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The design of mechanisms to efficiently allow many users timtai simultaneous
communications while sharing the same transmission medwarcrucial step during
a wireless network design. The resource allocation prooessds to meet numerous
requirements that are sometimes conflicting, such as higtegicy, network utilization
and flexibility and good communication quality. Due to liedtresources, wireless cel-
lular networks are normally seen as having some limit on #te/ork capacity, in terms
of the maximum number of calls that may be supported. Beirlg mbhdynamically
extend network operation beyond the set limit at the costsmhaoth and small increase
in distortion is a valuable and useful idea because it pes/itie means to flexibly ad-
just the network to situations where it is more importantdove a call rather than to

guarantee the best quality.



In this thesis we study designs for resource allocation ilfM@Dnetworks carry-
ing conversational-type calls. The designs are based oasz-tayer approach where
the source encoder, the channel encoder and, in some dasgsotessing gains are
adapted. The primary focus of the study is on optimally rplaéting multimedia sources.
Therefore, we study optimal resource allocation to resoiterference-generated con-
gestion for an arbitrary set of real-time variable-ratersetencoders in a multimedia
CDMA network. Importantly, we show that the problem couldwbewed as the one
of statistical multiplexing in source-adapted multime@BMA. We present analysis
and optimal solutions for different system setups. Thelteswa flexible system that
sets an efficient tradeoff between end-to-end distortiehramrmber of users. Because in
the presented cross-layer designs channel-induced emeisept at a subjectively ac-
ceptable level, the proposed designs are able to outpedquivalent CDMA systems
where capacity is increased in the traditional way, by alhgwa reduction in SINR.

An important application and part of this study, is the usthefproposed designs to
extend operation of the CDMA network beyond a defined congestperating point.
Also, the general framework for statistical multipleximg@DMA is used to study some

issues in integrated real-time/data networks.
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Chapter 1

Introduction

1.1 Motivation

The design of mechanisms to efficiently allow many users tintaga simultaneous
communications while sharing the same transmission medwarcrucial step during
a wireless network design. Then, the problem of efficientrithstion of network re-
sources among the calls in service has a direct impact oretlerk performance. Yet,
efficiency is not the only important issue in the design ofribevork. From the point
of view of the network operator, maintaining a high utilinat of the network is also
important to maintain a cost-effective operation. Evenenaince upgrading a net-
work infrastructure may become an expensive venture, aanktiiat has the ability to
flexibly adapt to changing operating conditions could add tmst-effective operation.
Nevertheless, the network operator needs are not the oely thiat need to be consid-
ered in the network design. Customers demand service hildyiat all times and with
good communication quality. This introduces the classibf@m in engineering design
of conflicting requirements. For example, it is quite polesthat a network operating
with high utilization may be frequently unable to providewsee or service quality may

be sub par. Therefore, network need a carefully designeddimirol protocol to fairly



distribute the shared resources as needed by each usermdxleizing the network
utilization and guarantee that communications servicepaovided with good quality.

Coupled with the flow control protocol, a congestion connatocol is also neces-
sary to act when the network reaches its capacity. In gentiede protocols provide
functions to many very different layers of the communicatstack. In order to pro-
vide these functions, network protocols have been dividéd & stack of layers, each
responsible for providing services to a layer of commumcastack. In this approach,
each layer is designed independently of the others and onlygrtious layers exchange
information through clearly defined interfaces. In this yweach layer knows little or
nothing at all of the state of the communication link as segarmother layer. A con-
trasting approach, known as “cross-layer” design, is togmethese protocols in such a
way that their layers are designed and operate jointly. iBitise approach taken in this
work and, as we shall see, it results in protocols that areiefi in allocating resources,
can flexibly adjust to changing operational conditions arelable to operate at high
network utilization while providing continuous servicetivgood quality.

Wireless cellular networks are normally seen as having domeon the network
capacity, in terms of the maximum number of calls that mayupperted. This limit
may be due to the number of available radio channels, timig gtpin the case of CDMA
networks, a maximum interference level. Being able to dyinally extend network
operation beyond the set limit at the cost of a smooth andlsntaéase in distortion is
a valuable and useful idea because it provides the meansiiolfladjust the network
to situations where it is more important to service a calleathan to guarantee the best
guality. One example of such situations is a cellular usemggits call disconnected
because there are no resources available when enteringngnion® a congested cell.

Reserving resources at the base station may mitigate thidgon but it reduces network



utilization. Instead, the network could deal with this ation by allowing a brief and
controlled reduction in quality until the congestion isalated. Another situation when
this idea can be applied is in the case of a cell that is affebte some disaster (a
tornado, for example) and goes out of service (Figure 1).1{&hen this happens, the
surrounding base stations would most likely extend thelioraoverage to replace the
lost one (Figure 1.1(b)). This action will increase theftcaih these neighboring cells
with the calls previously served by the base station thautsob service. This effect
may be compounded by customers in the area of the disasténgam talk with loved
ones. Also, the emergency personnel in the area of the disastild increase the traffic
above normal. In summary it is likely that one or many of theghbkoring cells will
become congested in a situation where having the best coratiom quality is not as
important as providing service. Other potential applmasiof this idea include military
communications and, in a broad view, dynamically recon&gan of the network in
a controlled way without the need for costly new hardware.teNbat this approach
is analogous to the operation of a wireline packet networkmwa router goes out of
service. In this case, traffic is routed through other raut@hese alternate routers will
see an increase in traffic. If necessary, all the sourcesibonhg traffic to a congested
network node may reduce their rate, and communication tyuatpon notification of
the congestion [57].

Associated with the design of the network protocol (or sorhésolayers) is the
definition of a multiple access technique to allow users @ralthe same transmission
medium while preventing them from interfering with eacheastf34]. In Frequency-
Division Multiple Access (FDMA) users access the transioissnedium all the time,
each using a different, non-overlapping fraction of thaltaevailable frequency band-

width. In Time-Division Multiple Access (TDMA) sharing ohé same transmission



Figure 1.1: Cellular network reacting to a cell outage. (g ™arked cell goes out of

service. (b) The neighboring cells extend their coveraga.ar



medium is achieved by allowing all the users to transmit temwhole available band-
width on different, non-overlapping time intervals. Thisnk will focus on a third ac-
cess method, Code-Division Multiple Access (CDMA). Heléuaers transmit simul-
taneously in the same frequency band, separation betweanithachieved by making
each user transmit using signals that are uncorrelatedabhave low cross-correlation,
with the signals sent by the other users. In practice, pesieggaration between users
is not possible, thus, CDMA is said to be interference lichitd herefore, as much as
TDMA and FDMA-based network protocols deal with distrimgithe available band-
width between users, a primary goal in protocols intendecf€DMA systems is to
control inter-user interference.

In this work we will focus on the design of flow and admissiomicol protocols
for conversational communications in CDMA networks. Thiglies that the proposed
schemes will be constrained by strict limits on the delay. rdentioned above, our
approach is that of cross-layer designs. We choose the agipb®cause of its efficiency
and flexibility. We will see that all the solutions we will ment share the common
characteristic that they are able to extend operation legongestion (defined as the
maximum number of calls that can be accepted and still detwenmunication service
at a promised level) at the cost of a smooth and controlledadiegion of quality. The
contrasting approach to ours is one where calls are accépteat the cost of a rapid
increase in channel-induced errors and distortion. In cbhese, this does not occur
because of the cross-layer adaptable approach and bebautestgns limit the channel-
induced distortion to perceptually acceptable ranges.ohtaptly, this work lead us to
develop an optimal solution to the problem of source-cdigticstatistical multiplexing

in CDMA.



1.2 Previous Work

Since any reduction in interference translates into aresme in user capacity, a sig-
nificant portion of research in CDMA has been focused on fetence control and
minimization. This includes techniques such as efficieatpssing of multipath, multi-
user receivers and use of directional antennas [17, 52 M$), early works introduced
the idea of taking advantage of silence periods in betwel&nstaurts to increase the
capacity [17, 52, 53]. In [51], Viterbi contended that thilea is one of the two most
practical methods (sectored antennas is the other) toaserthe number of calls that
can be simultaneously serviced. Since it can be consideegd/oice activity follows a
talk spurt-silence model [6], interference can be redugeavoiding transmission dur-
ing silence periods. A refinement to this idea, is to considere than two levels of
speech activity. Such is the case in the TIA/EIA 1S-95 statd23], which proposed
a multi-state vocoder named QCELP. The QCELP encoder hagliiberent operating
states, each of them associated with a different level ofdpenergy and a different
output rate $600, 4800, 2400 and1200 bits/sec). The lowest rate is the one associated
with a silence period between talk spurts. The multi-rates® coder in 1S-95 is used
to reduce interference by decreasing the transmitting po#a user when source rate
decreases following a reduction in speech energy. Theaeldgature of these source-
based ideas to reduce interference is that there is no ekontrol on the source en-
coder, i.e. source coder adaptations were driven by thespuoot the network. Being an
evolution from 1S95, these concepts and ideas have alsoeéended to the cdma2000
standard [1, 55]. In [44], the authors analyzed coveragecapacity in a cdma2000
network for voice and packet data services. Over the time, vaeoders, with better
performance than QCELP, have been introduced with the ainsiofj them in new cel-

lular standards. Yallapraga and Kripalani studied in [$f éeffects that performance



gains in the GSM Advance Multi-Rate (AMR) encoder [12] and Belectable Mode
Vocoder (SMV) [15] have on voice capacity of GSM and CDMA netks. In the case
of the GSM system, the multi-rate encoder is used to adapffereht channel condi-
tions by switching between two possible encoding rateso Alss proposed in [56] that
capacity can be increased by reducing the source encodmglinaGSM this operation
increases capacity by using up less frequency channeksstots and by reducing inter-
ference and allowing a tighter frequency reuse. In the cA&DMA, the SMV codec
also reduces interference as done in IS-95 by switchingdmtvencoding rates based
on the speech characteristics. SMV differs from QCELP irt thhas four different
operating modes, each associated with different threstoldwitch between encoding
rates, and thus it exhibits 4 different average encodingsraln [56] these 4 different
encoding rates are used to estimate their associated clraegpacity. The analysis
involves only calculation using bit rates as if each CDMA mh@l would be ideally
separated from the others with no inter-user interfere. work in this thesis goes
beyond these works by addressing how a change in sourceirgaatie for one call
affects average distortion and system interference. Qunoagh is novel in addressing
the multiplexing dimension in CDMA using as main controlreknt the source encoder.
[7] describes yet another feature of cdma2000, the highpat&et data system 1S-856
in this case, where source rate control is used to reducdargace. In this case, a bit
named ‘Reverse Activity’ (RA) bit is set at the base statidmewnever the interference
reaches some value. A change in the RA bit triggers a chantieitransmit bit rate.
Interestingly, this change is random, following an estbprocedure.

Our approach, which was pioneered for a TDMA network in [@}oiadd an element
of control into the application layer by introducing a saiencoder with externally

adaptable encoding rate. In the area of adaptable CDMA, alaopesearch problem



has been the optimal rate and power adaptation to channdltoms. Jafar, et. al.
studied in [25] the optimal transmit rate (from a discreté sed power adaptation
subject to an instantaneous BER constraint and channeitmored Other related work
studied rate adaptation for the data portion of traffic schfe the influence of voice
calls. In [22], Honig and Kim studied the assignment of poaed processing gain,
varied by changing the symbol duration, to satisfy a targe$ Qvhich may be bit error
rate (BER) or delay. This initial work was extended in [29]donsider a dynamic
algorithm to dynamically allocate power and processingy gaivoice and data users.
The goals of the algorithm are to minimize the total receigedier within a cell and
maximize the average throughput for data users subject ® €mstrains for voice
users. With the goal of relieving congestion in CDMA netwsyrBacobsmeyer presents
in [24] an heuristic solution to reduce interference, whbeepower and bit rate of data
users is reduced while maintaining a constant energy perdbi42], Sampath et. al
studied total transmitted power minimization and sum afsraitted rates maximization
subject to feasibility conditions on power and rates asagms. Sampath recognized
that if the feasibility conditions are not met then eitheiaust be blocked or the
conditions would have to be relaxed somehow. Since mostssktiworks focus on the
data portion of the traffic, the goal is to maximize throughgda these works there is
no mechanism to adapt voice calls to network conditionsrdtien power assignment,
blocking calls or dropping excessively delayed voice p&ke

In the area of cross layer design, more recently, some wakshktended the idea
of power-controlled networks to include also source andhobhcoding. In [50], Vish-
wanath, Jafar and Goldsmith determined the Shannon cgpagion (i.e. the set of
rates that each user can achieve with arbitrarily smallgdvdiby of error when assum-

ing the best coding scheme possible and no delay consjrairtse uplink of a mul-



tiuser system. They also studied, as a function of each Usemel state, power and
rate allocation policies to achieve this region. In [21] #uthors present a dynamic
programming algorithm to optimally allocate power and seuand channel coding pa-
rameters in a TDMA network with the goal of achieving delayntees for all chan-
nels. In [8], a variable rate video coder is used in a designdat source rate and
power allocation that maximizes end-to-end Peak Sign&ldise Ratio (PSNR) for a
given bit SNR-source coding rate product. This design hasriterest of considering
a cross layer design involving source coding and power afiion, yet it lack the anal-
ysis we will present in this work, assumes homogeneous sswed does not discuss
how to distribute each heterogeneous user’s contributi@ystem interference, i.e. the
multiplexing dimension is not considered.

Other researchers have focused on the integration of dafec tinto the CDMA
network. With the purpose of integrating variable bit rateltimedia traffic into the
IMT-2000 third generation wireless system [11], Fantacad &lannicini proposed in
[13] a multiple access protocol based on dynamic resemvassignment. The proposed
protocol is similar to Packet Reservation Multiple AcceBRIMA) [18], [37], in that
data packets are transmitted using the bandwidth not besad by real-time sources.
It is also similar in that voice terminals release the chadoeng silence periods and
contend for a new one during silence-to-talk spurts traorsstin a way similar to slotted
ALOHA but over a dedicated control channel and using sprepdodes instead of
minislots. In essence, the main difference of this work VARMA is that, instead of
allocating time-slots, the protocol allocates spreadiodes to transmit in a wideband
direct-sequence CDMA system.

Our research can be also considered as an application afmestdiution coding to

control user capacity of a system. Previous work on this exdades a framework that



allocates the minimum power necessary to support a giventQe&ch substream [58].
This approach is presented as an alternative to unequalpot@ction (UEP) since the
different levels of channel error protection are providgdalpower assignment unique
to each substream.

As we shall show, the problem that we will study in this thesis be seen as the
one of source controlled statistical multiplexing in CDMIA. this type of problem it
is useful to understand what is the effects on the total sysesources, and capacity,
a particular setting for a user has. In an asymptotic approaat considers that the
number of users and spreading signatures length grow, \ééping their ratio fixed,
Tse and Hanly introduced in [48] the concept of effectiveifd@rence to study the effects
of interference on the system capacity considering diffemeultiuser receivers and ideal
power control. This study was extended in [60] to the casenpiirfect power control.

Finally, there is also a number of previous research workelihto our research
on video communication over CDMA. For a multiuser CDMA eviment, Zhanggt
al. studied a video bit allocation scheme that considers samdechannel coding and
power allocation to minimize power consumption while dgtrsy maximum distortion
requirements [61]. The solution first allocates resourodiat all calls satisfy the max-
imum distortion constraint. In [62], the authors presenbhution to scalable video
distortion minimization subject to total transmit rate gwver constraint when com-
munication is carried over a fixed given number of CDMA chdsnas we will see, our
approach, especially the one presented in chapter 3 iscapf#iin both [62] and [8] to
optimally distribute CDMA channels and system interfeeamong calls, respectively.
Also, is applicable in [61] to prevent loss of calls when ihist possible to satisfy the
maximum distortion constraint.

Most of the results in this thesis have been presented prglyian [31, 30, 32, 20,
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33, 46].

