
maining bits are fixed stuff (R) bits. The O bits are re-
served for overhead communications purposes. The
VC-12 mapping which this paper exclusively uses is the
floating asynchronous mapping, other mappings such as
locked and synchronous are defined in G.709 [1] but are
not included in this analysis. The VC-12 floating asyn-
chronous mapping used in this paper is shown in Fig. 2
[1]. For a nominal 2048 kbit/s signal, the payload struc-
ture is defined such that the S2 justification bit must be
filled with a payload bit and the S1 justification bit is

POH
SERIAL
OuTPUT

[NODE N WITH
B

POH SYNCHRONIZER | [NODE 1 WITH
SERIAL WITH BIT BYTE DESYNCHRONIZER
INPUT JUSTIFICATIONS r{/USTIFICATION:

USTIFICATIONS|

CLOCK CLOCK  CLOCK
1 2 N-1

CLOCK
N

Fig. 1 - SHD network block diagram.
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Fig. 2 - Floating asynchronous mapping of 2048 kbit/s tributary into
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empty. In the event the synchronizer node reference
clock is too fast or the arriving data rate is too slow, S2
bit justification opportunities will occasionally not be
used. Conversely a slow synchronizer clock or too fast a
data rate arrival will result in both $2 and also occasion-
ally S1 justification bit usage.

After the synchronizer network element block in Fig.
1, the SDH transmission network transports a byte wide
representation of the 2048 kbit/s signal. This byte wide
transmission requires network nodes to include byte
wide FIFOs for storage of a small portion of the pay-
load being transmitted. This storage is required to allow
variations between the input clock to a given network
node and the output clock for that same node. The clock
source for these input and output clocks is different and
thus relative variations will occur in network operation.
In the event of a variation, the byte wide FIFO in a giv-
en node will begin to fill up or empty out. Byte wide
justification opportunities are defined in the SDH stan-
dards to accommodate such situations [1, 2, 3]. A posi-
tive justification opportunity is a byte or group of bytes
that are normally filled with payload bytes but may be
left empty thus slowing down the rate at which the byte
wide FIFO is being emptied. Such use of these positive
justification bytes is called a positive pointer action.
Similarly, there are negative justification bytes which
are normally empty. In the event of a negative pointer
action, these justification bytes are filled thus speeding
up the emptying of the byte wide FIFO.

There are two levels of pointer activity which corre-
spond to the two types of VCs discussed earlier in this
paper. The first is higher order and the second is lower
order pointer activity. At the higher level, Administra-
tive Unit (AU) pointer actions may occur. These point-
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er actions are associated with network nodes which
store a SDH frame in a single FIFO. This single FIFO
contains all of the payload bytes for the entire SDH
frame. Nodes which operate in this manner are referred
to as higher order nodes and may generate AU pointer
actions. The second type of pointer activity is that
which occurs at lower level in the SDH payload hierar-
chy. At this lower level, a node breaks a SDH frame
down into the lower order payloads and stores these
lower order payloads into separate FIFOs. Nodes
which operate in this manner are referred to as lower
order nodes and may generate Tributary Unit (TU)
pointer actions. Lower order nodes are required when
lower order payloads are switched in cross-connects or
are added/dropped from the network in Add/Drop mul-
tiplexer (ADM) equipment. One added complexity to
the analysis of SDH pointer activity is that there is
some interaction between higher order and lower order
pointer activity [6].

The last block in Fig. 1 is the desynchronizer. The de-
synchronizer portion of the network is the network ele-
ment that takes the SDH payload mapping and recon-
structs the output signal. A nonuniform data arrival rate
to the desynchronizer places constraints on the desyn-
chronizer algorithms which are required to minimize the
jitter in the output signal. These types of variations in
the desynchronizer FIFO bit levels are undesirable [7,
8]. Nonuniform arrival of data at the desynchronizer oc-
curs for several reasons. In the normal operating mode
of a SDH network, virtually no pointer activity occurs.
Data arrival at the desynchronizer node is dependent
upon the byte wide mappings of the transport mecha-
nism. Gaps exist between the data bytes, resulting in an
irregularly spaced arrival of the bytes to the desyn-
chronizer bit buffers. These gaps exist in both the VC-

12 mapping as defined in Fig. 2, as well as the byte gaps
shown between locations which transport a given VC-
12 in the STM-1 frame structure shown in Fig. 3 [2, 3].

- 270 BYTES TOTAL -
ve-12 ve-12 ve-12 ve-12
VIAINININ
cirlelplp
SECTION 4 IR OTHER OTHER ER
OVERHEAD TRIBUTARIESY TRIBUT. NTRIBUTARIE] 9 BYTES
BYTES  |p ARIE TOTAL
o
H

5 Ed Y IEviEs > TSevieS eevied ] <sz‘sm‘?? el

Fig. 3 - STM-1 frame structure.

During “normal” network operation, synchronous
clocking throughout the network results in virtually no
byte justifications required in any of the byte wide buf-
fers located in each SDH node [4, 5]. In the event of a
synchronization failure, a node or several nodes will ob-
tain clocking sources from a clock in holdover or free
running mode. This results in relative clock differences
between the SDH nodes. Clock differences on the byte
wide buffers of SDH networks using fixed thresholds on
the FIFOs result in positive or negative pointer activity
as shown in Fig. 4 [6]. This figure shows a six node
SDH network which has different clocking frequencies
at the different nodes in the network. Higher order
pointer activity may occur at higher order nodes which
are labeled as “LEVEL: AU-4". Lower order pointer ac-
tivity may occur at lower order nodes which are labeled
as “LEVEL: TU-12". At the bottom of Fig. 4, the values
of the node clocks are shown relative to an ideal, exactly
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Fig. 4 - Pointer activity in a six node network transporting a TU-12 payload with various relative nodal clocking frequencies.
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on frequency, mapper node clocking source. At node 1
in the network, positive pointer activity results from a
+ 4.6 parts per million (PPM) clock offset frequency.
The point in time that the positive pointer occurs at node
1 is shown by placing a tick mark in the upward direc-
tion on the node 1 time line which represents five sec-
onds of real time network operation. Similarly, a 0.0
PPM clock offset (i.e. this clock matches the synchro-
nous clocking source exactly) coupled with the different
clock source and pointer activity at the previous node re-
sulting in negative pointer activity over time as shown
by tick marks in the downward direction on the time line
for node 2. Each upward tick mark on an associated
node time axis represents the occurrence of a positive
pointer activity where one byte is not transmitted during
the positive byte justification opportunity. Each down-
ward tick mark represents a negative pointer activity in
which an extra byte is placed in the negative byte justifi-
cation opportunity. The net effect of these pointer.activ-
ities is that the arrival of data at the desynchronizer is not
uniform. For more detailed description of the network
shown in Fig. 4, the reader is referred to reference [6].

Modeling of desynchronizer data arrival rates and
analysis of these results leads to the information neces-
sary to optimize plesiochronous desynchronizer jitter
minimization algorithms and is one of the goals of this
work. An early step in this process is to characterize the
effects of the bit and byte justification mechanisms
which exist in SDH network standards and then to pro-
pose techniques which reduce these effects. This paper
presents the methodology used and the results obtained
in modeling the bit and byte justification effects in a
SDH network transporting a 2048 kbit/s payload.

2. SIMULATION MODEL

The simulation model which was used to obtain the
results presented in this paper is shown in block dia-
gram form in Figs. 5, 6, and 7. In Fig. 5, the mapping of
an asynchronous 2048 kbit/s signal is modeled by gen-
‘erating a byte at the rate required by a network mapper
node. For each mapper node byte clock, a byte of the
VC-12 structure (shown in Fig. 2) is examined to deter-
mine what type of byte is to be placed into the byte
wide SDH network. The possible bytes are a normal 8
bit data byte, a byte containing 7 data bits and a S2 jus-
tification byte, a byte containing only one data bit (the
byte with the S1 justification bit opportunity), or an

SERIAL BIT o BITTO TO FIRST
2048 KBIT/S ™ BUFFER - BYTE NETWORK
INPUT MAPPING NODE
S1 AND S2
JUSTIFICATION
BUFFER USAGE
FILL
LEVEL

Fig. 5 - Synchronizer model.
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overhead byte which contains 0 data bits. Based upon
the fill in the 2048 kbit/s bit wide buffer fill, the justifi-
cation opportunities are either used or not used so as to
keep this bit buffer within acceptable levels. In the sim-
ulation model, actual data is not passed through the net-
work. Instead the bytes transmitted through the network
simulation model contain values of 8, 7, 1, or 0 repre-
senting the number of data bits from the 2048 kbit/s
tributary carried in a given STM-1 network byte. This
methodology allows the FIFO fill levels to be modeled
throughout the network. This also allows detailed analy-
sis of all of the network elements on a clock cycle by
clock cycle basis (at the expense of high simulation
computational requirements) so as to determine in a
very detailed manner the network dynamics.