1.3 Thesis Summary

Chapter 2 is dedicated to the analysis of a simplified castefésource allocation
problem in a DS-CDMA network through source coder adaptatio this case all users
operate with the same real-time source coders with no chemtieir encoding rate
based on the level of source activity and with a fixed proogsgain. This chapter is
important in introducing some elements of our study thatcam®mon to the rest of
this thesis. Such is the case of the description of the syst&top and the introduc-
tion of the concept of quality goal, as well as the idea of edieg operation beyond
congestion by accepting a smooth degradation in qualitap@r 3 extends the study
in chapter 2 to the study of the most general problem of optadaptation to resolve
interference-generated congestion for an arbitrary segadftime source encoders with
arbitrary Signal-to-Interference-plus-Noise ratio (&)N\goal and variable transmit bit
rate (variable spreading factor). Also important is the that the problem setup is one
of a true multimedia system, where our interpretation fas th a system where the
distortion-rate performance of each source may changenitlo consecutive transmit
periods and also within two different calls. As importarguk, we show that our prob-
lem, as stated in a multiuser environment subject to povasilbdity constraint, can be
considered as the optimal source-controlled statisticaliptexing solution in CDMA.
In this chapter we also present two optimal solutions (epgfi@able to different system
setup) to the statistical multiplexing problem. Chaptesdaithe statistical multiplexing
concepts and solutions developed in 3 to address the pratfi@mtegrating real-time

traffic with data traffic. In this chapter we study the ser#ipof each section, real-time
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and data, to the change in the equivalent bandwidth theysmigreed. We use these
results to propose and study a scheme for real-time/datgraied congestion relief.
While chapters 2 to 4 study problems in the uplink, chaptesrisiers problems in the
downlink. In this chapter we consider both constant praogsgain and a multicode
CDMA system. Finally, chapter 6 discusses the most imporesults obtained, as well

as future extension of this work to other projects.
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Chapter 2

Resource Allocation for Fixed Processing Gain

DS-CDMA Based on Single State Source Coder

2.1 Introduction

In this chapter we begin the study of the resource allocgirablem in a DS-CDMA
network through source coder adaptation. We first considenglified case where all
users operate with the same real-time source coders, whichtechange their encoding
rate based on the level of source activity, and where theegsieg gain is assumed
constant. We will start by describing the system setuppvadid by establishing the
mathematical framework that will form the base for the stirmlyhis chapter. Next,
we will study the condition necessary for the network to sarp given number of
active calls. We use this condition as the constraint of §hnozation problem that
adapts each call operating parameters to allow networlkatiparthat avoids congestion.
Next, we present the solution to this design problem, as agelin analytical study of
the relation between interference, the number of users IDBIA network and the
reconstructed source quality at the output of the sourcediec This study allows us

to analyze how these variables can be properly balancedridesign. We will also
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consier practical implementation issues followed by thesttgpment of useful design
and modeling equations. Lastly, we discuss the teletrafbpgrties of our system. We

finish this chapter by summarizing the main conclusions amdributions.

2.2 System Description

Consider a Direct-Sequence Code Division Multiple Acc&S-CDMA) system. As-
sume, also, that the only calls present are those carryaigtiree conversations. Al-
though, in general, each call could be carrying a convensaticall of different media
(speech, video, etc.), in this chapter we will focus exdlelsiin calls carrying real-time
voice.

Figure refpropresfig shows the main components of the pezpsgstem. The mo-
bile terminals have the same basic components blocks as thosd in current com-
mercial DS-CDMA devices: a source encoder that removesaassary redundancy
from the real-time source, a channel encoder that addsal@utrredundancy to the
encoded source so as to better protect it against chanwoes ear spreader that imple-
ments the DS-CDMA functionality, and front-end hardwaretsas the modulator and
power amplifiers. As shown in Figure refpropresfig, in cositta current commercial
devices, our system introduces a source encoder that hay asdperty that the output
rate can be externally controlled. This can be implemenséugeither variable rate or
embedded encoders. In the former case, the coder genenatdst gtream for each of
the possible encoding rates. Only one of these will be sadeahd transmitted based
on a control signal that indicates the rate assignment. \Wempared to embedded
encoders, variable rate encoders typically have bettengaefficiency. On the other

hand, using embedded encoders presents the advantagalthahe bit stream is gen-
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Figure 2.1: Block diagram of the proposed system

erated, making the adaptation to the rate assignment sinyptieopping as many bits
as necessary from the end of the bit stream. Although thedtbpping mechanism” is
exclusive to the embedded stream, we will loosely use tinis te mean a reduction in
the source rate regardless of the particular source encogégmentation.

In the proposed system, the source encoder output is diintiedariable rate source
frames. The length of these frames depends on the sourcdirgaate. Only one
source frame is sent per transmission period. While in cawemmercial DS-CDMA
systems the source frames are error protected by a fixedtrateel encoder (followed
by bit repetition if needed), in the proposed scheme sousreds are error protected
by a variable-rate channel encoder. In this chapter we willsader a system that pro-
vides equal error protection for all source bits. Source emhnel rate allocation is
determined so that any reduction in source encoding rateatshad by an increase in
error protection in such a way that the bit rate at the outpth@variable-rate channel
encoder remains constant. This means that all bits droppedthe source are replaced

by error protection bits from the variable-rate channeloglec and that the bitrate at
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the output of the variable-rate channel encoder is equéde@toduct of the maximum
source encoder output rate and the maximum channel codiag fiéis follows the

fixed processing gain assumption and it also assures tret tekept fixed and small,
as required by real-time services. Note that this operatrglies that the level of er-

ror protection is increased as the source rate is reduced.approach also simplifies
implementation on current system by modifying only thosseland (often software-
based) processing unit that normally precedes the spraadather physical link units.
In fact, as shown in Figure refpropresfig (a), one possib@ementation may concate-
nate the variable-rate channel encoder to the alreadyirexisted-rate one. Not shown
in Figure 2.1, is the assumed fact that the source encodputtintains also some bits
used to detect frames in error through (assumed ideal)acyatiundancy check (CRC).

In a general setup the source encoder may be multi-state.nféans that the max-
imum encoding rate will change based on the level of sourteityc For the purpose
of the current system description we will continue to asstimaéthe source encoder is
multi-state. Nevertheless, for the rest of this chapter weassume that the source is
such that the encoder operates always in the same state awdl eave for the next
chapter to study the more general problem where each enadllehange state. Since
the whole system behavior will follow the state of the encode will use the terms
"encoder state” and "call state” interchangeably.

A flow control protocol is located in a centralized positiorely the base station)
and communicates with all the mobiles in the coverage ameaath transmission pe-
riod, each mobile terminal sends not only the encoded salateesampled during the
previous period but also the rate requirement necessargrtsnit the source data sam-
pled during the current period. In effect, transmission sbarce frame is delayed by

one frame duration with respect to the time when the data arapked. Itis the protocol
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job to allocate rate and power to all the users based on ttie tamand estimated from
their rate requirements in such a way that average distopio call is minimized. Rate
assignment is communicated to each active user jointly thgtpower assignment so as

to proceed with transmission.

2.2.1 Quality Goal and Quality of Service (QoS)

An important goal for practical implementation of this sefeesis to guarantee and pro-
vide good communication quality. To quantify quality we Maleasure the end-to-end
distortion, i.e. that composed of the source encoding distoand the distortion intro-
duced by channel errors.

In general, we have observed during simulations that, ferstime distortion mea-
sure, channel-induced errors are perceptible more angdlyat source encoding distor-
tion. This is because channel-induced errors tend to caraterthe distorting effect on
a group of samples as opposed to spread the distortion at leved to all samples in
a frame. This manifests as an artifact that many times isgpéually evident and an-
noying and that in some cases might affect the understalitgaifithe message. Thus,
in this chapter we will have as design goal to keep the redatontribution of channel-
induced errors to the end-to-end distortion below a valugllssnough so that it remains
perceptually acceptable. This goal, that we will call thmlity goal will determine the
design values for target SINR.

We intentionally avoid calling this goal a ‘Quality of Secel (QoS) goal. This is
because, for the type of problems we are studying, the definitf QoS tends to vary
for different publications depending on the particular @agh. In the present case,
the most appropriate definition of QoS is that of the endrtd-quality. We will see

that in our design the end-to-end quality will not be keptdixen fact, end-to-end
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quality will be controllably traded for an increase in thgparted calls. Nevertheless,
we will also see that our design will be able to effectivelyimain the contribution of
channel-induced distortion below the threshold when ibbees annoying or it affects
the understandability of the message. Meeting this godlmaglan that the communi-
cation quality remains perceptually good or acceptables the chosen name ‘quality
goal’ for this design objective.

In essence, considering a quality goal in terms of the daution of channel-induced
errors is equivalent to the practice in wireless design oéting a target maximum
Frame Error Rate (FER). Nevertheless, our goal not only ta@is a closer relation to
the end-to-end distortion measure, but it also better demnsithe source encoder sensi-
tivity to channel errors at different encoding rates. Ndi&tin our scheme the target
Signal-to-Interference-plus-Noise ratio (SINR) necegsa meet the quality goal is a
function of the source rate. This is because reducing soateeorresponds to increas-
ing the source frame error protection, which, in turn, losvile SINR needed to achieve
the same quality goal. Thus, by reducing some or all callst@®rate, it is possible to
lower transmit power and interference, resolving congesdt the cost of higher source
encoding distortion but without increasing channel induegors. Then, in our scheme
the cost of increasing the number of calls beyond congesi@ndegradation of the
average received source quality. Then, the design proldeim determine what calls
should be affected and with what magnitude so as to resolvgestion while meeting

the quality goal and minimizing average end-to-end digionper call.
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2.3 System Analysis

2.3.1 Ideal Power Control and Additive White Gaussian Nois€han-

nel Case

Consider the uplink of a chip-sampled Direct-Sequence CDéystem, as in Figure
2.1, with ideal power control and subject to an additive tenGaussian noise (AWGN)
channel. Assuming that a matched filter is used at the reg@@eer assignments and

interference from other users are related to the target $3¢XBach of theV users by,
P

N )
o+ D P
=1

J=1
J#i

B > 1=1,2,---,N, (2.1)

where P; is the power assigned to uséras measured at the receiver, necessary to
obtain the target SINR;, o2 is the channel’s noise variance, ang is the crosscor-
relation between usetisandj unit-energy spreading sequences. For an asynchronous
system%?j models the sum of the squares of the left, right and sameshielations.
In a synchronous system; models the correlation between pseudo-random spreading
sequences or the

If it is possible to find feasible power assignments thatsfias the/NV inequalities
(2.1) with equality, then these assignments minimizesuhedsf the transmitted powers,
[42]. Therefore, we will consider (2.1) as an equality.

We next assume that our system is able to estimate in eacle faaniequivalent

crosscorrelation’ such that equation (2.1) can be equivalently written as, [58]

ﬁi:L 1=1,2,---,N. (2.2)

N Y
ety
=1

J=1
J#i
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We have found from simulations that this assumption is nealsle. Figure 2.2 shows
one of these simualtions. In the figure we show the power atiéatto a user as the num-
ber of calls is increased. The curve labeled “From estimstieivs the result calculated
using the equivalent crosscorrelation. The curve “Reatinghthe result calculated us-
ing the actual crosscorrelations between each call pathdrsimulations we modeled
the actual crosscorrelations as a Gaussian random vawéthleero mean and variance
equal to the inverse of the spreading sequence length (asksequal to 64), [59]. To es-
timate the equivalent crosscorrelation we assume thatstpeasible to obtain a sample
of the total interference, with this result the equivalemsscorrelation was estimated
so thaty"" Pjy2 = 42 32" P;. We can see from Figure 2.2 that not only the result
using equivalent crosscorrelation is close enough to thlearge but, more importantly,
using equivalent crosscorrelation allows for a good edionaof the point when the
power allocation start to grow rapidly. As we shall see inrb&t pages, this condition
determines the congestion point in the CDMA network.

Writing equations (2.2) as a function of the unknowfsi = 1,2, --- , N, we obtain

the linear system,
MP = o1, (2.3)

wherel =[1,1,--- ,1]{,,,P =[P, P,---, P,)" and

1xn?

1=,
Myl =< 7 Y (2.4)

—% if i # g
Solving this linear system we obtain the power assignment,

U, 02
Pi: UN ) i:1727“'7N7 (25)

(=)

J=1
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Figure 2.2: Comparison of allocated power as a function efrthmber of users with

and without using equivalent crosscorrelation.
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where

U, = (1 v 721@)_1. (2.6)

The solution in (2.5) is the power at the receiver necessapptain a SINR such that
the expected channel induced distortion remains belowsephenit. It is clear that we
neede.V:1 ¥, < 1forthe power to be positive. This condition determines tlaimum
number of users that can be accepted into the system. anmrerwhean.V: !
the power assignments in (2.5) are likely to be too large tprhetically feasible. Thus,
the dynamics of the system are such that, as more users artteatimto the system,
Zj.vzl U, grows up to a point where it exceeds a thresholde, € being a small positive
number set during design, that is the congestion point. &fbes, a practical limit on

the user capacity will be the one determined by the condition

N
dUi<i-e (2.7)
i=1

We note here that equation (2.5) is equivalent to equdtipin [43] and the condition
(2.7) is equivalent t@6) in the same reference. As is the case for equation (2.7) above
(6) in [43] is also intended to represent limitations on the rerés dynamic range
and system stability ([52]). Both equations differ in thag Wave used the equivalent
crosscorrelation instead of the processing gain. Our fittein doing so is to keep the
formulation sufficiently general so as to be able to also ianspractical issues that
may cause the equivalent crosscorrelation to change awerdnd to differ from the
processing gain.

As explained in Section 2.2.1. The goal of our protocol isgsatve congestion by
renegotiating the target SINR (by reducing source ratey4o aring the system back to
the operating point where (2.7) holds. Furthermore, we seelte adaptation rule that

is optimized in the sense that minimizes the average digtoper call. Letf;(x;) be
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the distortion-rate (D-R) performance function of #euser source encoder encoding

at rater;. Then, the optimization goal can be equivalently written as

N
omin Y fi(), (2.8)
»L2, 3TN i—1

In what follows we will assume that all users use the samdesistgite source en-
coder, i.e. the encoding rate does not change as a functibe sburce level of activity.
Also, it is reasonable to assume thfdtr) is convex and decreasing, as is the case for
most well designed source encoders. For simplicity, we allb assume that the rate
can be changed continuously without bounds, &g.Vi = 1,2,--- , N are real num-
bers. Obviously/(x) is minimum when the rate is maximum; = x,,, which would
be the rate assignment for all users in the absence of coogesurthermore, we as-
sumef(z) = a272*%, This is a very general form for D-R performance functiorat th
applies for the case of Gaussian sources with squared-g@istortion and when the
high-rate approximation holds, [16, 10]. In practice, reatoders are very complex;
thus, their distortion-rate functions do not strictly tal this rule for all encoding rates,
[62]. Nevertheless, we noticed that by carefully choosingnd &, this function is a
good representation of an upper bound for the real distortbe characteristic and can
be safely used as the representation for the worst-casgibebathe encoder. This fact
is further illustrated in Figure 2.3. Here we show the meaegyerformance of the GSM
Advanced Multirate (AMR) Narrowband speech codec, as vt approximations.
The overall configuration for the measurement was the santieeagne explained in
detail in Section 2.5. The measured performance reprefentsorst-case result, i.e.
for each encoding rate we only show the result among the naegch sequences with

the highest distortion. Of the two approximations shownwaat to focus here only on

23



1.45 T T T T T T

T T
_4— Measured )
. _o Approximate o 2; X
1.4 o— Approximate o/x

135

13

1251

Normalized distorion

11

1.051

1 ! ! ! ! ! !
4 5 6 7 8 9 10 11 12 13

Source encoding rate [kbps]

Figure 2.3: Measured worst-case speech codec performaddea approximations.

the one of the form2~2**. Therefore, our goal (2.8) can be equivalently written as

N
min Z a2 %k, (2.9)
Z1,T2, ", TN

1=1

Note that we are considering a distortion-rate function #ltaounts only for source
encoding distortion. Nevertheless, will remain appliestol end-to-end distortion if the
design meets the quality goal that keeps channel inducedsaat a small fraction of the
overall distortion.

The condition (2.7) for system stability and power ampl#fidynamic range in (2.7)
imposes a constraint on the design problem. This conditigalicitly depends on the

target SINR, which is design to meet the quality goal and igrection of the source
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rate. With the goal of finding an analytical expression thgiraximates this function,
we performed a series of simulations to evaluate what isatiget SINR required to meet
the quality goal. The setup was common to all simulationsiamscribed in Section
2.5. Figure 2.4 is one of these simulations. It shows, asetifamof the source encoding
rate, the target SINR required for the distortion due to deamduced errors to be less
than3% of that of the corresponding source encoding distortion. cafecluded from
the simulations that a reasonable approximation for theticel between target SINR

and source encoding rate is
B; = 24w H8, (2.10)

The parameterd and B, which depend on the error control coding scheme, if we fixed
the source encoder, are obtained from the simulations. tNat¢his is a convex function

that increases with the source rate. Using this expressi@ih7) we get

al 1 1—¢

N — , (2.11)
BA2 —Azx; BA2

— 2by2 42 2By

which leads into the following proposition:

Proposition 1 The problem of optimal rate adaptation that resolves cotigess

_min ZaQ 2z subject to Z SR 2 —— =21 —¢.  (212)
The solution to this problem is

.1 27B /N - _
Ty=T =~ log, [? ( — 1) }, Vi, (2.13)

which corresponds to a target SINR assignment to all callsaétp

. 1 (N -
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Proof: Let

1—c¢
T = 257 (2.15)
and
- ; (2.16)
Yi = 2B,y2 + 2—A1’i ' '
Then, since the distortion-rate function can be written as
fly) = a (y;7' — 2892, (2.17)
the problem in Proposition 1 becomes
N /A N
min Z ! (yi_l — 2372)2 / subject to Zyz =T7. (2.18)

YLV IN ST i—1
It is easy to show that in the presence of congestion, avategertion is minimized
when the constraint (2.7) is active [45]. Note that positive if the D-R performance
would be nonincreasing with the rate. Alsd,is positive for the error protection to
increase with decreasing channel coding rate. Tlitg, is always a convex function
in practice. Consider now the constra@f;1 y; = YT with N = 2,i.e.y; +y2 = T.

Becausef (y;) is convex, we have in (2.8), as a functionef

P+ £ 26 (5 2) =21 (3) 219

Then,min[f(y1) + f(y2)] = 2 f(1/2), with the optimal assignmen = y, = /2,
Y1,Y2
or, in the general case when there Aréerms in the sum,

T 1-e
yl_N_NQBryzu

Furthermore, since; andy; are related by the one-to-one expressips: (1/A) log, (y; ' —

2B~2)=1/(2.9) is minimized by choosing all source rates equal to

.1 27B /N -
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Also, this implies that the optimal target SINR assignmeéhis the one where all users
are assigned the same target SINR= * and, from (2.5), the same received power.

Then, from (2.7), we have

N
—=1—g¢, (2.21)
1+ 3
and

1/ N -1
= -1 ) 2.22
ﬁ 72 (1—6 ) ( )
O

Let V), be the maximum number of users that can be supported witbogestion,
i.e. those that can be supported when the source encodeng raf and target SINR is

/6]\/[ — 2AZ’]\,{+B )

Proposition 2 5* and V), can be approximated as

1—c¢

o 2.23

s N (2.23)
1—e¢

Ny =~ ) 2.24

M Buy? ( )

Proof: Considerings* from Proposition 1, its approximation follow frof being gen-
erally one or two orders of magnitude larger tHasnd1 — ¢ being close td. Proof for
N, follows from the fact that all users operate with maximungé&SINR when source
encoding rate is maximum.

Let Dy be the average distortion per call when there/éirengoing calls and}, be
the minimum attainable average distortion when the ratevi@ the optimal assignment
in Proposition 1 (i.e. when assignment is such that condi(®y7) holds). Also, let

5 = a2~%m pe the absolute minimum distortion. Then,
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Proposition 3 The number of supported calls is related to the minimum réiale av-

erage normalized distortion per call through the expressio

N e\ A/
PN . (2.25)
Nar 5

Also, the number of users in the system is related to the emteation per call through

the expression

N
Nu

~ QASL‘MX

, (2.26)
wherey = 1 — x/x), is the source packet reduction relative to the maximum rate.

Proof: From Proposition 1, all source encoders are assigned the iseen TherDy =

f(z) = §2%@v—2) and
* * X N 2k/A
Dy = f(a*) = § [2UAmtB)y2 (AL _ 1)]@HA (2.27)

1—e¢

Next, as in Proposition 2, we can approximate

2
DY, ~ 6 2% (i) ( 1N_7 )(2"”/ = (2.28)
— €
Sinces,; = 24*m+B we have
2\ 2k/A
D* ~ 5(5M7 ) : (2.29)
1—c¢
and using the approximation fa¥,, in Proposition 2 we get
Dy /6~ (N /Ny )B4, (2.30)

To prove the second part of the proposition consider thatgusoth approximations in
Proposition 2, we havel- ~ 2 — 2oy = 24X, O
As discussed above, our distortion-rate assumption fallwell-known function in

rate distortion theory that, for the case of complex encyd=m be used as a good upper
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bound for the worst-case encoder performance. In the psarfethe same simulations
we carried out to test this function, we found that a functioat represents a tighter
bound isf(z) = az~*, with £ > 0. This can be seen in the example codec performance
shown in Figure 2.3. Consequently, we study next how reasnéisffected when using

this approximation.

Proposition 4 The solution to the problem of optimal rate adaptation tcohes con-

gestion wherf(z) = az=*, k > 0, is

_ -1
o4 £<N —1) ],W, (2.31)

T, =2 = In

A

72 \1—¢

which corresponds to a target SINR assignmént= -5 (% — 1)_1 to all calls. Fur-

thermore, with this allocation the average distortion patfl¢s

k

AZ'M

)

Also, the number of supported calls is related to the minimattainable average nor-

Dy =46 (2.32)

malized distortion per call through the expression,

N ~ 6AxM(1—(D/6)*1/’“)

_ 2.33
N , (2.33)
(2.34)
and to the rate reduction per call through
N Az prx
— & efTMX 2.35
No ~ e (2.35)

Proof: For simplicity, we use a different base for the exponent eftéiriget SINR-source

encoding rate function (2.10¥; = ¢4*+5. When using these functions, equation (2.18)
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becomes

N O{Ak N
min_ ) — subject to dyi=T. (2.36)
Y1,Y2, YN i—1 [ln (yi_l _ 63’}/2) ] i—1
with y; ' = 7%ef + e=4* and
1—e€
T= (2.37)

The proof follows as in Propositions 1 and 3 where we only nieedhow that the
function
fly) = [m (v —erz)_l]_lc (2.38)
is convex. This is equivalent to show thétf /dy* > 0 for all values ofy in the domain
of f.
Let ( = eB~2, then, it is straightforward to show, after algebraic ofierss, that

& f by~ ( g 1)
@ 2+ (2.39)
Wm0

Sincey = (y2ef +e %)Lyt — ( = e=4* > 0 andy > 0, using (2.39) the condition

d*f/dy* > 0 becomes,

24 (C+e A7) et (kAzl — 1) >0 (2.40)

Thus,

E+1 -2

1 241
Ar = (2eAs+B 4 1) + ( )

Since the left hand side member is always positj/és convex if the right hand side
member is less than or equal to zero. For this to occur we heeg%e4+% +1 < 2, or

eA"tB < 1/~2. Sincee ™+ is the target SINR ang? is a number in the order af)—2,
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f would be convex if the target SINR is less thH#idB approximately, which is a very
likely condition. In the unlikely case that

—2
e 1
(y2eAe+B 4 1) +1>0,
the convexity off depends on the design paramete(from the source encoder) and

(from the channel encoder)l

2.3.2 Design Considering Channel Gain and Transmit Powers

The equations developed so far follow a simplified approhaehfocus on studying the
core dynamics of the system. However, they don't considanchl conditions and
constraints on each user’s transmit power. Specificallgtaugndergoing large channel
attenuation may be unable to transmit at a power level thatsitke optimal target SINR
(2.22). Although this condition is not desirable, it is greally unfeasible to avoid this
situation due to limits on the mobiles’ transmit power, battlife, etc. These users will
not only be forced to transmit at a lower SINR, thus expeifiggnbigher distortion, they
will also generate less interference to others, thus makipgssible for the rest of the
users to increase their transmit power and reduce endetalistortion.
Consider equation (2.1) modified so as to consider that eisersmit with powefr;
over a channel with power gaity:
_ T
N ;
0%+ 722 hT;
)

i=t
JFi

B 1=1,2,--- N (2.42)

Following the same procedure as before, the transmit poggg@amenty;, to user
7 hecessary to obtain the target SINR is,

‘I’Z‘O'Q

_ ., i=1,2--- N (2.43)
72}%2(1 - Zjvzl Wj)

i
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Note that we have the same system feasibility condition 42.if). In addition to this
constraint, there is also a limit on each user’s maximumstranpower?,, i.e. 0 <
T, < Ty . From (2.43), and assuming that the target SINR for all usave been set so

that (2.7) holds true, this limit becomes

2 1 -1
0< — <ﬁ + 7y ) <Ty €, (244)

or, writing this condition in terms of the SINR,

Bi < 5 2, (2.45)

Let S be the set of users’ indices such thiat< 3* and assume it has cardinalidy .
This set represents the users that are unable to transnytoatex level high enough to
reach the optimal target SINR*. Modifying equation (2.7) to separate the sum in two
terms, one for those users in the Setind one for those that are not,

i(u—ﬁ) +Z<1+—)_1:1—e. (2.46)

i=1 =
¢S ZES

Since each user’s distortion is minimized by setting a te8$dR as large as possible
(i.e. larger source encoding rate), the target SINR of uselfse setS is set by taking
equation (2.45) with equality, i.e%;, = ;. Since, for users i, 3; < 3*, the reduction
in target SINR reduces also the system interference and, #iows an increase in the
target SINR for the users not in the g&fto reduce distortion). The new (higher) target
SINR for users not i is calculated by modifying equation (2.46) as

N 1 -1 N 1 -1
Z(1+—ﬁ) :Q=1—E—Z( QA) . (2.47)

i=1 i=1 gl ﬁl
¢S i€S

This equation is of the same form as (2.7) with the sum in tfismkest member having

N" = N — N’ terms. Therefore, we can apply again all the conclusionsldped from
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(2.7). Based on this, the new target SINR for users not in ¢he& £an be calculated
from (2.22) and (2.47) a8'> = min[3;, 3*], where the superscript denotes the second

pass through the algorithm that allocates target SINR, pawe rate, and

= (2.48)

Since 3* < 3@, there might be users for which < 3@, i.e. they may be
unable (based on channel conditions) to set the transmiepoecessary to achieve
£+, Therefore, the above procedure is repeated until all SIBNR been allocated.

Finally, note that the target SINR renegotiation is such afiaisers are assigned the
same SINR (to reduce average distortion) except those ichi@thel conditions which

are assigned their highest possible SINR (to minimize iddizl distortion).

2.3.3 Practical Considerations

So far we have considered that the source encoding rate beuday real number be-
tween zero and,,. In practice, it is to expect that the source encoding ratddco
only take a discrete number of values. To reconcile thigtyetidere are two possible
approaches.

The first approach is to consider that the achievable tarid¢RS also take a dis-
crete number of values, each of them associated with onéfispurce encoding rate
throughg; = 24%+8 or 3; = e4**B, Once the fina3* has been found, all users that
had not been assigned a target SINR £* are assigned as target SINR (or equiva-
lently, source encoding rate) the one from the discretéhsgeis immediately larger than
£*. Then, one user at a time is assigned the target SINR fromiticeete set that is
immediately smaller thag*. The order of user assignment is from the users in worst

channel condition to those in the best one. This order isussdy reducing the trans-
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mit power to those users transmitting at larger values, #reeal effect is to roughly
equalize transmit power and battery life among users. Aléeh assignment, condition
(2.7) is tested. If the test results in compliance with thedition the assignment process
stops and power assignment is calculated using (2.43). Véaelbresult is that both
the optimal target SINR and source encoding rate are acgh&van average among all
calls, with users’ source encoding rate differing in at st discrete step. The only
drawback of this solution is that is slightly sub optimal &ese it narrowly departs from
the goal of assigning all users the same encoding rate. It fotawvs we will denote
this approach aype 1 rate adapted

The second approach is to consider that each source engatkrg associated with
a range of possible values for target SINR where overalbdisin is minimum. To see
this consider that, for a given rate, as the SINR decreagedistortion increases up to
a point where a lower encoding rate with better channel ptiote would have lower
overall distortion (although it would always have largeuse encoding distortion than
the other larger rate). Then, with this approach, all udeais had not been assigned a
target SINRB < [3* are assigned the same encoding rate: the one such‘tiain its
range of SINR values. Power assignment is calculated ugidg). The small drawback
of this approach is that it might be the case that some assgtatorresponds to a
larger contribution of channel induced errors than theigugbal. In what follows we
will denote this approach agpe 2 rate adapted

Both approaches presents some differences but we will sBedtion 2.5 that both
have the same performance. Nevertheless, type 2 impletitamtaay be less preferable
over some restricted values of target SINR because in theges the subjective quality
may be worse than the one for type 1 implementation due toreamduced distortion

exceeding the quality goal.
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2.4 Theoretical Performance Analysis

In this section we will develop a theoretical model to analylze performance of our
system. To this end we take a shapshot of the system at soah@maime and analyze
the performance based on the observations of the systesrastadthe random processes
involved at that particular time.

The average distortion per call depends on two phenomena.iihe distortion
of users who can set their transmit power at a level such te&tsrthe optimal target
SINR assignment. The other is the distortion of users whaiadergoing deep fades
and have to transmit at an SINR lower than the optimal one. preentage of user
in either of the two scenarios will depend on different dagigrameters as well as the
environment the system is operating in. In order to obtaistatistical model for the
behavior of our system we will assume that the iterative @doce to allocate SINR (as
described in section 2.3.2) takes place in one stage; I.esais that cannot achieve the
optimal SINR are assigned the target value as in equatid®)2the rest of users are
assigned the SINR as in (2.22). The results obtained withaksumption should ap-
proximate the optimal ones if very few users are assignedopdimal SINRs in passes
through the algorithm after the first one, and if there aresmgmificant differences be-
tween the optimal target SINR in the first pass and those Ioviiihg passes through
the algorithm. These assumptions are likely to occur intmacince in well design
systems the expected situation is that some few users weuid $uch a bad channel
that they would be unable to reach any target SINR and mokeatist would be in such
a good channel state that they could achieve any operatamggt SINR. Therefore the
expected distortiol is

Bis

Dy =E[D] =Dy [1 = Ps, | + [ D) fo.s(y) dy (2.49)

—0o0
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where D(8,5) is the distortion of a call undergoing an SINR @fz, 5,5 is the SINR
assignment (2.45) and;; is the optimal SINR assignment, both measured in dBs, and
fs,:(y) is the probability density function (pdf) of,s. In effect, 5,5 is the SINR
assigned to users that cannot achieve the optimal targe¢.valhe probability of this
eventis, from (2.45),

Py, = Plas < i) = P3 < 3] = P [h < M]

Tyey?N
If we assume a channel fading model following a normalize¢hf] = 1) Rayleigh
distribution with users’ gains being mutually independeéiit follows an exponential

distribution with parametex = 1 and
- 1—e
Pﬁ;B =1—e "0°N, (2.50)

where® = T)ye/0?. This equation (2.50) is a valuable design tool to computgven
a target values; - and the maximum transmit powéh,. Equation (2.50) allows to
control the percentage of users that cannot reach the taliy& in relation to practical
design parameters such’Bg ande.