2.1. Network node model

Fig. 6 shows the next portion of the network simula-
tion model. This portion of the model receives bytes
from the synchronizer and places these bytes into the
byte locations in the higher level STM-1 frame. Repre-
sentations of the STM-1 frame are stored in the simula-
tor model so that bytes are requested from the syn-
chronizer only when the first SDH node must transmit
a byte throughout the remainder of the SDH network.
Each intermediate node in the network contains a byte
wide FIFO model as well as an incoming STM-1 frame
structure model and an outgoing STM-1 frame struc-
ture model. When the byte FIFO in a given SDH net-
work node becomes too full or too empty based upon
threshold values, a pointer action will be initiated. The
effect of these pointer actions is that one extra or one
less byte will be taken from the byte FIFO and used in
the positive or negative pointer action byte justification
opportunity in either the higher order or the lower order
justification location depending upon the network node
type. A higher order pointer action results in a STM-1
frame structure model shift relative to other nodes in
the network. A lower order pointer action results in a
lower order payload shift inside the STM-1 frame
structure. The simulator model takes these effects into
account so as to represent the new STM-1 frame byte
relationships with the other nodes in the network and
thus model the effects of pointer activity throughout
the SDH network.

POINTER
REQUEST
GENERATOR
ELASTIC
FROM STORE o
PREVIOUS INPUT TS BYTH
— OUTPUT] NEXT
W D HEE Bt o
X NODE
Y [Rewo
BYTE FIFO
CLOCK FROM
R cionxrron
NODE #N-1 NODE #N
Fig. 6 - Node model.
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2.2. Desynchronizer model

Fig. 7 shows the terminating point of the transmission
of the VC-12 payload, the desynchronizer. The desyn-
chronizer is modeled in the simulator as a simple imple-
mentation which either speeds up or slows down by a
preset value based upon the fill of the desynchronizer
bit FIFO. This is an overly simplified desynchronizer
for most applications because of the output jitter which
results from such a straight forward approach. A more
realistic desynchronizer which minimizes the output jit-
ter requires more complicated algorithms based upon
the inputs to the desynchronizer. Additionally, pointer
processor algorithms affect this jitter and there are sev-
eral techniques which have been proposed to reduce this
effect [9, 10, 11]. Pointer processor algorithms may be
enhanced to reduce the demands placed upon the desyn-
chronizer by modifying the dynamics of pointer activity
which is passed down the SDH network. For the pur-
poses of determining the dynamics of SDH networks
relative to the desynchronizer, a simplified desynchron-
izer model is initially used. This meets the present ob-
jectives of allowing accurate modeling of the desyn-
chronizer bit FIFO fill in the presence of SDH byte
wide network operations.

FROM SERIAL
LAST g:fTTE To DESYNCHRONIZER EILCEITA 2048 KBIT/S
:g.ggom( L BIT BUFFER . OUTPUT

BUFFER FILL
LEVEL

Fig. 7 - Desynchronizer model.

3. SYNCHRONOUS CLOCK OPERATION

During normal synchronous operation of a SDH net-
work, all clocks are of the same frequency. No pointer
activity or justification bit temporal activity is required
in the transmission of the payloads throughout the net-
work. In this steady state condition, the fill of a desyn-
chronizer bit buffer is dependent upon the irregular arri-
val times of the bits from the transported STM-1 frame.
In normal network steady state operations with the net-
work clocks fully synchronized, the fill of a desyn-
chronizer bit FIFO varies in a regular manner. This fill
is determined by the effects of irregular spacings in time
of the data inside the VC-12 payload as well as the ir-
regular spacings in time of the VC-12 payload in the
STM-1 frame. Fig. 8 shows the number of bits in a de-
synchronizer bit FIFO versus time in a SDH network
with all clocks in fully synchronous operation. The
number of bits in the VC-12 desynchronizer bit buffer
varies between 19 bits and 50 bits in a periodic manner.
This variance occurs in general due to the physical defi-
nitions of payload mappings and hierarchies in the SDH
standards [1, 2, 3]. The desynchronizer is not required
to alter its phase locked loop removal rate of 2048 kbit/s
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Fig. 8 - Number of bits in the VC-12 desynchronizer bit FIFO buffer
with clocks in fully synchronous operation.
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since the arrival of the bits over a long term relative to
the FIFO threshold levels and the time constant of the
phase look loop is equal relative to the desynchronizer
data removal rate. The variance of the buffer fill is
caused by the spacings between the VC-12 payload
bytes as well as the spacing between the STM-1 frame
bytes which contain the VC-12 mapping. The major ef-
fect is caused by 3 consecutive overhead/fixed stuff
bytes in the VC-12 payload arriving sequentially. These
3 bytes contain a large amount of no data, causing a
rapid decrease in the desynchronizer bit buffer. The
time scale of Fig. 8 is expanded relative to later figures
to show the rapid perturbations due to the VC-12 pay-
load mappings.

4. RESULTS OF SIMULATIONS WITH MAPPER
NODE IN HOLDOVER MODE

The simulation results presented in the remainder of
this paper are obtained from a network model as shown
in Figs. 5 -7. A network consisting of a synchronizer, a
single node, and a desynchronizer were simulated. In
this simple network, only two clocks exist and the value
of N shown in Fig. 6 is equal to 1. Thus, the clocks in
Fig. 6 may be labeled as “clock from network node #0”
and “clock from network node #1”. The mapper clock
in this simulation which controls the speed at which the
VC-12 bytes are constructed is the same clock as the
“clock from node #0”. The rate at which bytes are deliv-
ered to the desynchronizer in Fig. 7 is controlled by the
“clock from network node #1”. In general the simula-
tion model presented in this paper has the ability model
networks consisting of an arbitrary number of nodes.
For simplicity, the simulations in the remainder if this
paper consists of the simplest network possible. The
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simplest network possible is a synchronizer, a single
node, and a desynchronizer.

When a VC-12 is formed at the mapper node, justifi-
cation S bits are used to respond to variations in the lev-
el of a bit FIFO which holds the incoming asynchro-
nous serial data temporarily. In the event the mapper
node clock is slow, the construction of the VC-12 bytes
may be too slow and the bit FIFO will become too full.
Data must be placed into the VC-12 mapping faster, so
S1 justification bits will begin to carry data. In the event
a mapper node clock is too fast, VC-12 bytes are being
constructed too fast for the serial asynchronous bit
FIFO. The bit FIFO will begin to empty out and the S2
justification byte which normally carries data will begin
to not be used. Not putting data into the $2 justification
bit allows the bit FIFO to begin to fill back up to a nor-
mal level. When a SDH network node has a clocking
source failure and this node derives its clocking source
from a slightly off frequency holdover mode, pointer
activity will result. Pointer activity occurs at locations
where VC-12s are stored in byte wide FIFOs. Pointer
activity is a result of a byte wide FIFO becoming too
full or too empty. Justification S bit activity occurs only
in synchronizer nodes, where asynchronous mapping
takes place.

There are two possible scenarios for the mapper node
clock in the simple network in this paper. The first is
that the synchronizer clock (mapper node clock) is too
fast relative to the remainder of the network (the clock
at the desynchronizer side of the network). This situa-
tion results in the VC-12 S2 justification bit not contain-
ing data in some VC-12 bytes as well as negative point-
er actions being generated and passed down the SDH
network. The VC-12 S2 justification bit is only occa-
sionally used by the data in order to keep the synchron-
izer bit FIFO fill within predefined tolerances. Negative
pointer actions are generated because the mapping pro-
cess will generate too many bytes and the byte FIFO
will become too full. The negative pointer justification
byte usage will keep the byte FIFO level within accept-
able tolerances. Both of these bit and byte justification
mechanisms will be active for fixed frequency clock
offsets at the mapper node. The second scenario occurs
when the synchronizer clock (mapper clock) is too
slow, resulting in the VC-12 S2 justification bit always
containing data while VC-12 S1 justification bit will al-
so occasionally contain data. In this case positive point-
er actions are generated at the first node and are passed
to the desynchronizer node. In this paper the second
scenario will be examined where S1 justification bit us-
age occurs as well as positive pointer actions. The first
scenario results in similar results and is not specifically
presented in this paper.