Next, from (2.45), we have

1
/BdB — —10 log (% — ’)/2) s (251)

which is a function of the random variabté. Assuming that3;z > 10log~?, which

is reasonable for practical values/@fz and~?2, it can be shown that

In1 v
fo.(y) = )\—rioo 10(—©aB)/10 =10 @dB)/m’ (2.52)
where© 5z = 10log ©.
In order to be able to obtain a close form solution for thegrain (2.49) we used

Taylor approximation to obtain,

In 10

t
Foun (W) = A5~ 100~ 9us)/10 <to +hy + 52?/2) , (2.53)
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where

ty — 6_107,\@(13/10
ln10 O, 4p/10
o= 10~6/10,-A10~©an
! 10
In 10 2 —©y4p5/10 _—A10-©ap/10 —©4p/10
tr = A=) 1070/ (A 1079a/10 — 1)

Also, we represented the distortion-SINR (in dB) functignpecewise linear approxi-
mation, i.e.D(Gyp) = a;B4p+0b; inthe interval[ﬁdBi,BdBm], fori =0,1,2,--- ,m—1
andBup, = —00, Bap,, = B;5- Since itis to expect thabd (5,5) is an smooth function
that saturates at both large and small valueggf the approximation could be done
reasonable well for a small number of intervals Therefore, (2.49) becomes

2 €

Bam;iq | 10 y o
Dy = AZ/ - e (aiy+bi)(t0+tly+t2y )dy + Dye” @”2N

BaBs;

(2.54)

2.4.1 Dynamic Calls Model

The equations developed so far depend on the optimal SINBnasent3* obtained
using equation (2.22) converted to dBs, which in turn depardthe number of users
in the systemV. Then, the expected distortion is a function/8f as emphasized in
equation (2.54). The number of users in the system is itsedindom variable that
depends on the traffic within the cell under consideratioasuine that calls enter the
cell at a ratev following a Poisson arrival process (i.e. exponential riawteval time)
and that the random calls duration follow an exponentiatithstion with meant /.
We also assume that the system implements a call admissirotpolicy that limits
the maximum number of users to a maximwy > N,,;. The value ofN; is set by

a QoS goalD(N;) = Dy, Dy, being the maximum tolerable distortion limit. Users
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Pseudo congested state

Figure 2.5: Markov chain representation of the/ M/ /N, /N, traffic model.

that arrive when there are alreadly ongoing calls in the system are denied service and
considered lost. Therefore, the traffic model followsMn)M /N /N, queuing model.
To facilitate its study, the queue can be represented indime bf a transition diagram
as the one shown in Figure 2.5.

From the theory of\//M /N /N queues the steady-state probability that at any

time there are N users in the system is, [3]

aV /N!
Qn:P(n:N>: NL/

Zai/i!

1=0

(2.55)

wherea = v/u is the offered load. Therefore, over a sufficiently largegubof time

the average distortion per call will be

Np
Dya"/n!
E[D)] ="

Np
Z a' /i
=0

where we have assumed that processes are ergodic and tluduatieel gain process

(2.56)

is independent of the number of users in the system. NotedbadtatedF [Dn} is a

function of the offered load. In addition, when evaluating and designing the proposed
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system it is important to also consider the average lengtimefthat users will be oper-

ating at an encoding rate lower than the maximum. Considefalfowing definitions:

Definition 1 We callpseudo congestiastate the operational state when users are oper-
ating at a source rate lower than the maximum. This corredpdn the situation when
Ny +1 < N < Np. We refer to the average time in this state asdlherage pseudo

congestion duratiqriy},.

Definition 2 We call the operational state when new incoming calls nedxzktolocked
as congestiorstate. This corresponds to the situation whgn= N; and a new call

arrives. The probability of this event is queuing theotyliscking probability

The following theorem states the two most important opegathagnitudes related

to the pseudocongestion state:

Theorem 1 The average pseudo congestion duration is equal to

Nrp
> () g
T, = N::NM“ : (2.57)
> —vinp) ] gn
n=Np;+1

and the average distortion while in the pseudo-congestdé &

Ny, _
Z D; q;
_ i=Npr+1
E [Dn Ny<n<N,|=_" (2.58)
NL
Z q;

i=Nps+1

Proof: The proof for the average pseudo congestion lerifjthis an adapted version,
to the M /G /N /Ny queue, of the approach followed in [38] to find the averagey bus

time of anM/G/1. The present case differentiates from the referenced teavant
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Figure 2.6: One realization in pseudo congestion statauttydhe average pseudo con-

gestion length.

to find he expression for the average time the system speralgioup of contiguous
states (those betweeévy, + 1 and N ). Also, in the present case average service times
change for each state. Specifically, the event of interastissivhen there ard’,, calls

in the system and a new call arrives. The call is serviced @s as it arrives. As shown
in figure 2.6, we assume that the call spends a tinrethe system before departing.
During this timen. new calls arrive into the system. As in [38], we define a busiope
7; as a random variable equal to the time interval from ¢; when there areV(¢;) calls

in the system ta = t; + 7, whenN(¢; + 7;) = N(t;) — 1 for the first time A useful
property associated with busy periods is that the variatminthe number of calls in
the system/N(¢), during the time interval do not depend on the number of calthe
beginning of the interval. Hence, as shown in figure 2.6, #mgop of interest-, which

is itself a busy period, can be considered as the sum of thhefirged call service time
and as many independent and identically distributed busggeas calls arrived while

servicing the first arrived call. Hence

T=C+TI+To+ -+ Ty, (2.59)

Note thatE[n.| = vE|[c|, whereE|c| is the average time to service a call (or equiva-

lently, the average time for any call to finish) when the sysieoperating in the pseudo
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congestion mode. Hence

Np

Y () g

Ec) = 2=ut . (2.60)

Np
3,

n=Ny+1

Also, assuming independence betweerand all busy periods; the expectation of the

random sund ', 7; is

E = E[n.E[r;] = vE|[c|E[T]. (2.61)

Ne
>
i=1

Therefore, taking expectation of (2.59) and using (2.6 1yetd’[7| = E|c|+vE[c|E[T].

Thus,

T =Bl = — 0 _EV[CEL -

With E|c] calculated as in (2.60). After doing some algebraic openative conclude

that
Np
> () g
T, = Nf:NM“ , (2.62)
> —vinpw) ] gn
n=Np+1

O

So far we have considered\d/)M /N, /N, queuing model. As discussed, this model
represents a system where users are admitted up to a maximonimen of ongoing
calls (Vy); or Np). This represents a strict limit on the number of users ssédhan
the average distortion. On one side this model better repteghe problem of call
admission control from the network operator’s viewpoirg, icalls requesting service

when there are a certain maximum number of calls alreadyglsenved are rejected
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in order to maintain the quality for the existing calls. Om thther side, in CDMA
it is possible to accept more calls beyond the set limit. Tiwhy researchers have
studied the Earlang capacity of CDMA systems following/d )/ /oo model in terms
of the numbers of calls that can be supported such that ttegeuydrobability remains
below some threshold, where outage occurs when the systege@x some operational
parameter (typically related to interference in CDMA) [6@]3]. Therefore, it is of
interest to also study the impact of our approach on thisratfygacity measure.

In [52] the outage condition was defined in terms of the retabietween the amount
of interference density and background noise level. Nogicigain the equivalence be-
tween equations (2.5) and (2.7) with) and(6) in Ref. [43] it is straightforward to show

that the outage condition derived from the feasibility doaigt (2.7) can be written as

iwz‘ >(1—¢) (1 + %ﬁ) (2.63)

wherew; is a binary random variables that is equal to one wheniisdn a talk spurt.

Letp = P(w; = 1). Typically p = 0.4. If the outage probability is defined as

Zwl (1—¢) (H%)] (2.64)

the Erlang capacity is the maximum offered load such thadthage probability is kept

out -

below some target, typically or 2%. Let the random variablg = ZiNzl w;. Defining

Ko=(1—¢) (1 + Lﬁ) (2.65)
and using the characteristic function it can be shown tbaf, [
k
1%
Py = e~/ Z % (2.66)
[ Ko]

SinceK increases as the target SINRs reduced we can see that the outage probability

is reduced as source encoding rate is also reduced. Equivaler the same outage
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probability, as the source encoding rate is reduced it isiptisto support larger offered

loads.

2.5 Performance Evaluation

In this chapter we have so far studied how to renegotiateatyet SINR in a CDMA
system by reducing the source encoding rate so as to extemdtimm beyond the nom-
inal congestion point while maintaining a quality goal {tbkeeping channel induced
distortion at a perceptually acceptable level). This réidacin source encoding rate
increases the end-to-end distortion in a smooth and cdeibtelway by setting as ‘qual-
ity goal’ a limit to the channel induced distortion. This 8en is concerned with the
evaluation of the techniques studied in this chapter anaweeall performance of the
proposed system. Most of this evaluation will be based omlsitions. Since the fo-
cus of the study is on real-time sources, we will considet tha system is carrying
conversational voice traffic. As input for the simulatiostte we used eighteen speech
sequences from the NIST speech corpus [47]. These sequerceshosen to repre-
sent different male and female speakers. We encoded thggerses using the GSM
AMR (Advance Multi-Rate) Narrowband Speech Encoder [13jisTencoder operates
with 20 ms frames, 5 ms look-ahead and includes an error etme&t mode, which
was used in simulations. Of the eight possible encodingrdi2.2, 10.2, 7.95, 7.4, 6.7,
5.9, 5.15 and 4.75 kbps, we used only the six highest ones.

To measure the end-to-end distortion of the speech segei@recehoose a percep-
tually weighted log-spectral distortion measure cal@ddty numerical approximation

of the function

2

A2 dif. (2.67)

BT

SMNﬁAUDJ/WMﬂQ
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where A(f) and A(f) are the FFT-approximated spectra of the original and the re-
constructed speech frames, respectivélyz(f) is a subjective sensitivity weighting
function defined by [9],

1
254 75(1 + 1.4(f/1000)2)0-69°

Wi(f) (2.68)

This distortion is measured on a frame-by-frame basis addkeraged over all frames.
Log-spectral distortions are frequently used to objettiveeasure speech distortion.
They see their most common application in the evaluatiorpeesh vocoders. In the
present case, we choose this measure not only because obdswathematical prop-
erties but also because of its good correspondence to siubjperception [41]. Con-
trasting to the application of this distortion measure t® ¢valuation of vocoders, we
included in the measure computation outliers frames. Thts better capture the ef-
fects of channel errors. For design and to report our reswiésused a normalized
distortion measure, computed as the ratio of the spectsabrdions with that of the
speech sequence encoded at the highest rate (12.2kbps)ahgbnce of channel noise,
0. Incidentally, we noted that both approximations to theadtgon-rate function (using
f(x) = a27%** and f(z) = ax~*) were applicable, as discussed in section 2.3.
Traditionally, it is possible to increase the number of asara CDMA network

by accepting an increase in interference. Therefore, a® msers are admitted, the
decrease in the SINR reduces the source quality at the sxagie to the increase in
channel-induced errors. Our scheme presents an altezrtatithis approach. In our
scheme, as more users are admitted into the system the stistodion also grows
but, in this case, due to the source rate reduction. Chandaeted distortion does not
change since its contribution to the end-to-end distorisokept constant. This idea
of increasing the number of users by source encoding ratptatizn is highlighted

in our results in equations (2.25) and (2.26) for a distortiate function of the form
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f(r) = a27%* and in equations (2.33) and (2.35) for the more tight digiortate
approximation of the forny(z) = az~*. Figures 2.7 (a) and (b) show different real-
izations of equations (2.33) and (2.35) respectively, ffiecent values of the parameter
A. The parameters used in this figure were obtained from sitiwuls. Specifically, the
different values of parameter A are representative of tvafiges obtained from differ-
ent configurations of the channel encoder subunit, with aildowt concatenation of
fixed and variable rate convolutional encoder. The anabyfsisese results shows these
equations substantiate the claim that our system is ablectease capacity at the cost
of a controlled smooth degradation of reconstructed soguedity. For example it is
possible to increase 70% the number of users for a 20% ireira@verage normalized
distortion.

We have already emphasized the fact that in our system thiy &bbeadapt the source
encoding rate allows for a change in the target SINR so tleasylstem feasibility con-
dition (2.7) holds. In a traditional CDMA system the lack afntrol over the source
encoding rate allows for two options when increasing the lmemof users. One option
is to change the target SINR so that (2.7) still holds. In tase the received quality
would eventually be dominated by channel-induced disiniiecause a traditional sys-
tem is not able to change the source encoding rate and chiaagarget SINR without
increasing the proportion of channel errors to the endatbdistortion. We will denote
this option agype 1 non-rate adaptedThe second option is the one where a call ad-
mission algorithm is responsible for preventing that thebar of users reaches a value
such that (2.7) does not hold any more. This system has noidmadity to change the
target SINR. If more users enter the system the first effectidvbe the one following
the rapid approach of the denominator in the power assigh(@et8) to zero. As a con-

sequence, the power assignment to meet the target SINRicagly increases, as does
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the number of users that become limited by the maximum powestcain. Therefore,

as the number of users increases beyond the congestion fhase of them that see
their SINR reduced also significantly increases. When exaiytthe number of users is
such that the power assignments become a negative valugydteen would have gone
beyond the controlled operation range and would assign thémum transmit power to

all users; i.e. an assignment where each user is left by.itsetn when assigning max-
imum transmit power to all users, all of them will suffer frontreasing degradation of
SINR. We will denote this option agpe 2 non-rate adapted

We evaluated the performance of our scheme by comparingtit avi equivalent
CDMA system. This system is one that shares the same opsabhitocks and config-
uration as our system in Figure 2.1 with the difference tltatdaptation is possible,
i.e. the system operates always at the maximum source engcoate and correspond-
ing larger channel encoding rate. Operation beyond theesimn point is carried out
following either type 1 or type 2 non-rate adapted optiondescribed above. For all
the systems under consideration we assumed BPSK modul&torchannel error pro-
tection we choose a memory 4, puncturing period 8, mothee caiel1 /4 (variable rate
in our system) Rate-Compatible Punctured Convolution&KR) code [19] decoded
with a soft Viterbi decoder. The constant frame size thanpait into the spreader was
chosen to be equal to 500 bits.

Based on this configuration our source rate-adapted syséentltange between
six possible operating modes, one for each possible somaader rate. Describing
the modes by pairs (source encoding rate, channel codeth@e)x possible modes
are (12.2 kbps, 1/2), (10.2 kbps, 8/19), (7.95 kbps, 1/3% Kbps, 4/13), (6.7 kbps,
2/7) and (5.9 kbps, 1/4). Figure 2.8 shows the distortion &sation of an AWGN

channel SNR for each of the six possible operating modes. atlihe quality goal so
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that the end-to-end distortion was 3% more than the one @oséime source encoding
rate with no channel errors. By approximating the interieeeto an AWGN process,
we found from simulations the target SINR for each mode sbttiequality goal was
met. The equivalent traditional CDMA system is the one thaags operates at the
maximum source encoding rate, i.e. it only uses the mod@ |ips,1/2). The target
SINR for this mode was set with the same criteria detailed/@bdssuming: = 0.05
and~? = 0.01, we set the maximum number of users that can be supportedwtith
congestion taV,; = 85. From this operating point we increased the number of users
by adapting the source rate (changing mode and target SINRByr system and by
reducing the SINR in the equivalent CDMA system following tfvo above options.
We modeled the channel gain as having a normalizg8t? = 1) Rayleigh distribution.
The limit on transmit power{’;, was set so that at the congestion point no more than
approximately 6% of users were unable to achieve the tai@R Sue to bad channel
conditions. We also assumed that the base station couldgbgrestimate the users’
channel gains. For the cases we did simulations, we usedeMoenrtio method setting
as stopping criteria a convergence in the relative erravin&Po.

Figure 2.9 shows the simulations results. Our first obseEmwas that there is no
statistical difference (less than 1 %) in the performanddetwo types of rate-adapted
approaches described in Section 2.3.3. In addition, we @athat the proposed system
significantly outperforms the traditional approach for aaynissible additional distor-
tion. Specifically, when compared to the type 1 non-adapgstém, our system can ac-
cept 30% and 55% more users for 15% and 25% extra distorg@epectively and when
compared to the type 2 non-adapted system, the proposersgan accept 32% and
76% more users for 15% and 25% extra distortion, respegtiVélese distortion values

were of interest because they correspond to acceptablaygioaltelephone commu-
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nication when considering subjective perception and tes@riability due to channel
errors. Even larger gains are achievable if higher levetisibrtion can be accepted. It
is also interesting to note that, as predicted, the typeditibmal CDMA system under-
goes a steep increase in distortion shortly after the caiogeggoint. In practical terms,
this observation justifies the choice for the congestiomfugince it follows the natural
guideline of accepting the largest possible number of uskite avoiding the region of
steep increase in distortion. Even more, notice that thieept is also implied in the
definition of outage condition (2.63). In addition to thisnsilation results, Figure 2.9
includes results from the analysis in sections 2.3 and 2 clurve labeled “Approx-
imate” corresponds to equation (2.33) using parametersuned from the simulation.
We can see that this result is a very good one as an initiagdg@sediction of the system
behavior that only requires knowledge of a few simple patansg€rom the source and
channel encoder units. The difference between this readltsanulations are readily
justified by the fact that equation (2.33) considers all clehifadings equal to one and
that the distortion-rate function is a tight bound on the staase performance of the
source encoder. In fact, examining this result, and in viéwhe simplified model it
represents, we can consider that the approximations fodigtertion-rate curve and
the SINR-source encoding rate function are sufficientlyesgntative of the system be-
havior. Figure 2.9 also includes, labeled as “Theoretjddlé analytical prediction of
the system behavior using equation (2.54). Because theveetaror between this re-
sult and the one from simulations never exceed 4% (and in roasgs it is much less
than this value), we can say that equation (2.54) is a goa@éseptation of the system
behavior. Finally note that fav,, users the distortion i$.07 instead of1.03. The dif-
ference is due to the users that are in deep fades and carmeveathe target SINR.

This difference could be controlled at design time usinguagigns (2.50) and (2.54).
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When considering dynamic change over time in the number gbimg calls and
assuming aV//M /Ny /N model, i.e. acceptance of calls up to a maximum number,
the performance of the rate adaptable system could be agdegsonsidering three el-
ements: expected distortion, average duration in pseuagestion state and call block-
ing probability (probability that an incoming call canna@ provided with service). Us-
ing the same system setup as for the previous simulationhowe g Figure 2.10(a) the
analytical results for both the expected normalized digtorand expected normalized
distortion while in pseudo congested state as a functiorffefed loada = v/u. In
the model we assumed also an average call duration of thneetesiandV; = 240
(maximum average normalized distortion equal t approximately, which we found
corresponds to the maximum acceptable distortion). Asarpe as the offered load
increases, both expectations converge to the same valaedeethe probability of the
system being in the pseudo congestion state increasesheitbiffered load to a value
of 1. In Figure 2.10(b) we compare the blocking probability of system with a non
adaptable system, i.e. one that s either congested or gasted with no pseudoconges-
tion operation or increase in distortion due to source rdgptation. For these systems,
calls are blocked when the number of users in the systeijs As our system can
extend operation up t&/;, calls by reducing source encoding rate, it can support much
higher offered loads for the same level of blocking prohghbillhe increase in offered
load depends on the maximum acceptable expected normdisedtion. For example,
the increase in offered load is 27%Nf, = 106 (acceptable maximum expected nor-
malized distortion is 1.1 or 10% additional distortion, wainiis almost imperceptible),
or 61% if N, = 132 (maximum distortion equal to 1.2, which is slightly perdbfs),
or 205% if N, = 140.

Figure 2.11 shows the average pseudocongestion durati@figure does not show
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a range of offered load values as large as the others bedaiskitation in the pseu-
docongestion state for large offered loads become “infiniteeaning that the system
is permanently in the pseudo congestion state. This resulieful in highlighting the
fact that although the extension of operation beyond a cstiggepoint comes at the
cost of increasing distortion (albeit being always coétale and often small), this in-
crease is only transient in many cases. As a complementgdithire, Figure 2.12
shows the expected normalized distortion while in pseudhgested state as a function
of the expected duration of time the system would spend ea&hit transitions into the
pseudocongestion state.

Figure 2.13 shows the Erlang capacity for each operatingeraesuming a//M /oo
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ized distortion for each operating mode.

model. Of course, a non adapted system coincides with the Ki#ps, 1/2) mode. To
obtain the curves we used equation (2.66), changingvith each mode’s target SINR,
to find what was the maximum offered load so that the outagkeaitity was1% and
2%. We assumegd = 0.4. Figure 2.13 also includes, with scale on the right, the ram
ized distortion corresponding to each operating mode.ntwaseen that, depending on
the acceptable increase in distortion, the erlang capeciid be notably increased with
values ranging from approximate§% increase in Erlang capacity for a distortion of
1.1 to approximatel\220% increase in Erlang capacity for a distortionlo$5. Roughly
speaking, results considering this model where compataltlee ones obtained with
the M /M /Ny, /N, model.

Finally, note that our system has the extra advantage tlainttrease in distor-
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tion is smooth, controllable and predictable. This is beeaas the dominant process
is the reduction in source encoding rate, performancevalithe D-R curve. By set-
ting the target SINR according to the quality goal, channdliced distortion is kept
small. In contrast, in a traditional CDMA approach, the gase in distortion is a con-
sequence of the increase in channel-induced errors. Heresystem behavior is much
less predictable and distortion is subjectively more ammybecause performance is

dominated by the random errors in the channel.

2.6 Conclusions

In this chapter we have presented a design for real-time agmuation in a CDMA
network that is able to dynamically extend system operdigyond a congestion point
at the cost of smooth, controllable quality degradatiore basis of the idea lies in opti-
mally renegotiating the target SINRs with the goal of accardating the real-time traf-
fic demands while minimizing average distortion. TargetB$Nire adapted by changing
the source-encoding rate while the contribution of chaimeiliced distortion to overall
quality is kept below a fixed small threshold. This changesghenomena by which
distortion in CDMA increases with the number of calls frone ttne dominated by the
growth in channel-induced errors to one that follows theseencoder distortion-rate
performance. From this viewpoint, a contribution in thigpter is the departure from
the established idea that quality settings of a real-tini@oaset at least for the duration
of the call. Our contributed idea of extending operationdrel/congestion at the cost
of a smooth degradation of quality has very important apgii; in many situations
where servicing a call is more important than guaranteemsfract quality setting.

Another contribution in this chapter is the mathematicatiel@nd analysis of a sim-
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ple model where all source encoders are the same and operthi same state, ideal
power control is assumed, processing gain is fixed and thenethés AWGN. The sim-
plicity of this approach allowed isolating the main elenseott our design and focused
on the core elements affecting performance. The study wesepted for two assumed
distortion-rate functions; one that is directly relatedhypopular such functions in rate-
distortion theory, and another that was observed to be arlfdtfor complex practical
encoders. As part of this study, we were able to develop udekign equations that
permit predicting a fairly accurate behavior of our systeAm important conclusion
from this approach is that our system is able to significanttyease capacity at the cost
of a moderate controlled smooth degradation of recongtdusburce quality.

Next we showed how this study could be extended for situatishere transmit
powers and channel gains are taken into considerationghisarase, SINR adaptation
is made in such a fashion that all users are assigned the d&Re(t® reduce average
distortion) except those in bad channel conditions thaaasegned their highest possible
SINR (to minimize individual distortion). Based on this nrebcand assuming a channel
dominated by Rayleigh fading, we were able to develop anesgion that predicts the
performance of our system within a small relative error. ddition, we also discussed
practical considerations related to the practical desigriementation.

The final part of our study is a traffic analysis where we dgwetbexpressions for
the performance of the system considering the offered I@edpart of this study we
developed an expression for the average duration in thelpsgangestion state assum-
ing that the system behaves asMi)//N/N queue. We also developed expressions to
calculate the Erlang capacity following the model used Bj [3//M /oo queue).

Based on the analytical study in this chapter, we presergedrasults that show

that it is possible to increase the number of serviced calla smooth reduction in

59



guality. Numerical results from this analysis show thas ppossible to increase 70% the
number of users for a 20% increase in average normalizeattigst or that it is possible
to support at least a 100% increase in offered load for als@?a &dditional expected
normalized distortion for both call admission models cdased. Finally we compared
through simulations the proposed scheme with an equivayestém that cannot perform
adaptation. The results show that the proposed system capté20% and 55% or 32%
and 76% more users for 15% and 25% extra distortion, reyadctilepending on the
type of non adapted system.
We finally highlighted the fact that the rate adapted systealso preferable from

the subjective quality viewpoint due to the different prexéhat dominate the increase
in distortion: a smooth and predictable increase follovthmgsource encoder distortion-

rate performance as opposed to a random process that iesiatortion through chan-

nel induced error.
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Chapter 3

Resource Allocation Through Statistical Multiplexing of
Multimedia Calls in Variable Processing Gain

DS-CDMA

3.1 Introduction

In this chapter we will extend the study of resource allarath CDMA systems carry-
ing real-time traffic. We now consider the most general pobbf optimal adaptation
to resolve interference-generated congestion for anrarpiset of source encoders with
arbitrary SINR goal and variable transmit bit rate (vareabpreading factor). As im-
portant result, we show that our problem, as stated in a usdtienvironment subject
to a system stability and power amplifier dynamic range cadt is analogous to the
problem of efficient bit budget allocation to an arbitrarysiequantizers [45] and, more
importantly, can be further considered as the optimal ssaontrolled statistical mul-
tiplexing solution in CDMA. The overall result of the promussolution is a flexible
system that inherently establishes an efficient tradedfivéen end-to-end distortion
and number of conversational calls. Also important is ttoe flaat the problem setup is

one of a true multimedia system, where our interpretatiotis is a system where the
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distortion-rate performance of each source may changenitlo consecutive transmit
periods and also within two different calls.

In the previous chapter we used speech as real-time souarttes thapter we change
the type of real-time source we use as application exampuleragimulations and we
consider layered, embedded conversational video. Thiseheaintains our assumption
of an externally controllable source encoder and adds egtrechallenges due to video
high and widely variable demand for network resources.

As we have seen in the previous chapter, our solution is aaleaetd scheme that
requires for the true multimedia setup addressed in thiptehahe transmission of in-
formation about each source encoder distortion-rate paence. Clearly, this approach
might in principle add a notable overhead to the commuraoaind become bandwidth-
inefficient. In this chapter we solve this potential probleynpresenting a scheme that
compressed the distortion-rate information, i.e. redubedverhead to acceptable val-
ues, and does not affects performance.

Finally, we study the teletraffic characteristics of ourteys and its relation with
end-to-end distortion, traffic load and resource demande Me also design a simple
call admission control rule. We finish this chapter by sumairag the main conclusions

and contributions.

3.2 System Model

3.2.1 Model Description

Consider the uplink of a single cell, chip-sampled Direett&ence CDMA system with
bandwidthi/. Assume that there am®¥ users in the system, each carrying on an inde-

pendent conversational call. Figure 3.1 shows the blocggrdra of the main compo-
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Figure 3.1: Block diagram of the proposed system

nents of the proposed system. This system is similar to tegoesented in 2. A block
of samples from a real-time source is encoded irgowce frameising an encoder with
the key property that it is possible to externally contra #ncoding rate. This means
that, for each uset it is possible to choose the source encoding rat&Ve will assume
here that the possible choices for source encoding ratedpétoa finite set. Each user
could be operating with a different encoder and althouginsus@l not change encoder
during a call, its distortion-rate (D-R) performance ialed to change from frame to
frame based on the changing source statistics. A variatdehannel encoder provides
channel error protection for the source frame. In this olrape are not going to impose
a restriction of equally protecting all sources-encodésl As will become clear later in
this chapter, the proposed design could be applied to nduaequal Error Protection
(UEP) schemes. The channel encoder output, with a transiméte equal ta-;, is fed
into the spreader for transmission. In contrast to the systeidied in chapter 2, the
system in Figure 3.1 has a Variable Spreading Factor (VSfegsier that can adapt the

call’'s processing gain.
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Note that this system design allows for each user to dyndipmaitch between dif-
ferent combinations of a source and a channel coding rateh &iach combination will
form anoperating mode A flow control protocol located at the base station allogate
to each mobile in the coverage area an operating mode andr,pavieh are jointly
communicated to each mobile terminal so as to proceed vattsiission. We will see
that its function is analogous to the one of a statisticaltipleixer. In this chapter we
will focus on the design and analysis of this protocol. Thsigie optimization crite-
ria will be that the allocation needs to minimize mean ené#d distortion subject to
traffic demand. As was the case in chapter 2, we will requieeatlocation to satisfy a
guality goal The quality goal represents a condition that ensures tilaathe commu-
nication will not be noticeably impaired by channel-intoogd errors. In chapter 2 the
quality goal was specified as a limit on the proportion of etedsinduced distortion to
the overall distortion. Alternatively, the quality goaludd also be specified using the
Frame Error Rate (FER) or, as will be the case in this chajtteBit Error Rate (BER).

Because we consider that each call distortion-rate pegoo@may change from one
transmission period to the next, each call needs to sendmafiton about this perfor-
mance to the flow control protocol. The flow control protoceffprms optimal statisti-
cal multiplexing using the estimates of traffic demands feanh call D-R performance
information. Therefore, during each transmission pereath mobile sends not only
the encoded source data sampled during the previous pari@do information about
the source encoder D-R performance corresponding to theedata sampled during
the current period. In effect, transmission of a source &asdelayed by exactly one
frame duration with respect to the time when data was samVedvill discuss later in
this work how the transmission overhead associated wittReinformation could be

kept small.
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3.2.2 Video Telephony Calls as Application Example

Consider the application of the proposed system in Figuta@provide a conversa-
tional video communication service. Assume that all motakeninals use an MPEG4
FGS (Fine Granularity Scalability) coder [36] that is erpmotected with Rate compat-
ible punctured convolutional (RCPC) codes [14]. Transioisparameters are chosen
so that the end-to-end quality is good for conversationaimanication, which means
that source encoding distortion should be kept as small ssilple and channel-induced
errors should not introduce annoying effects. This caselmeatwell our model since
the MPEG4 FGS encoder generates a two-layer (base and emhami} source coded
bit stream. The enhancement layer bit stream is embeddech wasily allows control-
ling encoding bit rate. Furthermore, the D-R performancéha encoder (in fact, all
video codecs) may change for each call and frame becauspéahds on various char-
acteristics such as frame texture and type of temporal giedi(l or P) used and the
amount of motion in the video sequence. This is illustrateBigure 3.2, which shows
the D-R performance of several representatives frames ftwanQCIF, 30 frames per
seconds, video sequences: Foreman (with high motion) amgbAwith low motion).
Both sequence were encoded with 29 P frames between eachd.fildhe figure shows
results with and without channel errors. Channel errorgwdroduced at a BER equal
to 5 x 107% and 10~° for the base and enhancement layers respectively. These val
ues were chosen following tlggiality goalcriterion: after exhaustive simulations using
the MPEG4 FGS encoder with error resilience and concealmentoticed that these
BER values corresponds to the limit where the end-to-engestize quality was good
(comparable to ‘toll' quality in telephone communicatipasid channel errors did not
introduced annoying artifacts or impaired understandshwf the source. Notice, then,

that in this case the quality goal is specified in terms of BERo note that the dif-
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Figure 3.2: Distortion-Rate performance for differentedadrames.

ferentiated target BER specification for the base and tharezgment layer constitute
in effect a simple but effective Unequal Error Protectiohesoe. Importantly, note in
Figure 3.2 that the D-R performance changes from frame todrdeing more stable for
sequences with low motion. Also, in most of the cases therittiton of channel errors
to the end-to-end distortion is negligible. Nevertheléissre are cases, as in Foreman’s
frame 303 (part of a camera panning section), where thistigrne. In these cases,
channel-induced distortion is approximately the same lfe@recoding rates.

Overall, we can see that the application example just dessratches well the sys-
tem setup described in the previous section. Although wikedp the study in the rest

of this chapter general, in the sense of addressing real+iitimedia sources, we are
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occasionally used this well matched application as a reterén our study. Neverthe-
less, it is worth noticing that this is not the only applicatiexample that matches well
the system setup. In fact, the setup is general enough tisapiplicable to many other
real-time communication examples. Finally, we note thathis case, at 30 frames per
second the single-frame delay introduced in our system nisptetely acceptable for

conversational video.

3.3 CDMA Statistical Multiplexing Resource Allocation
and Flow Control

This section discusses the problem of allocating operatiodes and power to all users
based on traffic load and subject to the conditions that geesaurce distortion per call

is minimized, a maximum distortion is not exceeded and BEfRirements are satisfied.