4.1. Justification transmission

The dynamics of justification bit passage down SDH
networks are different from the dynamics of pointer
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byte justification transmission down the networks. The
effects of this are significant because of the effects they
have on the desynchronizer FIFO fills. Additionally this
results in temporary differences in the transmission rate
of the VC-12 payload bits, and thus causes undesirable
effects at the desynchronizer [9, 10, 11]. These effects
were modeled by starting the SDH network model with
all clocks synchronized. After 0.1 s of normal synchro-
nous operation, the clock at the mapper was set to a new
value with a frequency offset representing network op-
eration with the mapper in holdover mode. The network
was then modeled for a total of 1.2 s of real time opera-
tion. The results of this for the mapper operating in a
holdover mode with an increased clock period by 300
ppm are shown in Figs. 9, 10, and 11.

4.2. Pointer activity over time

The amount of STM-1 positive pointer activity over
time for this scenario is shown in Fig. 9. This figure
shows the resulting positive pointer activity at the node
in the SDH network which was simulated. The pointers
which are generated result in a byte not being placed in
the normally filled STM-1 frame positive byte justifica-
tion opportunity of the STM-1 frame. When the mapper
clock period is larger than normal by 300 ppm, the byte
which normally would have appeared in the STM-1
frame positive justification position is one of three
types. The first type is that of a normal data byte con-
taining 8 data bits. The second type is that of a data byte
containing only one data bit due to use of a S1 justifica-
tion opportunity in the VC-12 payload mapping. The
third type is that of a VC-12 over head byte which con-
tains no data. Examples of these overhead bytes are the
V5 byte and the R bytes in the VC-12 payload. Fig. 9
identifies the type of byte that normally would have ap-
peared at the desynchronizer by placing a mark on the
time axis for each positive pointer action. The height of
this mark represents the number of data bits which
would have been delivered to the desynchronizer had
this positive pointer action not occurred. For example,
an overhead byte (which contains no data bits) is next in
line to be delivered to the desynchronizer bit FIFO.
Suppose it is not delivered on time due to a positive
pointer action (i.e. nothing is sent in the positive justifi-
cation byte). In this case a mark with an amplitude rep-
resenting 0 data bits is placed in the graph at the point
in time that corresponds to the positive pointer action.

8 DATABITS

m

a
SECONDS -

0 DATA BITS

0+
° ] g 2
s = S

Fig. 9 - Number of data bits that would have been delivered to the de-
synchronizer bit FIFO had there not been a positive pointer action.
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Fig. 9 is plotted for an increased clock period of 300
ppm at the mapper, ie the mapper clock is slower than it
should be. Fig. 9 covers a time period of 1.25 s of net-
work real time operation. During this time period, only
two of the three possible pointer activity data byte types
occurs. One is the positive justification byte had it not
occurred would have contained 8 payload (data) bits,
and the other is the case where this byte had it not been
a pointer justification byte would have contained no
payload bits (i.e. an overhead byte). It may be observed
that the effects of the overhead bytes in the VC-12 re-
sult in no data bits in the positive justification byte for
three consecutive STM-1 pointer actions. This can be
seen in Fig. 9 by 3 consecutive 0 data bits tick marks
just prior to 0.25 s. The desynchronizer bit buffer must
be able to handle the variations caused by this.

4.3. Difference in network justification
transmission rates

The speed at which a SDH network transports justifi-
cation bits (i.e. S1 and S2 in the VC-12 itself) and the
speed the network transports the byte justifications (i.e.
pointers) is very different. To see this effect a running
total of the arrival of all justification bits was calculated.
This calculation was carried out by adding a one to the
running total every time a filled S1 justification bit ar-
rived at the desynchronizer node. The effects of the
pointer justification bytes were also included in this run-
ning total. When a pointer byte arrived at the desyn-
chronizer node in the network, it was examined to see
how many data bits would have been contained within it
had this byte not been a positive pointer byte (which by
definition contains no data when a positive pointer ac-
tion occurs). After determining the number of data bits
(which must be 8, 1, or 0 for this case as discussed in
section 4.2) this number of data bits was subtracted from
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Fig. 10 - Count of VC-12 justification data bits minus count of sdh
pointer justification data bytes arriving at desynchronizer.
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the running total. This running total plotted versus time
is shown in Fig. 10. The y axis is the running total in
bits. When a network is operating with all clocks ideally
synchronized, there is no S1 bit or pointer byte activity.
When a network has one or more nodes operating with
clocks that are off frequency, S bits and pointer bytes
occur. In this example at time 0.1 s, the mapper clock
frequency in the network is changed to a value off fre-
quency by +300 ppm, increasing the period of the map-
per clock. This results in the mapper clock being too
slow relative to the remainder of the network. Since the
mapper clock is too slow, the bits of the serial input sig-
nal will arrive too fast, resulting in use of the S1 bit jus-
tification. Since bytes are created too slowly by the map-
per node relative to the remainder of the network, posi-
tive pointer actions will occur to allow bytes to trans-
ported which contain no data. The extra data bits in the
S1 bit justification and the missing data bits in the posi-
tive pointer action cancel each other out over time.
However approximately eight S1 justification bits are re-
quired to cancel out one positive pointer justification
byte. Positive pointer activity will not occur immediate-
ly throughout the network since byte FIFOs at each node
in a network must empty out to a threshold level prior to
a given node responding by causing positive pointer ac-
tions. This delay of the response of nodes down the net-
work leads to a large effect of S1 bits which may be seen
in Fig. 10 at 0.1 s. This increase in the running bit total
is due to arrival of S1 justification bits. The first de-
crease in the running bit total occurs when a pointer byte
finally arrives at the desynchronizer node. The missing
data causes a decrease in the running bit total. Other ef-
fects in Fig. 10 which cause perturbations in the running
bit total are the overhead bytes in the VC-12 (i.e. V1,
V2, V3, and V4 bytes) as well as the bytes such as the
V5 and the R bytes shown in the floating asynchronous
mapping shown in Fig. 2. These non-data bytes cause
perturbations in the running total and thus cause pertur-
bations in the arrival rates of the data at the desynchron-
izer. The net result of the mapper clock suddenly chang-
ing frequency and becoming slower is the VC-12 S1 bit
activity being transmitted rapidly through the network,
while pointer justification byte activity effects are trans-
mitted through the network in a slower manner. This re-
sults in a net increase of bits delivered to the desyn-
chronizer bit FIFO which are not compensated for by
the absence of byte arrivals (positive pointer actions) un-
til later in the scenario. The net effect is that the desyn-
chronizer bit FIFO fill is increased. Even when pointer
byte effects finally do arrive at the desynchronizer, vari-
ations in the desynchronizer bit FIFO fill continue as
long as there is a clock offset frequency.

4.4. Desynchronizer FIFO levels
The effects of the different transmission time con-
stants of VC-12 justification bit activity and positive

pointer activity on the desynchronizer FIFO fill are
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Fig. 11 - Number of data bits in desynchronizer FIFO buffer versus ti-
me (large time scale allows only the envelope of the bit FIFO level va-
riations to be seen).

shown in Fig. 11. This figure is essentially a superposi-
tion of the effects shown in Fig. 8 (high frequency vari-
ations) and the slower effects shown in Fig. 10. Fig. 11
has a large time axis and thus only the envelope of the
desynchronizer FIFO bit fill level may be seen. The
dark areas of the figure inside the envelope represent
rapid high frequency variations that cannot be distin-
guished in this figure. In determining the magnitude of
the variations in the desynchronizer bit FIFO fill, these
high frequency variations may be ignore. In Fig. 11, in-
itially the FIFO bit fill is determined only by the effects
of VC-12 payload mappings and the STM-1 mappings
of the VC-12 into the STM-1 frame. During the first
0.1 s of network operation the FIFO fill varies between
19 and 50 as shown earlier in the expanded time axis of
Fig. 8. After the clock for the mapper goes into hold-
over mode, the result is an additive effect. This additive
effect includes the effects of the VC-12 payload map-
ping, STM-1 mapping of the VC-12 into the STM-1
frame, and the different network transmission time con-
stants for VC-12 justification bits and positive pointer
Justification byte activity. The net result is that the de-
synchronizer FIFO fill experiences a perturbation which
results in the requirement that the desynchronizer phase
locked loop must momentarily increase the speed at
which bits are removed from the desynchronizer
FIFO [12].

4.5. Accumulated time error in output
A concern in SDH networks is the jitter and wander
which results in the output signals. Minimization of

these effects is one goal of SDH network equipment de-
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sign. The simple metric of accumulated time error was
used in this analysis to indicate the effects of the differ-
ent arrival rates of bit justification versus byte pointer
Justification at the desynchronizer. This metric repre-
sents the accumulated magnitude of the corrections
which the desynchronizer must make in order to keep
the desynchronizer bit FIFO level within acceptable tol-
erances. Any correction made by the desynchronizer in-
troduces undesirable jitter effects since the desired 2048
kbit/s output data rate is instantaneously changed. The
accumulated time error resulting in the 2048 kbit/s out-
put data for this network simulation is shown in Fig. 12.
The y axis represents the error in nanoseconds intro-
duced into the 2048 kbit/s output signal as a result of
the desynchronizer requirement to speed up its output
clock due to an increased data arrival rate. This error is
defined to be the time difference between the rising
edge of a desynchronizer bit output clock for an ideal
2048 kbit/s data rate and the time at which the rising
edge of this desynchronizer bit output clock actually oc-
curs. For the purposes of this figure, the desynchronizer
clock was increased in speed by reducing its period by a
value of 63/64 of its nominal 2048 kHz rate when the
desynchronizer bit buffer exceeded 69 bytes. The values
in this figure show the accumulated modifications ver-
sus time as required by the phase locked loop in steps of
1/64 of a nominal 2048 kbit/s clock period. Fig. 12
would ideally be a flat line in the event that the output
signal was not effected by clock inaccuracies through-
out a SDH network.
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Fig. 12 - Accumulated magnitude of time corrections desynchronizer
must make in order to mantain acceptable bit FIFO levels.

5. FUTURE RESEARCH

Using the modeling capabilities and results presented
in this paper, future research is required to determine
optimal pointer processor algorithms and desynchroniz-
er algorithms which minimize output jitter in the recon-
struction of the plesiochronous signal. One possible ap-
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proach to minimize jitter at the output is to use pointer
processing algorithms that do not just blindly pass
pointer activity down the network, but instead react
with adaptive thresholds or other threshold modulation
techniques. Another approach to minimize jitter is to
implement desynchronizer algorithms that treat byte
justifications (pointer activity) and bit justifications (S
bit activity) differently. The effects of these algorithms
and methodologies for jitter reduction in SDH desyn-
chronizer reconstruction of plesiochronous signals re-
quires further work.

6. CONCLUSIONS

SDH transmissions of plesiochronous data over syn-
chronous transmission networks places new require-
ments on desynchronizers. Four contributors to desyn-
chronizer buffer variations are the justification bits in
the VC-12, the irregular spacing of the data in the VC-
12, the irregular spacing of the VC-12 in the SDH
frame, and the pointer activity which results in byte jus-
tifications. These are additive in nature and result in
variations in desynchronizer buffers. In the event a SDH
network is not synchronized due to the first node clock
operating in holdover mode, the effects of the gaps in
the structures at both the STM-1 frame level and the
VC-12 structure level are intensified by the effects of
pointer activity. When the pointer justification bytes
consecutively contain overhead bytes, variations occur
in the desynchronizer bit buffer. VC-12 S1 and S2 jus-
tification bit activity contributes to an uneven arrival of
bits to the desynchronizer. In the event a SDH network
is operating in synchronous mode and then a clock is
switched over to the holdover mode, a transient effect
occurs. This effect is cause by a rapid transmission of
VC-12 S bits (bit effect) through the network and a rela-
tively slow transmission of pointer effects (byte effect)
through the network. The VC-12 § bits are transmitted
directly as a part of the payload and thus are subject on-
ly to the normal network transmission delay. The point-
er bytes are delayed at each node in the network by an
amount proportional to the distance from the present fill
of the STM-1 byte buffers to the threshold which sig-
nals the byte buffer level deviation requires a pointer
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action. A pointer action moves the byte fifo fill level
back to an acceptable value by sending out or withhold-
ing an extra byte. The net result is that at the desyn-
chronizer, the arrival of VC-12 S bits occurs first and
then pointer justification byte effects arrive later.
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Abstract. In this paper a new approximate method for the computation of outage probabilities in a
mobile radio environment is proposed. It allows one to evaluate the performance of a mobile radio
system in the presence of fading, in a very fast and accurate way, while maintaining a very good
flexibility as to the application to different network environments. Coding is also considered as a
possible choice, in order to increase the spectral efficiency of the system, which represents a ma-

jor concern for the designers of cellular networks.

1. INTRODUCTION

In recent times, mobile radio has been studied with
great interest, and very much work has been done in or-
der to evaluate the performance of mobile radio
systems, and to provide design criteria for them. The
performance measure which is usually considered is the
outage probability, i.e., the probability that the Signal-
to-Noise plus Interference Ratio at the receiver is not
large enough to ensure correct detection.

One major difficulty in evaluating the performance of
a mobile communications system is the complexity of
the propagation environment, in which various random
effects, such as fading and shadowing, must be taken
into account, along with the near/far problems. It is not
easy to deal with such a model, which leads almost al-
ways to complicated expressions.

In the past, various methods for the outage probabil-
ity evaluation have been proposed. Immovilli and Mera-
ni [1] suggested to approximate the interference power
by its mean, whereas Prasad and Kegel [2] proposed to
model the effect of the superposition of lognormal shad-
owing and Rayleigh fading by means of an “equivalent”
shadowing, whose spread is slightly increased. Linnartz,
on the other hand, developed an exact analysis which
allows one to obtain formulas for the outage probability,
which, however, can only be evaluated numerically [3].
He noticed also that the numerical evaluation can be
performed by means of Gauss-Hermite Quadrature
Rules, due to the presence of exponentials in the inte-
grands. All these papers consider explicitly only the re-
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verse (i.e., Mobile to Base) channel, even though, for
example, the analysis in [3] could be extended to in-
clude the forward direction. Conversely, Sowerby and
Williamson [4] focused on the forward link, reporting
results for only one interfering cell.

In this paper, we develop an approximate approach to
the above computation, which enables us to accurately
evaluate the outage probabilities with little computa-
tional effort. We introduce a technique which can be ex-
tended to other environments, and which applies in vari-
ous conditions; for example, different traffic distribu-
tions, number of cells, propagation conditions, etc.. Our
computations will show that, under certain conditions
(satisfied in most practical systems), the performance in
the two directions is the same, as is often conjectured.

It should be noted that, from the system point of view,
the above way of looking at the problem is somewhat re-
strictive. In fact, there are a number of other performance
indices which can be considered, and which sometimes
are even more relevant than the outage probability. In
particular, it seems that the outage probability, rather
than being a performance measure (as it is from a link
viewpoint), becomes a constraint when a system stand-
point is taken. A more significant measure of the system
performance can be the spectral efficiency (sometimes
referred to as system capacity, i.e., the number of users
which can be accomodated in the system, for a given
bandwidth), for a given required outage probability
which must be guaranteed to each subscriber in the net-
work. In this view, a discussion about coded performance
is briefly presented, in order to gain some valuable in-
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sight about the tradeoffs involved. In particular, with ref-
erence to the spectral efficiency, it can be clearly shown
that the use of coding is not necessarily convenient.

As suggested in [5], a model like the one here consid-
ered is good to obtain insight, but is too general to be
employed in the design of practical networks. In this lat-
ter case, it is very important to take advantage of as
many terrain data as possible, and the design process is
more complicated. We note that the approach here sug-
gested is very flexible, since it can be employed in the
presence of differently distributed classes of users, dif-
ferent cell sizes, or even shapes, irregular layouts, differ-
ent propagation conditions, and so on. In particular, the
approximation here proposed, even though the specific
analysis is carried out explicitly for some special cases,
is believed to be still applicable to these more general
situations. Also, compared to [3], it requires much less
computational time; this, of little importance in the eval-
uation of few outage probability curves, may become
valuable when iterative procedures or complicated de-
sign processes are to be implemented. Therefore, the ap-
proach we propose in the following, combining flexibil-
ity, accuracy and little processing requirements, appears
to be a valuable tool in supporting network designers.

2. SYSTEM MODEL AND OUTAGE PROBABILITY

In the cellular system we consider, each user in each
cell is uniquely assigned a channel; also, to guarantee a
tolerable level of interference, the channels available in
a cell must not be reused in the neighboring cells.
Therefore, a clustered structure is devised [6].