3.3.1 Multiuser Power and Rate Allocation

Assume the system setup in Section 3.2 with ideal power abren additive, white,
Gaussian noise (AWGN) channel and that a matched filter atettedver. Then power
assignment and interference from other users are relatbe target SINR required by

each call as [29],

\ P
BZZM7 Z:17277N7 (31)
o +Zj;£ipj

whereP; is the power assigned to useas measured at the receiver, necessary to obtain
the target SINR3; ando? is the background noise variance, which accounts for iaterc
interference [29]. The target SINRs are set based on théygahl, i.e., following the

discussion in Section 3.2, the target SINRs are set so as exoeed the BER threshold
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that limits channel errors to an acceptable magnitlidgr; is the processing gain. If it
is possible to find feasible power assignments that satisigee¥ inequalities (3.1) with
equality, then these assignments minimizes the sum of #mesnmitted powers, [42].
Taking (3.1) as an equality and following the same procedari@ chapter 2, Equations

(2.3)-(2.5), and [42] the power assignment is

U0
= i=1,2,--- N, (3.2)
1- Zj:l \I]j
where, again,
W \ -1
U, — (1 + mﬂi) . (3.3)

As in 2, from (3.2) we can derive the following condition tHamits the number of

simultaneous serviced calls
N
Z U, <1—c¢, (3.4)
=1

wheree is a small positive number set during design. Recall fronptdra2 that (3.4)

represents limitations on the power amplifier dynamic raamge system stability.

3.3.2 Source Encoder

We want the same optimization criterion for the flow contnatpcol adaptation rule as
the one used in chapter 2, i.e. the adaptation needs to nziesntine average distortion
per call. Letfi(x;) be the distortion-rate (D-R) performance function of tHeuser

source encoder at ratg. Then, the optimization goal can be equivalently written as

N
I 1\ )y 35
,, min ; fix:) (3.5)

Typically, f;(z;) would be a decreasing function. Since it is possible that (&)

might be achieved with some users undergoing excessivariilst, we will limit each
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user’s source rate to some minimum value. On the other egtréifx;) is minimum
when the rate is maximum; i.e:; = z,,,. Also, as in chapter 2, we assuryfig¢z;) =
a;27 ki Since now we allow the processing gain to change, the chaodéng rate
is not automatically specified once the source encodingisdteow. Yet, the channel
coding rate is specified once both the source encoding rateghentransmit bit rate
(equivalently the processing) are know. Therefore, thénapation problem can be

written as,

N N

min Z fz(xz> SUbjeCt to Z \I/Z(ﬁl, ’T’Z') <1-— €, (36)
i=1

e
In addition, as discussed in Section 3.2, channel-induggdrtion need to be consid-
ered. When the design follows a quality goal that aims atgmBrg annoying channel
impairments, in most of the cases this distortion can beewtgdl. Nevertheless, this
distortion could be numerically significant in some casea@d#o sources, as is the case
in our application example. Because in these cases the ehmauced distortion is in-
dependent of the source encoding rate, i.e. it is approgiynaonstant for all encoding
rates with a magnitude that is made acceptable by systemmjes can ignore it from

our formulation without loss of optimality. Note that mewggithe quality goal is implied

in the constraint of (3.6) sincg; depends on the target SINR.

3.3.3 CDMA Statistical Multiplexing, Flow Control and Resaource

Allocation

Next, we state the optimization problem in a form that hights its close relation to a

family of problems in source encoding research.

Proposition 5 Let b; be useri’s transmit rate and target SINR allocation pdir;, ;).

Then, the problem (3.6) of optimal operating mode and powlecation to minimize
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average end-to-end distortion in the uplink of multiusergte cell CDMA system with

an arbitrary set of source encoders can be stated as

N N
i ey 1t (b)) <1 — .
,, fnin, Zl D;(b;), sit Zl (b)) <1—e, (3.7)
whereD,; is a distortion function.

Proof: The proof shows the equivalence between source and chaatee{aperating
modes) and the pabi = (r;, 5;) and the functional relation betweénand D;. From its
definition, clearly¥; is a function of onlyr; and5;. Let D; be user's source encoder
distortion, which depends only on usé& source encoder rate when the target SINR
is set to prevent annoying channel impairment (as discuisst#te previous section).
Consider that in our setup each call’s transmit bit ratevgleéid between source coding
and channel error protection bit rates. Then, given any tngseri’s source encoding,
channel coding and transmit bit rate, the third is autoradljicdetermined. This is
because the natural allocation guideline is to maximizerdesmit bit rate utilization
by maximizing source encoding rate or minimizing channelieg rate (maximizing
error protection). Also, if5; is given, useri’s channel coding rate is automatically
determined as the one that provides enough error protetctiachieve the quality goal.
Therefore, if user's target SINR is changed, then the channel rate will need to be
changed so as to maintain the quality goal andill change for a fixed-;. Also, if r; is
changedy; will need to be changed for a fixeg). In summary, the source coding rate
x; implicitly depends omr; and; through the purpose of maintaining a quality goal and
maximizing transmit bit rate utilization. Even more, eaelir p; has associated only one
valueD;(b;). Therefore,D; is a function ofp;. O

The problem stated in (3.7) is analogous to the problem etlidi [45] of allocating

a bit quotaR, to an arbitrary set of quantizers. The problem is also amaisdo the
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one studied in [4] of allocating a fixed bandwidth among a nend$ users in a TDMA
network. This analogies allows us to note thatcan be considered as tkequivalent
bandwidthassigned to userout of the totall — e. This definition is consistent to the
definition of equivalent bandwidth in [8] and to the definitiof effective interference
in [48]. In fact the solution to (3.7) studied next can be d¢dered as the solution to
effective bandwidth assignment between real-time calks multiuser CDMA system,
which is unsolved in [8]. Clearly, there is a direct analogyvireen problem (3.7) and
statistical multiplexing. In essence, Proposition 5 stalbat the problem of modes and
power allocation in the uplink of CDMA can be considered agf@ening statistical
multiplexing in a multiuser CDMA setup. Furthermore, thenhmlation as presented is
general but powerful enough that it allows including othelated resource allocation
problems in CDMA such as the ones studied in [26, 27]. Thelprol§3.7) differs from
the one in [45] in that distortion now is a function of two \&brles, namely transmit
bit rate and target SINR (as opposed to source bit rate omlgh)that the constraint
function is the sum of functions of transmit bit rate and &rf§INR instead of just sum
of allocated bits. We next extend the results in [45] and yagpem to optimally solve
(3.7).

Let S and Sg) be the finite set of all users possible transmit rates and target
SINRs, respectively. Les® be the set of all usei's possible allocation vectois =
(r;, 5;) andS be the set of all possible allocatiofs= {b, b, --- ,by}. Let H(B) be
some real-valued function, called the objective functibriBo defined for allB € S.
Let R(B) be some real-valued function, called the constraint faamatif 3, defined for

all B € S.

Theorem 2 There exists & > 0 such that the optimal solutio®3*(\), to the constraint
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problem

min H(B), subjecttoR(B) < R,

BeS

with R(B*(\)) = R, is the solution to the unconstraint problegig {H(B) + AR(B)}
S

also.

Proof: The proofis in [45]. We next summarize the proof to emphattiaeit still holds

for the case of the problem under study here.

H(B*) + AR(B*) < H(B) + AR(B)
forall Bin S. Then, we have

H(B*) — H(B) < AR(B) — AR(B"),

which is true for allB in S. Thus, (3.8) is true for alB in the subset of, S* = {B :
R(B*) < R(B*)}. Sincex > 0

H(B*)— H(B) < 0.

This means thaB* is the solution to the constrained problem with= R(B*). O
For the particular case of problem (3.7) we can say the faligwLet #(B) and
R(B) be of the formH(B) = S, D;(b;) and R(B) = ., W,(b;), respectively.

Then, the unconstrained problemngcs { H(B) + AR(B)}, A > 0, can be written as

min{ZDi(bi) + )\Z\Ifi(bi)}. (3.8)

BeS

Note that the solutio®*(\) = {bi()), - - -, by ()} can be obtained by minimizing each

term of the sum in the unconstrained problem separately;ji(&) solves

min {D;(b;) + AW¥;(b;) } - (3.9)
b;eS()
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Theorem 3 Let D;(b;) and,(b;) be real-valued functions over some closed domain on
the real line. Let}(\,) be a solution tanin,, cs {D;(b;) + A\1V;(b;)} and letd; (\,) be
a solution toming,es {D;(b;) + A2¥;(b;) }. Then for any functiol; (b;),
0<(A2— M) (‘Ili(b;'k()‘l)) - ‘Ilz(b:()‘Z))>

Proof: Following [45], by definition ofb} (\;)) andb; (\;)), we have

D;i(b;(A2)) + AW (b7 (A2)) < Dj(b; (A1) + A2 Wi (b; (A1)

D;(b; (A1) + A W3(b; (A1) < Di(b; (A2)) + AWi(b; (A2)).
From this we get,

D;(b; (M) = Di(b; (A2)) < M [Wi (D7 (A2)) — i (b (A1))]

D;(b7(A2)) = Di(bi (A1) < A2 [Wi(B; (A1) — Wi(b] (A2))] -
Adding both sides of these inequalities proves the theorém.

Corollary 1 The solutionsV;(b;(\)), for all 4, and the corresponding constraint func-
tion R*(\) = S_N, W,(b:()\)) are monotonically nonincreasing with, i.e. if A, >

AL >0, then‘l’l(b;k()\g)) < \Ifz(b;k()\l)), andR*()\g) < R*()\l)

Proof: Theorem 3 says that asincreases, the minimizing value féf\) makes the
resulting ¥;(b (X)) either increase or stay the same. This proofs the corollary f
W,(b5(\)) and hence for the sufi*(\) = SN W, (b5())). O

Figure 3.3 shows a typical behavior BT, W;(b;) as a function of\. The curve in

this figure was obtained from actual simulations, which aterldetailed in this chapter.

We next use the theory just presented to develop two algosithat solved problem

(3.7) by optimally allocating resources among calls. We fiesscribe the simpler, but
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also important, case where the resource that is adapte@ isahsmit bit rate while
the target SINR is kept unchanged. After this we discuss é@meal case where both

transmit bit rate and target SINR are jointly adapted.

3.3.4 Flow Control by Transmit Bit Rate Adaptation

In this case, channel coding rate and, consequently, tSih# are assumed fixed, thus
b; = r;. As discussed in Section 3.2 we assume that each call's Dd@rpgnce is
known at the base station. Based on this information, the #lomtrol protocol will
choose, for each call, a transmit bit rate,= r;, large enough so as to reach a target
small distortion. If the network is lightly loaded and theaorequests from all calls
meets (3.4), all users are allocated resources so that pfeggte with best quality. If the
network is congested ((3.4) fails) then a congestion rémwialgorithm needs to solve
(3.7). Because the problem in Proposition 5 is analogousdmhes studied in [4] and
[45], we relied on these works to find a low-complexity greddy optimal solution.
Given a finite set of available transmit rates- {r;,,r,,--- , 7, }, We defineAEj),
thei'” incremental distortion associated with call as the distortion reduction caused

by increasing the transmit rate one discrete s¥@p=r;, , — 1y, , i.€.,

AP = D; (Uy(ro,)) = D (U(rs) -
The algorithm is based on a table associated with the inarehéistortions. The table
stores all pairs of indiceg, ¢) in increasing order of their associated incremental distor
tions, while also respecting each user’s rate reductioaroithe pair(j;, i;) precedes in
the table the paitj, is) if i1 > is andj; = jo, or if AYY < AV andj, # j,. There is

a "0” in the first location of the table. In the second locatadrihe table, there is a pair

(7,4) corresponding to the smallest possible incremental distorThere is a pointew

that addresses a location in the table.
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The overflow resolution algorithm proceeds through iteraithat we denote with
the indexm. For them! iteration, we Ietrgm) and \Ifl(.m) denote transmit rate and ef-
fective bandwidth associated with th call, respectively. Also, leg™ = "V \Ilgm)
denote the total effective bandwidth assigned atieiteration. The overflow resolu-
tion algorithm is described next.

Algorithm 1:

1. Initialize the variables: m = 0, r¥ = 7, ¥(#,) for i =1,2,.--, N, and

SO = N 9 set the pointer p = 1 to the first entry in the table.

2. If S™ < 1 — ¢ then there is no overflow, and so GO TO STEP 4: else, an

overflow has occurred, and so GO TO STEP 3.

3. Set p — p+ 1. If p exceeds the table length, it is not possible to perform
allocation subject to the minimum per-user distortion constraint, then EXIT
and report OUTAGE. Else, the p'" entry of the table is a pair (j, i), indicating

that to optimally resolve the overflow, the transmit rate of the j** user need

(m+1)

to be updated, i.e. for r{"™ = r, , "™ v and ™Y 1™ for i £ ;.

Update U™ and S™+1. GO TO STEP 2 and proceed with next iteration.

4. EXIT STEP: if S™ < 1 — ¢, it means that the network is not fully loaded.

Also, if p # 1, it means that overflow has occurred and has been resolved.

The following theorem demonstrates that this greedy algris optimal.

Theorem 4 If the D-R functiond);(r;) are convex and decreasing (as is commonly the
case), then the proposed greedy algorithm for overflow tegwi provides the optimal

rate assignment minimizing the average distortion per.call
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Proof. We establish this assertion by mathematical inductiomcé&initialization as-
sures the minimum absolute average distortion, the clailushtoue form = 1. As-
suming optimal assignment at the” iteration, we prove that at iteration + 1 the
algorithm is optimal too. To do this, it suffices to show tHag¢ rate reduction in the
optimal assignment in thex'" step will not be required for the optimal assignment in
them + 1st step. In other words, the optimal rate assigned to eathtdhkem'” step is
no less than the optimal rate assigned to each call ahthel st step.

If 3; is fixed, so is the amount of error protection (channel codatg) necessary to
achieve the quality goal. Also, in the most general settilgpossible to use an unequal
error protection (UEP) scheme where different source-@eddits receive different
error protection. In this case, the source encoding ratesisdsult of an affine mapping
T = Y Ty = »_, R, WhereRy, is the fixed channel coding rate for each group
of source bits and;; is the corresponding transmit bit rate with= >, ;. Also,
it is assumed that the functiorig (r;) that specifies how a change in affects each
i, are of the formr;, = hyr; + rf,, wherery, > 0, by > 0and)_, h;, = 1. Then,
Di(r;) = a2~ k(i ZehsBat i riRi) s a convex function, decreasingin We have
asserted that the solution to the constrained problem¢aryhe obtained by minimizing

each term of the sum separately, i.e.,
min {D;(r;) + AW;(r;)}, i=1,2,---, N. (3.10)

It is important to notice that the sameappears for all the terms independently:of
and that¥;(r;) is increasing. At then'" step of the algorithm, the network obtains
the optimal solution for a total assigned equivalent badtiwg™. Equivalently, from
Theorem 2, at then!” step of the algorithm, there exists a positM&) corresponding
to min {ZL Di(r™) 4 A SN @,-(ﬁ””)}. At the next step, if overflow persist,

the rate assignment to at least one of the calls has to decseass to lower its equiv-
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alent bandwidth. Because, from Corollary 1, the optimalegjant bandwidth for this

rate assignment is a nonincreasing function of the valug®f?, this suggests that
Am+h > Am) - However, A1) is the same for all calls, independentlyiofThere-

fore, as the algorithm proceeds, the Lagrange multiplieffaxent increases or remains
unchanged, and the optimal rates (and equivalent bandsyiftihall calls decrease or
remain unchanged. As a result, to achieve the optimal soiuti a given step, the
algorithm never needs to increase back the rate assignmardall whose rate was re-
duced in previous steps; therefore, the proposed itergteedy algorithm provides the

optimal solution. O

3.3.5 Flow Control by Transmit Bit Rate and Target SINR Adapta-
tion

This case requires a different algorithm than the one justrilged because it cannot be
asserted thab(b;) is convex and decreasing on the pair Nevertheless, based on the
theory discussed above, we describe next an iterativeitiigoto optimally allocate the
pairsb; = (r;, 5;) to all calls, where we use agaim as the iteration index.