The signals are attenuated due to three factors: the
path loss due to the distance r, which is assumed propor-
tional to 17, where 7 is about 4 for land mobile propaga-
tion; the shadowing, modeled as a lognormal random
variable (r.v); and the Rayleigh fading, due to multipath,
which causes the instantaneous received power to be ex-
ponentially distributed [7]. Therefore, the received pow-
er from the i-th user at distance r; can be expressed as

S;= 2 Pr Kr" o )

where Py is the transmitted power, Kr"’ is the path loss
due to distance, o is a Rayleigh dlstrlbuted r.v. with
unit power, y; = 1 if user i is active (with probability p)
and O otherwise, and e& accounts for log-normal shad-
owing. & is a Gaussian r.v., with zero mean and stan-
dard deviation o. Usually, the shadowing is described in
terms of the dB spread, oy, i.e., decibels are used in-
stead of natural units: of course, o = (0.1 log10) o. In
the following, the subscript 0 will refer to the intended
user, whereas i = 1, ..., N will denote the interferers. Al-
$0, we assume that Prand K are the same for all signals.

The outage probability is defined as in [1], i.e., the
probability that the Signal-to-Interference plus Noise
Ratio is smaller than a given threshold, denoted by b.
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Using (1), in the presence of N potential interferers, this
probability can be written as:
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where W is the power of the thermal noise. When condi-

tioned on = (&, &y, ..., &), r=(rg, 71, ..., ry), and x=
(X1, ---» Xn), the outage probability is computed as
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where

Averaging 3)overr,i=1,...,N,and &,i=0, 1, ...,

N, we obtain
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and f;(r) is the pdf of the distance between the i-th interfer-
er and the intended receiver. Last, we average y( X) over
the x;’s, which are assumed to be independent and identi-
cally distributed binary r.v.’s with P [y, = 1] = p, to obtain:
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where

J (& 8) jz:e?]o

Only the dependence on the location of the mobile
user, 2, (through both ry and f;(r)) is explicit in the no-
tation, even though v is actually a function of a num-
ber of other parameters as well. In the following, for
ease of notation, we will consider only the situation in
the absence of noise (i = 0), as is often done in the lit-
erature. From the following analysis, however, it will
be clear that this is by no means a critical assumption,
and the extension to the case in the presence of noise is
straightforward.

2.1. Reverse link

On the reverse link, because of the symmetry of the
system, all the interferers are statistically equal, and
therefore f;(r) = f.(r) and J;(&, ) = J, (&, ro), i =1,
2, ..., N. The position of the mobile, , is present in the
computation only through its radial component, ro,
whereas, because of the circular symmetry, the angle is
irrelevant. Therefore, we can write, for the outage prob-
ability on the reverse link,

&
A(r)=1- J‘déo ¢ 2o’ (I—Pfr (go’ro))N ()]

Different expressions of J,(&,, ry) are obtained, ac-
cording to the distribution of the interferers, f,(r). In this
paper, we will consider two examples, namely uniform
and deterministic. For a uniform distribution in a circu-
lar ring with radii R, and R,, we have

2r .
r)=————-, e|R,, R 10
fu ( ) R22 _ R12 [ 1 2] ( )
whereas, for deterministic position, we have
fi(r)=6(r-Ry) (1

where § is the Dirac delta-function, and R; is the deter-
ministic distance of the interferers from the receiving
base station (BS). Note that this latter model can be
used to approximate the former, by taking, R; = R,, with
R, the reuse distance [5], or to study it in a worst-case
situation, by taking R; = Ry [1]. These considerations
will be developed in the following.
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2.2. Forward link

On the forward link, given the location & of the
mobile user (which, in this case, is the receiver), the
propagation path lengths of the signals are determinis-
tic, since the BSs, i.e., the interfering transmitters, are
in fixed positions. On the other hand, these lengths are
not all equal, in general. Also, note that, unlike on the
reverse link, the situation on the forward link is not
symmetric, and two coordinates are needed to ade-
quately describe the location, . Let r;, which de-
pends on @, be the distance from the i-th BS to the
mobile receiving unit. The pdfs f;(r) are given, in this
case, by

() =8(r=r), =120 N 2

and the outage probability is

‘5_0 N
v _1-_[d¢0€ 20° H ~pdi (& P) a3)
=1
where
- & |
e
Jfl (goyso)Z j gl 220' 7 (14)
no
o0 1+b'eb0 % |

which depends on g through the ratio r;/ .

3. RATIONAL APPROXIMATION

From the above analysis, note that the exact compu-
tation of the outage probability involves many inte-
grals, which are to be evaluated in order to obtain nu-
merical values. In the recent literature, several methods
have been proposed to overcome this difficulty. In [2],
it is suggested to approximate the effect of the super-
position of Rayleigh fading and log-normal shadowing
by means of an “equivalent” log-normal shadowing,
whose spread is slightly increased. As observed in [3],
this approach leads to slightly pessimistic results, and
involves a recursive procedure which is potentially
both time consuming and not very accurate. Another
approximation, proposed in [1], consists in replacing
the random power of the interfering signals by its
mean value: this leads to good results in a certain
range of values of the parameters, but its accuracy is
not very good for small reuse distances and for heavy
shadowing (e.g., for 0 = 12 dB), as observed in [8].
Third, Linnartz [3] proposed to directly evaluate the
integrals via numerical methods, i.e., the Gauss-Her-
mite quadrature formulas. He noted that this method
may be even more efficient than the log-normal ap-
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proximation in [2], and has the advantage of being ex-
act (as long as the numerical procedures have suffi-
cient accuracy).

In this paper, we propose a new method for evaluat-
ing the outage probability, which enables us to approx-
imate J;(&y, ), as defined in (8), by means of a sim-
ple rational function. The result of this procedure is
that the outage probability can be computed by means
of a single Gauss-Hermite integration, which is fast
and accurate; also, the effect of the rational approxima-
tion, as discussed in the following, is an error on the fi-
nal value of the probability which is less than 5%, for
all values of the parameters of practical interest. We
note that, for probability evaluations, this method is
therefore very accurate.

Let us consider (8) (the subscript i is dropped for
ease of notation): note that the inner integration (over
r) is from O to . In reality, in the cellular environ-
ment we are considering, there is no intracell interfer-
ence (i.e., interference from within the cell in which
the intended user is located), so that the pdf f(r) is
identically zero up to a positive distance, say R,,, from
the BS. Therefore, (8) can be rewritten, without loss
of generality, as

e 26 fy f(rdr B
J s 210 no
R, 1+b—1e§0—‘§ (LJ
o

2 (15)

- g g,
€ 257 f(ndr A
_jwdr: N j = F(4)

n
1+Aet (L]
Rm

where Ry, may be infinite, and where we defined

(16)

With the above notation, it is rather easy to verify that

lim F(A)=1 (17)
lim F(4)=0 (18)
lim AF(4)= | L0)dr AL (19)

L

R”I
Given the pdf f(r), the limit in (19) can be explicitly
evaluated. In the following, for ease of notation, we will
consider the case 17 = 4, even though the entire analysis

can be developed for any 7. For the uniform pdf (10),
we have
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) : 5 2
Lo=e [ —2rdr o % (20)
R (R2_R2 r 2

()£

In the presence of deterministic positions, as in (11)
(or in (12)), we can take (20) in the limit as R}, R, — R,
(or r;), to obtain

Ld:ecz/2 (21)

Egs. (17) to (19) suggest to approximate F(A) by
means of a rational function of the form:

1
l+e, A"+ +c, A

®(A)= (22)

for an appropriate choice of the order, n, and of the set
of coefficients, ¢;, i = 1, ..., n. Note that ¢, = 1 /L.

The choice (22) deserves some comments. First, it
can be proven that any minimax rational approximation
problem’defines a convex function with the property
that a best approximation (if one exists) is a minimum
of that function ([9] for the details). In this context, this
means that the maximum relative error in approximat-
ing F(A) with ¢(A) is a convex function of the coeffi-
cients, ¢;, i = 1, ..., n. Therefore, the optimal choice of
the ¢;’s can be obtained numerically by any search
method, since any local minimum must also be a global
minimum. Moreover, the choice of the ¢;’s is indepen-
dent of the variables summarized in A, and this optimi-
zation, once the system parameters are chosen (i.e.,
fi(r), the cellular layout and 1), depends only on the
shadowing spread, o. In particular, the same ¢(A) can
be used for any & (the variable of integration), any dis-
tance ry, and any value of the capture ratio, b. Note that,
for the uniform distribution (10), @(A) is the same for
all users. We also note that, for interferers in fixed loca-
tions, the approximation does not depend on the loca-
tions themselves, as can be seen from (15) with f(r) =
fa(r) and R,, = R,. Finally, numerical evaluations show
that the suggested approximation is very good, in a
broad range of parameters, even for n = 2. Therefore, in
the following, we will consider @(A) = 1/(1 +
q VA +c¢, A), so that the optimization problem is re-
duced to one dimension (recall that ¢, = 1/L is known
from (19)).

If £ is the minimax relative error in the approxima-
tion, the following bounds hold:

N

-TT0- )o(A))<
i=1 23)
N N

Hl—pJ (& )- H(I—P(1+€)‘P(Ai))

i=1 i=1

where it is highlighted that A, as defined in (16), may be
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a function of i: this happens, for example, on the for-
ward link, where the factors in the product are not
equal, because they contain the positions of the interfer-
ers, r; ((16), with R,, = r;). On the other hand, the func-
tion ¢ does not depend on i, i.e., the coefficients ¢, and
c, are the same for all terms. For a wide range of values
of the parameters, covering almost all practical applica-
tions, typical values of € are less than 5%, and the rela-
tive error on the approximation (23), i.e., on the outage
probability, turns out to be of the same order.

The outage probability, v, is therefore obtained from
(23) by a single numerical integration, e.g., via Gaussian
quadrature, which is very fast and accurate, due to the
presence of the exponential in the integrand. We remark
that, in the deterministic situations, the direct computa-
tion of the integral (14) via the Gauss-Hermite quadra-
ture formulas (as proposed in [5]), requires Ngy evalua-
tions of the integrand, if Ngy is the number of points (a
typical value is Ngy = 20). In our approach, (14) is ap-
proximated by means of a rational function, and there-
fore its computation requires a single evaluation (there is
no integration involved). Moreover, if we were to evalu-
ate (8) on the reverse link, where the random distribution
of the interferers must, in general, be taken into account,
a double integration is involved: the method in [5] would
require NgyNg, evaluations of the integrand, with Ngp
the number of points for a Gauss-Legendre quadrature (a
typical value can be Ng; = 40). On the other hand, our
approximation still requires just a single evaluation, be-
cause the complexity lies in finding the coefficients c;,
and this problem is solved only once. In this latter case,
i.e., randomly distributed interferers, with the values of
Ngy and Ng; indicated in the above, the exact approach
in [5] involves a number of operations which is roughly
800 times as large as in the approximate approach here
proposed. We can therefore maintain that this approach,
among the methods for the outage probability evalua-
tions in mobile radio proposed in the literature [1, 2, 3],
is certainly the most efficient, while guaranteeing, for all
values of practical interest, a very good accuracy as well.
As a last remark, however, we observe that the different
approaches are all valuable, especially because they can
potentially be employed in different environments and
situations. In particular, the approximate solutions of [1,
2] can be used in Ricean channels as well, whereas the
present analysis, along with that in [5], can be easily ex-
tended to study the adjacent channel interference or the
effect of considering more tiers of cochannel cells (nec-
essary when the activity, p, is small).

4. NUMERICAL RESULTS

In this section, we present some results obtained from
the analysis in the above. The reference model will be a
layout of hexagonal cells. Most results will be given for
a reuse distance R, = «/ﬁ (cluster of 7 cells, which is
the commonly adopted value). Note, however, that the
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above analysis applies to any value of R,,.

In Fig. 1, the outage probability, v, is plotted vs. ro,
for some values of b and o, and p = 1, whereas, in Fig.
2, different values of the activity, p, are considered. We
note the great sensitivity of y to the dB spread, o, as
shown in Fig. 1a). Note, also, that reducing the activity,
p, has much the same effect as reducing the outage
threshold, b. Figs. 1 and 2 also report some simulation
points (obtained via Monte-Carlo evaluation), which
show that our approximation is indeed very good.

’__,_o—-—“‘
//:
—

/./‘

0.1

0.01

¥
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0.2 0.4 0.6 0.8 1
To b)

Fig. 1 - Outage probability, ¥, on the reverse link, vs. the normalized
distance, r,, for various values of the outage threshold, b, and of the
shadowing spread, o; p = 1, n = 4, uniform distribution of the inter-
ferers as in eq. (10), with R, = /|3 and R, = ,/31;b=10dB, 6=0,
6,12dB (a); 6=6dB, b =6,

10, 14 dB (b).
1
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=0.1 _
001 p=011 > —1 p=025
/
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0.00001 0.2 0.4 0.6 0.8 1
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Fig. 2 - Outage probability, y, on the reverse link, vs. the normalized
distance, r,, for various values of activity, p; b=10dB, n=4,0=6
dB uniform distribution of the interferees as in eq. (10), with R, =
J13 and R, = |/31,p=025,05, 1.
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In Fig. 3, three models are compared: exact evalua-
tion (random distribution for the interferers as in (10)),
approximate approach (deterministic situation with R, =
R, as suggested in [5]), and worst-case approach (deter-
ministic situation with R; = R, as in [1]). It can be seen
that the worst case yields in fact pessimistic results
whereas, interestingly, the approximation of considering
all interferers located at the center of their cells is re-
markably good (the curves are hardly distinguishable),
even for R, = V21 (cluster of 7 cells). Of course, this is
even better verified as the reuse distance is further in-
creased, whereas the approximation becomes less and
less accurate as R, gets small.

1
/
//-
0.1 ]
Worst case
/ /<\Exact
0.01 / P ]
Y / / Approximate
0.001 //’
0.0001 //
000001 0.2 0.4 0.6 0.8 1
To

Fig. 3 - Outage probability, , on the reverse link, vs. the normalized
distance, r,, for three models for the distribution of the interferers:
worst-case (r; = R, = 13), approximate (r, = R, = /1), exact
(uniform distribution of the interferees as in eq. (10), with R, =
V13 andR,= \31);p=1,b=10dB, =4, 6=6dB.

Let us assume to be in the situation in which the
interferers, although randomly distributed, can be ap-
proximated as fixed. In this case, note that the value of
the outage probability, for fixed o and p, depends only
on the parameter

)
B=pH| O
RM

In particular, for the worst-case position of the in-
tended user, rq = 1, the relevant parameter is

(24)

(25)

Let us consider using coding to improve the perfor-
mance. The better performance allows a smaller reuse
distance, R,, but the required bandwidth is increased,
due to the introduced redundancy. The spectrum effi-
ciency, therefore, can be roughly expressed as:

Sg = sz— (26)
U

where p < 1 is the rate of the code, and C is a constant

whose value is irrelevant as far as this discussion is con-
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cerned (for a more complete definition, [2]). Let us con-
sider two systems, in which the outage threshold, reuse
distance and rate are by, R,;, p; and by, R,,, p,, respec-
tively. To have the same outage performance, we re-
quire, from (25), that

b _ by

- 27
RY R}

and the ratio between the spectrum efficiencies is given by

2 2/n
Ser _ P2 Ry _p2 [ﬂj (28)
See PR, p by
For example, let us consider the case p; = 1, i.e., no

coding is used in system number 1, and 1 = 4. For
system 2 to have a greater spectrum efficiency, it must be
Dy pp? (29)
b,

To have a rough idea of the trade-off involved in eq.
(28), let us consider an “equivalent” E,/N,, i.e., the ra-
tio of the energy per information bit to the interference
spectral density. If P, is the power of the intended sig-
nal, and P, is the power of the interference, we have
E, = P,T, and Ny = P,T,, where T, is the bit duration,
and T; = T}, p is the symbol duration. With this notation,
we have

[ E,,] _A
Ny eq Fip

Therefore, if G is the gain of the code in terms of
Ey,/ Ny (as usually expressed in the literature), the corre-

sponding gain in terms of P,/ P, (i.e., of the outage
threshold, b) is G/ p. In this case, (29) reduces to

(30)

G>1 31)
p

In other words, the use of coding is convenient only
if the coding gain is at least equal to the inverse of the
code rate. For example, for the Golay code (23, 12),
with p ~ 0.52, we should have a code gain of at least 2.8
dB. In Table 1, the values of the required code gain vs.
the code rate for some convolutional codes are reported,
along with the coding gains (in dB) achieved by the
same codes for an average BER of 10-3 and 10-5, as giv-
enin [10].