Algorithm 2:

1. Initialize A\(¥) with some positive number.

2. Solve each of the N unconstrained problems

in {D;(b;) + \™,(b;)) 3.11
bir(r;(l,;})){ (bs) (b) } (3.11)

and update S(™ = 37, (b;(A™)).

3. (a) If St > 1 — ¢ and stopping criteria is false then update A+ such
that A\("+1) > A0 so that the effective interferences, W;(b;), will be

reduced. GO TO STEP 2.
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(b) If S'™ < 1 — ¢ and stopping criteria is false then update A\(™+Y) such
that A+ < (™) so that the effective interferences, W, (b;), will be

increased. GO TO STEP 2.

4. Stopping criteria Iterations stops whenever one of the following occurs: (a)
St is sufficiently close to, but less than, 1 — ¢, this is optimal allocation
in the presence of congestion; (b) S < 1 — ¢ and all allocations b;s cor-
respond to the threshold minimum target distortion, this corresponds to a
lightly loaded network; (c) S"™ > 1 —¢ and all allocations b;s correspond to
the maximum allowable distortion, this corresponds to an outage condition

and could be avoided with high probability by proper admission control.

Note that in practice both the number of available transihiites and target SINRs
are finite and typically small. Therefore, each minimizatio step 2 is easily solved
by exhaustive search, where each possihlg;) could be calculated offline and each
D;(b;) is essentially the D-R performance information commurida the base station.
For example, if there are eight possible channel coding iate target SINRs each, the
problem reduces to choosing the smallest element in a masuting from adding two
8-by-8 matrices. The updates diin steps 3a and 3b can be done following any of the
methods suggested in the literature ([45]), in our casedsed a simple bisection.

Finally, the following algorithm discusses optimality dfjarithm 2.
Theorem 5 Algorithm 2 is optimum.

Proof. The proof is straightforward by noticing that the algomitiperforms an iterative

search for the allocation that meets the optimality cigt@ni Theorem 2.0
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3.3.6 Rate-Distortion Data Overhead

As highlighted in Section 3.2, the centralized algorithonst jdescribed need an added
communication overhead to learn each call D-R performanfm@rmation. This over-
head is clearly largest in the case of Algorithm 2 becauseeats the distortion values
corresponding to each possible pa&irof transmit bit rate and target SINR. This also
adds to the complexity of mobile terminal’s encoder sinagegds to compute each of
these distortion values (this is a problem in a distributig@thm also). We solved
both problems by summarizing the D-R performance. Instéaemding the distortion
and rate data for each operating mode, each mobile sendslitweihg: one reference
encoding bit rate and three distortion values at predefinexhte points. These three
predefined bit rate points are separated from the referemoedeng bit rate (the one
that is sent) by fixed bit rate values which are suitable pidkarepresent high, medium
and low distortion values The base station use the trareuinitata to first calculate the
encoding rate of the three distortion points and then apprates two curves of the
form f(x) = a27**, one for the high distortion section of the D-R performansing
the high and medium bit rate distortion points and anothetHe low distortion sec-
tion using the low and medium bit rate distortion points. Tést of the distortion-rate
points are calculated by interpolation using the approxniaR curves. As we shall
see in Section 3.5, this scheme allows a representatiohddd{R performance that has
low-overhead, involves computing only three distortiomp®at the mobile station and

that does not degrades performance of the overall allatatgorithm .

80



3.4 Analysis for Dynamic Call Traffic and Admission
Control

So far we have considered a static network model where théeauatf calls/ is fixed.
In reality, this number is a random variable that dependseriraffic in the cell under
consideration. Therefore, we want next to study the praph@sbeme when the num-
ber of calls dynamically changes over time and, based ondddress the problem of
admission control.

We assume that calls enter the cell at a rafellowing a Poisson arrival process
and that the random calls duration follow an exponentiatithstion with meant /.
As discussed in chapter 2 one possible approach is to moel€EMA network as an
M /M /oo queue and base admission control on the outage probabiligre outage
occurs when the system exceeds some operational pararmeparticular, the failure
of (3.4) has been typically considered as an outage conddi®, 52]. One key feature
of our system is that it prevents condition (3.4) from fajliat the cost of a smooth in-
creased in end-to-end distortion. Therefore, the relewpeatation for the call admission
control is to limit the maximum number of calls to a maximuy, whereN; is set so
that Dy, = Dy, Dy being the maximum tolerable expected distortion dnhg the
expected distortion per call when there &fecalls. Then, considering the operational
principles of the proposed scheme, for the purpose of caflisglon control it is more
pertinent to model the network asid/M /N /Ny, blocking system. Note, again, that
this model better represents the problem of call admissairal from the network
operator’s viewpoint, because it rejects new calls once @man number has been
reached so as to maintain quality for the existing calls.

This queue model can be represented in the form of a statgticandiagram as in
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Figure 3.4: Markov chain representation of the/ M/ /N, /N, traffic model.

Figure 3.4. From queuing theory, the steady-state prababilat there are N calls in

the network is, [3],

ON
Yty

where¢; = p'/i! andp = v/u is the offered load. Therefore, assuming ergodic pro-

qn—P[n:N}:

cesses, over a sufficiently large period of time the averagertion per call as a function

of the offered load will be

N, =
E[D,] = %@J (3.12)
=0 717

In contrast to our study in chapter 2, the fact that we areidensg arbitrary source
encoders, coupled with the use of our algorithms to alloedeurces, makes it difficult
to obtain a close form solution faby. In our simulations we address this issue by
estimatingD y from Monte Carlo simulations.

As in the study in Section 2.4, it is possible to recognizedhdifferent operating
conditions in our system. When the system is lightly loadwsdliais possible to allocate
resources to all users such that they all meet their targéortion, the system would
be operating in a congestion-free situation. New calls/gagiwhen there arév;, calls

in the network are denied serviced and dropped from the ®ystédis corresponds to
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network congestion. The third operating condition is thheve new calls are accepted
but at least one call cannot be granted resources to opéridie @rget distortion. We
called this state agseudo congestion statBote that there is a fundamental difference
between the pseudo congestion state in this case and the ohapter 2. Because now
we are dealing with an arbitrary set of source coders, in geugo congestion state
some calls may still be operating at target distortion (e/Miie rest not). In contrast,
because the setup in chapter 2 assumed all source encodargshe same state and
D-R performance, in the pseudo congestion state all calis wperating above target

distortion. Based on this discussion, consider the folhgadefinitions

Definition 3 We callpseudo congestion stattee operational state when one or more
users are operating at a source rate lower than the one cpoading to the target

distortion goal. With

N
Pot 2P |3 Wi(h) > 1 - e] , (3.13)
=1
the steady state probability of this state is given by
Z Pt G = M) (3.14)
Zz 0 ¥t

whereb; is user’i allocation such that it meets its target distortion.

Definition 4 We call the operational state when new incoming calls nedxktolocked
as congestion stateThis corresponds to the situation whéh= N, and a new call
arrives. The probability of this event is queuing theolyiscking probability From the
PASTA property [3], this probability is given by, = gy, .

From these definitions we see that the maximum number of asershe blocking

probability can be determined from the maximum tolerableeexed distortion. Also
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the probability of operating in the pseudo congestion datgends on the traffic load
and each user’s target distortion and source encoder D-Rerpgmnce. Note that in
(3.14), P,,; corresponds to the outage probability i/ M /oo models, [43, 52]. The
outage states in [43, 52] have now been divided into a a ctiogestate and a pseudo
congestion state, where new calls are still admitted, viighgdrobability of at least one
call operating with a distortion larger than the minimunggrgiven byP,.. We can see
that the system studied in this chapter performs statlsticdtiplexing in such a way
that it avoids congestion (or outage) by smoothly increasmource distortion up to the
point where a maximum expected distortion is reached. EBudiscussion of this issue,

for the specific case of real time MPEG4 FGS video, followsimmnext section.

3.5 Performance Evaluation

We evaluated the performance of the designs studied in ttapter through Monte
Carlo simulations. As discussed in Section 3.2.2, a CDMAesyicarrying video calls
is an application that matches very well our problem setugcadse of this, we based
the simulations on this application case. We designed thelation so as to have a
system that could support a reasonable number of videoatadisod quality. Roughly
half of the calls used the “Foreman” sequence and the redt“A&&/0”, both with the
same characteristics as described in Section 3.2.2. Toeaiwat all user’'s sequences
where desynchronized with respect to the others, each segusarted at a random
frame and were assumed to be a circular loop, i.e. the finstdf@llowed the last frame
once the end of a sequence was reached. The sequences weteccusing a MPEG4
FGS coder [36]. In order for the source encoded sequence tabsmitted over a

noisy channel we divided, as error resiliency feature, thstieam into packets. Those
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packets for which errors were detected at the receiverthiezrror control coding block
were discarded and replaced using an error concealmemhscfidne error concealment
replaced lost packets by using the corresponding correetlgived previously packet
and then applying motion compensation as necessary. Fablarate channel coder
we choose an RCPC code with mother code rate 1/4, K=9 and yimgtperiod 8
[14]. We assumed system bandwidth equal to 40 Mhz. with alkltransmit rates of
5000, 2500, 1250, 625, 312.5, 156.25, 78.125 and 39.0625.K4ps corresponds to a
choice for possible variable spreading factors similaheo®VSF (Orthogonal Variable
Spreading Factor) chosen for the UMTS standard [54]. Eaehnegsjuested resources
SO as to achieve a target PSNR of at least 36 dB, correspotwiageasonable good
quality for both high and low motion sequences. As explaime8ection 3.2.2, we set
atarget BER of x 10~ for the base layer anth~° for the enhancement layer, which
corresponds to a simple form of unequal error protection.tk® solutions that could
adapt the target SINR, the possible values were 1.93, 1.88, 1.47, 1.35, 1.16,1 and
0.81 dBs. For these target SINRs and in order to guaranteartpet channel BER, the
corresponding available channel coding rates were 8/1&, @&/18, 8/20, 8/21, 8/24,
8/27 and 8/32 for the base layer and 8/16, 8/17, 8/18, 8/2®, /23, 8/26 and 8/31
for the enhancement layer. Other simulations parameters afe= 10~¢ ande = .1,
unless otherwise noted.

We evaluated three different systems: one where the cajlseest resources so as
to achieve some quality level but cannot perform any adaptagnother where calls
can change transmit rate by changing source encoding réteanfixed target SINR
using Algorithm 1 and a third system where both transmit eatd target SINR are
adapted and are allocated using Algorithm 2. We denotedhitee tsystems as “No

Adaptation”, “Transmit Rate Adaptation” and “Full Adaptat”, respectively. For both
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the system with no adaptation and the one with only transaét adaptation we used
the highest possible channel coding rate. Figure 3.5 shiogvsiimulation result, where
we gradually increased the number of users in the system andeasured the PSNR
averaged over all calls and frames. Note how the performahtee system with no
adaptation rapidly degrades as the number of calls incseaBeis behavior, which is
justified by the inability of this system to perform any addjmn, have been already
observed in [8]. Here, as more users are admitted it evdptoatomes impossible to
set the powers at a level such that the target SINRs and com( 4) are all met. Thus,
each mobile user becomes constrained by the power amplyfiandic range limit, their
SINRs decrease and quality degrades due to the increaseRn &Bulations for this
system stopped at 19 calls because at that point the deigradas so severe that the
error concealment scheme essentially kept reproducingzarirframe with no change
in the sequence. Also, we can see in Figure 3.5 that both ediaystems are able to
achieve both the target SINR and condition (3.4) for a largenber of users and that
as more user are admitted into the system the distortioeasers smoothly allowing an
increase of roughly three times in the number of calls. Intagid we can see that the
“Full Adaptation” system outperforms the “Transmit Rateafthtion” one by roughly
0.8 dB in most of the operating points.

In Section 3.3.6 we addressed how to reduce the commumaaterhead necessary
to send each call's source encoder D-R data. Figure 3.5rathadies, labeled as “Com-
pressed D-R data”, the simulations results for the samesysiith full adaptation but
with the D-R performance information sent using the low tead scheme described in
Section 3.3.6. In this case the required overhead is equalliofive bytes per frame,
one byte for each of the three distortion values and two teessmts the number of bits

in the base layer (rate data). In contrast, without implemegrany scheme it would have
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been necessary to send a total of 64 D-R values per framedeetaaur setup there are
eight possible channel coding rates and eight possiblett&$Rs. During simulations

we noted that although in some cases the error in estimatsgrtion when using the

reduced D-R representation were as high as 10 %, the algoxiths robust enough
that there was no performance loss. Also, we noted that esitrg data compression
techniques could further reduce the overhead.

Similarly to the simpler scheme studied in chapter 2, we cakenthe important ob-
servation that both adapted systems (those performinigtgtat multiplexing) present
the extra advantage that the increase in distortion is dmaad controllable. This is
because channel-induced errors are kept at a perceptuakyptable and small value
while distortion mostly follows the predictable rate-digton function. This manifests
mostly as a gradual blurring of the images. This is not the ¢assthe system with no
adaptation. In this case, the increase in distortion is aeguence of the uncontrolled
increase in the BER and the associated random effects fromased channel-induced
errors which are subjectively more annoying (mostly appgaas noticeable blocking
artifacts and freezing of frames sections). This obsewuas further illustrated in Fig-
ures 3.6-3.11. This figures show results from frames thaegresentative of the results.
Figures 3.6-3.8 show results corresponding to the systéhmwiadaptation. We can see
how the increase in BER and channel errors creates artitsatsat the very least, are
clearly noticeable, and in many cases affect understalyadfithe frame content. As
expected, we observed that these artifacts were more inegaehe number of ongoing
calls increased. Figures 3.9 and 3.11 show results wheg akjorithm 2. In Figure 3.9
the blurring associated with the smooth increase in distotarts to become notice-
able, especially in the region of the eyes and eyebrows. ileless, there is clearly no

annoying artifacts or important loss of understandabdityhe frame content. In 3.11
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Figure 3.6: A frame from the sequence ‘Foreman’ when the otwperates with the

scheme with no adaptation and there are 13 ongoing callgingtwork.

we can see how the blurring effect increases with the numibelis. Finally, in Figure
3.10 we can see the result when using algorithm 1 and the befog the same as for
Figure 3.9. As expected from the objective measuremengse tis some degradation
in the performance of algorithm 1 when compared to algorithrout still many of the
behavioral properties still hold.

As already discussed, since the problem under study focusaseal-time commu-
nication network, it is not enough to evaluate results bynfixine number of calls. It
is also important to consider a dynamic system and evalwatermance as a function
of the traffic load. The results in figures 3.12 through 3.1&u®s on this evaluation
approach, following the system setup described in Sectiénw&h ¢ = 3 min. and
D), = 30 dB. Figure 3.12 shows the expected distortion per call anetion of the

offered load. We can see that the “Full Adaptation” systemsigpport an offered load
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Figure 3.7: A frame from the sequence ‘Foreman’ when the otwperates with the

scheme with no adaptation and there are 14 ongoing callgingtwork.

27 NN

Figure 3.8: A frame from the sequence ‘Foreman’ when the odtwperates with the

scheme with no adaptation and there are 18 ongoing callgingtwork.
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Figure 3.9: A frame from the sequence ‘Foreman’ when the oktwperates with using

algorithm 2 and there are 30 ongoing calls in the network.

Figure 3.10: A frame from the sequence ‘Foreman’ when thevorit operates with

using algorithm 1 and there are 30 ongoing calls in the nd¢wor
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Figure 3.11: A frame from the sequence ‘Foreman’ when thevorit operates with

using algorithm 2 and there are 60 ongoing calls in the nétwor

roughly 50 % larger than the “No Adaptation” system. FigurE33shows the probabil-
ity of pseudo congestion as a function of the offered loadiftferent values ot. We
can see here that there is a range of offered loads wheredbalplity of pseudo con-
gestion transition from 0 to 1. This is the typical region eéfis when studying Erlang
capacity ofM /M /oo CDMA networks [43, 52]. For larger offered loads we can see
that although the probability of pseudo congestion is 1 ifedently the outage prob-
ability in [43, 52]) the system is still able to accept mordsaFigure 3.14 highlights
the fact that the extension of operation into the pseudo estiwn state is achieved at
the cost of a smooth and controlled degradation of qualitghlywing expected dis-
tortion as a function of probability of pseudo congestioimaby, Figure 3.15 shows
blocking probability as a function of the offered load whexl @dmission control for

both the “Full Adaptation” and the “No Adaptation” systenssperformed so that the
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Offered load, p=v/u

Figure 3.12: Expected distortion (PSNR in dBs) as a funabicihe offered load.

average distortion when the number of calls is maximum do¢exceeds 30 dB. For
this performance measure the difference between a smowtease in distortion, as is
the case for the “Full Adaptation” system, and the steepesse, as is the case for the
“No Adaptation” system, translates into the “Full Adaptai system supporting for
the same limiting blocking probability more than 5 times dffered load than the “No

Adaptation”.