As we can see, the coding gains achievable at BER
10-3 (the reference value for voice) are not very high
and, as the code rate decreases, the gain obtained can be
even smaller than p-'. For these codes the spectral effi-
ciency turns out to be worse than that of the uncoded
system. Therefore, it seems that an optimal choice can
be made, as to the coding scheme to be used. We re-
mark that the above values of the coding gains are com-
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puted for the case of AWGN, which may be a bad ap-
proximation of the present situation, where the statistics
of the interference, in general, is not Gaussian. These
values are taken as a reference, whereas the evaluation
of the actual code gains achievable in this environment
is still being investigated. On the other hand, although
we are aware that these results are not precise quantita-
tively, we believe that the above discussion raises an
important issue about the use of coding: the transmis-
sion link point of view, often taken in measuring the
performance of coded systems, may become misleading
if a system perspective is not taken at the same time.
Therefore, it seems that further research should be de-
voted to the study of this trade-off.

Table 1 - Comparison of the required code gain for
a better spectral efficiency and the code
gains at BER = 1073 and 10-? (in AWGN),
for some convolutional codes ([10]).

Code Required Code gain Code gain
rate, p | code gain (dB) | at 10-3(dB) | at 10 (dB)
34 12 26 42
213 1.8 31 46
172 3.0 3.8 5.1
13 48 44 59

Note that, in the above, we implicitly assumed p = 1.
If p < 1, the performance is better but the spectrum effi-
ciency is decreased. In fact, p plays a role that, qualita-
tively, is the same as that of p in the above discussion.
From Figs. 1b) and 2, we can see that, again, decreas-
ing p may not be the most efficient choice: what is lost
because of the decrease in the spectral efficiency may
overweigh what is gained because of the performance
enhancement. In this case, if everything is kept the
same, increasing the reuse distance may be a more con-
venient solution.

On the forward link, as stated in section 2.2, the out-
age probability is a function of two variables, i.e., the
distance, ry, and the angle, 8. We computed y(rg)
along some fixed directions, and the results we ob-
tained (for R, = \/ﬁ , as before) were almost the same
for any direction. Therefore, even though, in theory,
both variables must be considered, in practice only the
distance, ro, is needed. However, this is true only when
the reuse distance is large enough: in fact, for R, = \/§
(i.e., the frequency spectrum is reused in every cell),
the dependence on 6 cannot be neglected (on the other
hand, we must observe that in order to achieve accept-
able performance, a large R, is required). Another ap-
proximation, which is very good for practical values of
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the reuse distance, is to take r;= R, i =1, ..., 6 (recall
that r; are actually functions of ). When this approxi-
mation can be made (and, for clusters of 7 cells or
more, this is the case), the performance of the two
links turns out to be equal, as often conjectured in the
literature [5]. In this case, the above discussion about
coding and spectrum efficiency applies on the forward
link as well.

5. CONCLUSIONS

In this paper, we consider an analytical framework
and an approximation method, which enable us to effi-
ciently compute the outage probability in a mobile mac-
rocellular environment. The proposed approximate ap-
proach is shown to be very accurate and to greatly re-
duce the computation time, compared to other methods
presented in the recent literature. Also, the range of val-
ues of the parameters where our approach is accurate is
broader than, for example, those in [1, 2]. The possibil-
ity of using coding to improve the spectral efficiency is
also investigated, even though a correct analysis would
require considering the actual statistics of the interfer-
ence. Our current research is following this direction.

Manuscript received on December 16, 1993.
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Abstract. The performance of a communication system that operates over a binary-input, output-
symmetric memoryless channel and employs a convolutional error correcting code is usually eval-
uated by applying the union bound to the node error and the bit error probabilities. These bounds
depend on the probability that an incorrect path on the code trellis accumulates a larger metric
than the correct path. The paper presents an easy method to compute this pairwise error probabil-
ity that is applicable to the significant case of a Viterbi decoder that uses a finite set of integer

branch metrics.

1. INTRODUCTION

The performance of a communication system that op-
erates over a binary-input, output-symmetric memory-
less channel and employs a convolutional error correct-
ing code is usually evaluated by applying the union
upper bound to the error probability at node n, P.(j)
and to the bit error probability, P, [1, chapter 4]. The
former is the probability that the maximum-likelihood
decoder chooses an incorrect path that diverges from
the correct path at node j on the code trellis and con-
verges with the correct path at a later node. The latter is
the probability of an erroneously decoded bit. For the
discussed channel, the correct path can be assumed to
be the all-zeros data path with no loss of generality.

By applying the union bound, the above probabilities
can be upper bounded by [1, Chapter 4]:

P ()< Y a(d)P(d)

d=d
’ (1)
& &
<L . .
P, < K.Z Y ia(d,iPd)
i=l d=d;
where
d - The Hamming distance between the correct
path and the incorrect path,
df - The free distance of the convolutional code,
K - The number of information bits transmitted
over a single branch of the code trellis,
Vol.6, No. 1 January - February 1995

a(d) - The number of incorrect paths at Hamming
distance d from the correct path over the
unmerged segment on the code trellis,

The number of paths at Hamming distance
d from the correct path and with i “+1” bits
in the data sequence over the unmerged
segment,

The pairwise error probability, i.e., the
probability that an incorrect path on the
code trellis, located at a Hamming distance
d from the correct path, accumulates a
larger metric than the correct path.

a(d,i)-

Pd) -

Note that a(d) and a(d, i) depend only on the convo-
lutional code while the pairwise error probability is in-
dependent of the code and depends only on the channel
and on the metrics used by the decoder.

If the exact pairwise error probabilities cannot be
computed, they are often bounded by applying the Bhat-
tacharyya upper bound [1]. A case in which pairwise er-
ror probabilities are employed and that is most signifi-
cant for practical applications is the case of a Viterbi
decoder that decodes a convolutionally encoded se-
quence using a finite set of integer metrics. This is char-
acteristic of digitally implemented decoders.

Let denote the set of 2M integer metrics used by the
decoder by S;:

Sl ={i‘m1, imz, imM} (2)

The binary-input, output-symmetric memoryless
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channel is characterized by the set of transition prob-
abilities associated with the set of metrics:

{P[r (/) = Pr{metric j is assigned / "+1" was transmitted}

0O, (j)=Pr {metric j is assigned / "-1" was transmitted

Since the channel is output-symmetric, we have
O (j) = Py(-j) and we also assume that P, (j) = P, (-j).

The pairwise error probability for the this case is giv-
enin [1, p. 292] as:

r@=c{[[Je] | o)

where
[[o= Y ru
J==my
N
A(z)= Zak Z (5)
k=—N

1 -1
G{A(Z)}:E a+ Y ay
k=-N

Direct application of eq. (4) is quite difficult because
it requires to raise the polynomial [1(z) to the d-th pow-
er and then to derive a set of coefficients {a;} so that
[I1(z)]¢ can be expressed as a polynomial A(z). For
computing the probabilities in eq. (1), this procedure
should be repeated independently for a sequence of in-
creasing distances starting with the free distance of the
convolutional code d;. Note that for most practical
codes d; > 10.

A method to compute P(d) was presented in [3]. This
method is quite difficult to use because it requires to de-
termine, separately for every value of distance d, the set
of all the possible combinations of integers that satisfy a
certain pair of non-trivial conditions.

In the next Section we present a simple method for
computing the pairwise error probability that can be
easily programmed and used in a straightforward man-
ner for the evaluation of the node error and the bit error
probabilities. The method does not involve any complex
procedures as those required for either direct application
of eq. (4) or for use of the method suggested in [3].

2. ANALYSIS

The pairwise error probability is next evaluated using
a set of metrics and a set of transition probabilities that
are equivalent to the sets defined in (2), (3). Assume
that the integer metrics of the set defined in (2) satisty
m;>m; | M2j22 (6)

This assumption implies that all the metrics in S, are
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distinct. There is no loss in generality because if there
were two identical metrics my; = my,,, then one could re-

3

€S

place Py (k) by Py(k) + P, (k + 1), delete metrics + my,,
from §; and use a reduced metrics set with only (2M —
2) entries. Special attention should be paid to the case of
my = 0; in this case, the zero metric appears twice in S,.
We then use only one zero metric with an associated
transition probability P, (0) + P, (- 0).

Define a set of 2M non-negative metrics S, by increas-
ing each metric in S, by m,,, the largest metric in

S2 = {0, — My + My, — My o + Myy,... 2mM} (7)

Define a set of corresponding transition probabilities
{R(I),0<i<2my,}

B .(i-my) i€S
R@:{" wE ®)
otherwise
Hence
R(0)=Py(-my)  RQ2my) = P (my,) 9

With the above assumptions, all 2M entries of S, (or
2M — 1 entries, if m; = 0 in §)) are distinct. Since only
metric differences matter at the Viterbi decoder, the per-
formance of a decoder operating with the set S, and
transition probabilities {R(i)} is identical with the per-
formance of a decoder operating with the set S, and
transition probabilities {P,.(j)}.

Using the definitions in (5) and (8) we obtain:

B =[[]e)] =

2my,

Z_de ZR(J)ZJ
j=0

Note that the index j in the first sum in (10) runs over
the entries of S, while the index in the second sum runs
over the entries of set S,.

By applying to eq. (10) the formula given in [2, p. 14,
formula 0.314] for a power of a series, we obtain:

d

szPtr(j)Zj =

J=—my

; (10)

N
Bzd)= Y ¢y (11
j=—N
where
Co= R(O)d
(12)
N= My d
ETT
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and

¢;= R(O)Z[l(d-i-l) 1RG0, (13)

In eq. (13), it is assumed that R(0) # 0. However, If

R@O)=R(1)=...=R(k - 1) =0 but R(k) # O then eq.
(10) should be modified to
2my, -k d
Bz.d)y=2""" Y u(j) (14)
j=0

where U(j) = R (j + k) and eqs. (11)-(13) should be re-
defined in terms of U(j).

By inserting the result of eq. (11) into eq. (4), we ob-
tain the formula for the pairwise error probability as

N-1
P(d)= G{B(z,d>}=%cN X7

j=0

(15)

Note:

1) The summation in (13) is over 1 <i < and, since
j £ N =myd, j can be quite large when a pairwise
error probability is computed for a large distance
d, as might be required for calculating a tight
bound on P,(n) or on P, at low signal-to-noise ra-
tio. However, there are no more than (2M - 1)
non-zero terms in the sum.

2) There are at most 2N + 1 non-zero coefficients

¢;j(cg, €1ye-. Coy) defined by eq. (13), but only the
first N + 1 coefficients (cg, cy,... ¢y) are required
for computing P(d).
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3) If the set of metrics S, is comprised of only even
or only odd metrics, then both R(j) and c; are ze-
ro for odd indices j.

3. CONCLUSIONS

The analysis presented in the previous section facili-
tates an easily programmable, straightforward proce-
dure for computation of the pairwise error probability
P(d) for any required value of 4:

1) Use eq. (8) to define a set of 2M transition prob-
abilities for the metrics set S,.

2) Use egs. (12)-(13) to compute the (N + 1) coeffi-
cients ¢;,j =0, 1..

3) Use eq. (15) to compute P(d).

It can be verified that for the special case of M = 1,
the result in eq. (15) indeed degenerates to the result
given in [1, p. 247, eq. 4.5.3] for a binary symmetric
channel. :

Manuscript received on February 16, 1993.
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2.1 The title should indicate the subject of the manuscript as briefly as
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the paper on a self-explanatory manner, so that it may be published in
abstracts journals, separately from the paper.

2.3 The introduction should delineate the subject in a way intelligible also
to non-specialists. It should point-out: the nature of the problem in the
back-ground of referenced previous works, the purpose and significance
of the paper and the approach to the problem, if applicable. The introduc-
tion is, as a rule, the first paragraph in the text.

2.4 The body of the paper should shown the primary message of the paper
in detail. Usually it is divided in paragraphs (with explanatory titles) and,
where the case, paragraphs may be divided in sub-paragraphs.

2.5 The conclusions should summarize the significance of the results shown
in the paper, emphasizing limitations and advantages, possible applica-
tions, recommendations for further works (if any). Conclusions are, usually,
the last paragraph of the text and they are followed be the references.
2.6 Mathematical details, ancillary to the main discussion of the paper,
may be included in one or more appendixes, that are printed after conclu-
sions and before references.

2.7 In manuscripts containing lot of symbols, a glossary may be included
after introduction.



PAPERS TO BE PUBLISHED NEXT ISSUE

ETT, Vol. 6, No. 1, 1995

Focus on Economics of Telecommunications
Postponement to Issue 4, 1995

The ETT Editorial Board has postponed the pubblication of the Focus on Economics of
Telecommunications to Issue 4 in 1995 in order to accommodate the substantial response to the Call
Jfor Papers. The Editors apologise to readers for any disappointment or inconvenience which this post-
ponement may cause.

G.B. Stracca
History of Education of Telecommunications Engineers

Telecommunication Systems

J. M.H. Elmirghani, R.A. Cryan
Timing Jitter and its Impact on a Self-Synchronised Optical Fibre
PPM System '

0. Jahreis, O. Méller, F. Derr :
Realization of a Passive Broadband-Network Termination 1 (B-NT1)
Jor the Optical User-Network Interface

Letters

R. Verdone
Joint Evaluation of Time and Frequency Selective Fading Effects
in CPM Systems with LDI Detection

R. Cusani, A. Laurenti
Evaluation of the Constant Modulus Algorithm in Blind Equalization
of Three Ray Multipath Fading Channels

Signal Processing

G. Poggi
Applications of the Kohonen Algorithm in Vector Quantization

R.D. Poltmann
A Fast Method for the NLMS Algorithm with Time-Variant
Decorrelation Filters

D. Roviras, M. Lescure, T. Bosch, R. Bensalah
Wireless Infrared Factory Network for Hand-Held Terminals

Communication Theory

R. De Gaudenzi, V. Vanghi
Performance of Coherent and Differential Detection for Trellis-
Coded 8-PSK over Satellite Flat Rician Fading Channels

Letter

M. Campanella, G. Garbo, G. Mamola, E. Randazzo
A Study on Spectral Optimisation in Partial Response CPM Signals




	00472405.tif
	00472406.tif
	00472407.tif
	00472408.tif
	00472409.tif
	00472410.tif
	00472411.tif
	00472412.tif
	00472413.tif
	00472414.tif
	00472415.tif
	00472416.tif
	00472417.tif
	00472418.tif
	00472419.tif
	00472420.tif
	00472421.tif
	00472422.tif
	00472423.tif
	00472424.tif
	00472425.tif
	00472426.tif
	00472427.tif
	00472428.tif
	00472429.tif
	00472430.tif
	00472431.tif
	00472432.tif
	00472433.tif
	00472434.tif
	00472435.tif
	00472436.tif
	00472437.tif
	00472438.tif
	00472439.tif
	00472440.tif
	00472441.tif
	00472442.tif
	00472443.tif
	00472444.tif
	00472445.tif
	00472446.tif
	00472447.tif
	00472448.tif
	00472449.tif
	00472450.tif
	00472451.tif
	00472452.tif
	00472453.tif
	00472454.tif
	00472455.tif
	00472456.tif
	00472457.tif
	00472458.tif
	00472459.tif
	00472460.tif
	00472461.tif
	00472462.tif
	00472463.tif
	00472464.tif
	00472465.tif
	00472466.tif
	00472467.tif
	00472468.tif
	00472469.tif
	00472470.tif
	00472471.tif
	00472472.tif
	00472473.tif
	00472474.tif
	00472475.tif
	00472476.tif
	00472477.tif
	00472478.tif
	00472479.tif
	00472480.tif
	00472481.tif
	00472482.tif
	00472483.tif
	00472484.tif
	00472485.tif
	00472486.tif
	00472487.tif
	00472488.tif
	00472489.tif
	00472490.tif
	00472491.tif
	00472492.tif
	00472493.tif
	00472494.tif
	00472495.tif
	00472496.tif
	00472497.tif
	00472498.tif
	00472499.tif
	00472500.tif
	00472501.tif
	00472502.tif
	00472503.tif
	00472504.tif
	00472505.tif
	00472506.tif
	00472507.tif
	00472508.tif
	00472509.tif
	00472510.tif
	00472511.tif
	00472512.tif
	00472513.tif
	00472514.tif
	00472515.tif
	00472516.tif
	00472517.tif
	00472518.tif
	00472519.tif
	00472520.tif
	00472521.tif
	00472522.tif
	00472523.tif
	00472524.tif
	00472525.tif
	00472526.tif
	00472527.tif
	00472528.tif