3.6 Conclusions

In this chapter we have studied the solution to the problewptifnal adaptation to re-

solve interference-generated congestion for an arbigeirgf real-time source encoders
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Figure 3.14: Expected distortion (PSNR in dBs) as a funatioprobability of pseudo

congestion.
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Figure 3.15: Blocking probability as a function of the o#drload.
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in the uplink of a CDMA network carrying real-time multimedtalls. From this study
we have developed several key contributions. First, we skddhat the problem (alloca-
tion of spreading factor, source coding rate and channehgadte to minimize average
distortion) could be considered as the optimal sourcerobet statistical multiplexing
in multimedia CDMA. In this case, an statistical multiplexeeds to perform resource
allocation so as to assign aquivalent bandwidthwhich depends on target SINR and
transmit bit rate, among calls in such a way that averagerdish is minimized. This
viewpoint is a powerful abstraction to the studied problamd aresent many applica-
tions. Based on this, we then presented two solutions todines-controlled statistical
multiplexing problem and we showed them to be optimal. On@éesolution keeps the
target SINR (or equivalently, the channel coding rate) fiaad only transmit bit rate is
changed through the source encoder rate adaptation. Taesatlution allows both the
transmit rate and the target SINR to be adapted.

Also, we solved the practical implementation issue of comication overhead re-
lated with our centralized algorithm and we studied the bienaof our system when
the number of calls changes dynamically. We recognizectthossible operating con-
ditions for our system: congestion-free, pseudo congestial congestion. From here
we showed that our system is able to extend operations baybatlhas been normally
considered an outage region at the cost of a smooth increaBstortion. We also ad-
vocated a call admission control based on rejecting new calte a maximum number
has been reached. This maximum number of calls is determ¥itedhe goal that the
expected distortion per call when the number of calls is maxn does not exceed a
tolerable limit.

Simulations results using MPEG4 FGS video show that theritting solutions

significantly outperform systems with no adaptation (whiepresents current imple-
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mentations). In particular while the system with no adaptateaches a break down
point where the network is congested and no operation isifjes®urs can support
more than 3 times that number of calls while the quality deégsagracefully. Also,
when the number of calls changes dynamically, our systensgpport a 50 % increase
in offered load for the same level of expected distortione $mooth increase in distor-
tion also increases more than five times the offered loadm@tggbfor the same level of
blocking probability and maximum tolerable distortion.

Similarly as the observations made in chapter 2, we notihatlthe mechanisms
by which distortion increases in the statistical multigexsystems is subjectively much
more preferable than the mechanisms followed by the systéimne adaptation. This
does not only pertains to the fact that in the system with reptation the distortion
increases rapidly beyond congestion, while the statistzdtiplexed systems this in-
crease is smooth. The mechanism to increase distortioreiistttistical multiplexed
system is preferable because it always meets the qualitf@target BER in this case),
limiting the channel errors to acceptable limits and insheg distortion by the subjec-
tively more acceptable adaptation of the source encoddrnghws a fully predictable
mechanism. In the case of the system with no adaptatiore th@o mechanism to meet
the quality goal beyond congestion, thus the distortiongases due to the subjectively

more annoying channel errors.
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Chapter 4

Real-time and Data Traffic Integration

4.1 Introduction

In this chapter we apply the ideas and concepts developetapter 3 to study the
integration of real-time calls with data traffic. The intatjon of these two traffic classes
is based on considering the idea of allocating a portion@talal equivalent bandwidth
to the real-time traffic and the remainder to data.

The chapter is divided in three main parts: the study of tha dabsection, the
study of the real-time subsection and the study of the iatémr of real-time and data
traffic. In the study of the data subsection, we consider gegysvith a number of data
calls, each associated with an infinite-size waiting quewkvgth packet retransmission
when received in error. The main contribution of this pathis study of the influence
of the equivalent bandwidth assignment on the data sulosgeéirformance. The main
observation here is that small absolute changes in equivelndwidth assignment to
the data section generate important changes in the datedidrsperformance. In
the case of the real-time subsection study, the main focos ithe relation between
distortion and total equivalent bandwidth. The main obaton here is that distortion

does not change much when modifying the portion of equitddandwidth assigned to
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the real-time subsection. The analysis in this part res/thie study in chapter 2, to study
resource allocation for uniform sources when the procgssnld change for each call.
Also, we derive formulation that justifies our approximatiof the relation between
target SINR and source coding (or equivalently channelrgpdate with the setup in
chapter 2) to be exponential. Finally, we argue that althoggnerally the data traffic
is considered to be not delay-limited, there are many pralctiases where this is not
the case, thus it is important to implement methods thatvesmngestion and control
delay. An integrated environment that services both riea¢-tind data traffic, such as the
one being studied, allows for a transient reduction in thevadent bandwidth assigned
to real-time calls so as to notably increase the traffic dapéar the data section at the
cost of a small increase of distortion for the real-timesallVe finish this chapter by

summarizing the main conclusions and contributions.

4.2 Real-time and Data Integration Through Equivalent

Bandwidth Allocation

An important observation from the previous chapter is that problem of resource
allocation in CDMA that meets constraints on system stigbdnd power amplifiers
dynamic range could be viewed as statistical multiplexitgtal equivalent bandwidth.
Mathematically,y"~ ¥, = 1 — e = Q, whereK is the total number of calls. In our
current formulation, this total equivalent bandwidtifis= 1 — ¢. From (3.3), we note
that the equivalent bandwidth assigned to each call dependsth the call’s processing
gain and target SINR.
A likely requirement for a practical system would be to beeatol effectively inte-

grate both real-time and non-real-time (data) traffic. Timplies that resource sharing
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Figure 4.1: Block diagram of the data section call.

needs to be implemented across the two types of traffic. Wolpour approach, this
means that the total equivalent bandwidth will need to b&ldivinto a portion used by
the real-time traffic and a portion used by the data traffec, we have2 = Q,; + Q,,
where(, is the equivalent bandwidth assigned to the data sectiofamglthe equiva-

lent bandwidth assigned to the real-time section.

4.3 Data Subsection

We are going to focus next on the data subsection design. gpuoach is based on [28],
but in our case the goal is to assign the data section equoivadsdwidth among the
data users when integrated with real-time calls. We asshatdtiere aréV,; data users
present, all communicating over the uplink of a DS-CDMA sysiand all receiving the
same service. This means that we will assume that the cla@rat processing gain is
the same for all users. Figure 4.1 illustrates the operatidhe data section. Each data
user generate packets of fixed lengtfollowing a Poisson arrival process with average
rate \;. These packets are error protected with a fixed-rate errdraaoder with rate
7 and placed in a FIFO buffer. The buffer content is then setti@dase station using
a processing gaitr,. If a packet is received with errors that cannot be correbted
the error protection scheme, a request for retransmissisanit back to the transmitter

using a feedback channel that is assumed error free and witlelay.
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If p, is the data packet retransmission probability, the packetage service time
(packet average transfer timg) is,

LZ,

Sa = W(1—p)

(4.1)

As before W is the system bandwidth. Note th&t not only depends on the processing
gain, but it also depends on the call SINR. This is becayskepends on the SINR. If
P, is the total received power of real-time users, the targhRSfor data calls/3,;, can

be specified as,

ZqaPy

S — 4.2
/Bd UZ—FPT—FIPC[’ ( )

where! is a random variable that represents the number of actieef@ming calls (not
the number of calls). The probability that each data calkis/a is equal to the traffic

load of that data calp; = \;S,, [35]. Therefore, the probability mass function/ois
. Ng—1Y\ L
P[I =j] = ( d]. )pfi(l — pa) . (4.3)
Since the total received power of real-time users is

2
o o4Q,
PT’ = — ‘IIT’i = ,
€ Z €
i=1

whereV,. is the equivalent bandwidth for real-time users only, tmge¢aSINR for data

(4.4)

calls can be written as
Z 4P,
2 (1+2) + 1P,

Ba = (4.5)

The packet error probability not only depends on the targ&RSG,; but it also
depends on the number of active data caliby creating interference). If,, is the
average bit error probability angd,(/ = j) is the bit error probability given that there

arej active calls, the packet error probability is

Ny—1 L,
pr=1-[1—pua"™ =1~ [1 = pa(I = 5)P[I = ]]] : (4.6)
=0
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Also, using (4.1), we have

ALl Zy

71/[/(1 ) 4.7)

pd = AaSq =

Both equations (4.7) and (4.6) form a system of two equatiosaisneed to be solved
to find p; andp,. This solution is equivalent to finding the set of operatiaggmeters
Zq4 and(,. 1t was shown in [28] that the solutions to this system mayesent three
possible system states, named “phases”. Of the possibteghanly one corresponds
to a stable system. Thus, in order to operate in the correageht was shown in [28]
that Z, should be chosen larger than a threshgjd This threshold can be computed
from (4.6) and (4.7) by noting that; corresponds to the situation when= 1 bothp,
from (4.6) and (4.7) are the same. This means #jatan be found by solving for

_ NLZj

1—[1—ppa(l = Ng—1)]*" o

(4.8)

Note thatp,;(I = N;— 1), the bit error probability when there aig, — 1 interfering
users, depends on the target SINR and, thus, depends itlyicithe processing gain.
Due to the system stability and power amplifiers dynamic eaognstraints already
discussed, the processing gain assigned to active cakdated to thel’ active calls
and the data subsection equivalent bandwdtltoy,

It
1+ ZafBa

Sincel”’ = I + 1, the target SINR that determingg; (I = N, — 1) corresponds to the

Q. (4.9)

case wher’ = N,. This target SINR should be related to the processing gain by

. Zde
N Nd — Qd.

Ba (4.10)

In general there might be at most three solutions to (4.8).th@$e, the optimal
choice to minimize delay is to pick thé; > Z; equal to[ 23], whereZ; is the smallest

of the solutions to (4.8) that satisfies< Z; < |W/(A\sL)].
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Once the assignment for processing gain has been computeal/drage data packet
delay is given byD,; = W, + Sy, wherelV, is the average waiting time in queud/,
can be found using the theory for M/G/1 systems. From [35h Wi, being the packet
transfer timeJV, is given by

_ \E[A2)
W, = 2(17_[;2). (4.11)

Ap is a random variable with probability mass function equalPid\, = j7,] =

p» (1 — p,), whereT, = LZ;/W is the single packet transmission time. Then

T2(1+ p,)
E[A%] = 24— 77 (4.12)
[ d] (1 _ pr)g
Using this result we have
NaT7(1 + pr) LZ,

D, =

2(1=p)*(1 = pa)  W( =pr)

LZ4(2 — AL Z4/W)
= 4.1
W (1 = pr — AgLZg/W) (4.13)

4.4 Influence of Equivalent Bandwidth Assignment on
the Data Subsection

In a typical setup were data is integrated with real-timdscdahe data calls will be
assigned the portion of the total equivalent bandwidth Uefiised by real-time calls.
Also, it is possible that a minimum portion of the total eqent bandwidth is reserved
for data traffic. It is of interest to used the equations ingheious section, (4.1)-(4.13)
to study the performance of the data subsection as its tgtev&ent bandwidth(?,, is
changed.

We first consider the case where the number of data calls id. fixer 30 data calls

(Vg = 30), Figure 4.2 shows the average data packet delay from (44.3)function
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of the per-call average packet arrival rate as the dataosetital equivalent bandwidth

is changed front).1 to 0.9. For each data call, the packet size was kept constant with
L = 2400 bits. For channel error control coding we used the rate 1&maory 8, convo-
lutional encoder used in the 1S-95 standard, [40]. The gagaefunctions for this coder
are 753 (octal) and 561 (octal). Also, we choose a systemvindtidV = 40M H =z
(same as in chapter 3) with the processing gain taking vddetgeen 1 and 1024. Fig-
ure 4.2 shows the expected behavior, where the delay iregasish decreasing data
section total equivalent bandwidth. Also, it is clear frame figure that there is a maxi-
mum average packet arrival rate that the system can supgforehit becomes instable
and delay becomes infinite.

Figure 4.3 shows the optimum processing gain, computedsasided in the previ-
ous section, as a function of the per-call average packetbrate. The setup for this
figure is the same as for Figure 4.2. We can see that for therla@ta section total
equivalent bandwidth, the assignment does not change nAgthe data section total
equivalent bandwidth becomes smaller the optimum proeggmin increases with the
per-call average packet arrival rate. This means that tliéiso for optimum processing
gain that minimizes average delay tends to do so by incrgaisentarget SINR to reduce
the probability of retransmission rather than by incregsine transmit bit rate. Also, we
can see that, for any fixed per-call average packet arrit@) pegocessing gain increases
with the decrease in data section total equivalent bantiwilliote that the change in
processing gain becomes larger as the data section toigbhént bandwidth becomes
smaller. Here, again, the implication is that the solutiondptimum processing gain
that minimizes average delay tends to do so by increasingtbet SINR to reduce the
probability of retransmission rather than by increasirgtthnsmit bit rate.

As noted in the discussion of the results in Figure 4.2, tieeeemaximum average
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Figure 4.2: Average data packet delay as a function of aegpagket arrival rate for a

single data call. The total number of data calls was assuked 30.
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Figure 4.3: Optimum processing gain as a function of avepagéet arrival rate for a

single data call. The total number of data calls was assuked 30.
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packet arrival rate that the system can support before drbes instable. This maximum
average packet arrival rate changes with the data secttahequivalent bandwidth.
With the same setup as Figure 4.2 and considering threeatitff@aumber of data calls
(Ng = 10, Ny = 30 and N; = 50), Figure 4.4 shows the maximum average packet
arrival rate per data call as a function of the total equivaleandwidth assigned to
the data section. Interestingly, the figure shows that ttaioa is practically linear,
independently of the number of data calls. Also, the figurenshthat the slope of
this linear relation decreases with the growth in numberathatalls. This is because,
in terms of effect on the whole system, a change in the pémpeaket arrival rate is
multiplied by the number of calls present.

Next, we consider the case where the per-call average pacdkedl rate is fixed
and we let the number of data calls change. For an averagalaate of100 packets
per second and per call, Figure 4.5 shows the average ddtatpalay as a function
of the number of data calls. In this case, the observatidiaseto performance are
conceptually the same as for Figure4.2, i.e. the delay asa® with the number of data
calls in the system and there is a maximum number of data telisthe system can
support before it becomes instable and delay becomes @fifiitis maximum number
of data calls depends on the data section total equivalenividdth.

Figure 4.6 shows the optimum processing gain as a functieheohumber of data
calls. The setup for this figure is the same as for Figure 4écav see that the optimum
processing gain increases with the number of data callso,Ats a fixed number of
data calls, note that the processing gain increases wittidtiease in data section total
equivalent bandwidth.

As noted in the discussion of the results in Figure 4.5, tlsesenaximum number of

data calls that the system can support before it becomediestThis maximum number
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Figure 4.7: Maximum number of data calls that can be supgasea function of the

total equivalent bandwidth assigned to the data section.

of calls changes with the data section total equivalent wadtt. With the same setup
as Figure 4.5 and considering three data packets arrives 1@t = 50, Ay = 100,
Mg = 150), Figure 4.7 shows the maximum number of data calls as aibmof the
total equivalent bandwidth assigned to the data sectiome Hegain, the results shows
the same interesting behavior as in Figure 4.4 with theiogldietween the maximum
number of calls and the data section total equivalent badftivideing practically linear.
Also, similarly to Figure 4.4, the slope of this linear rébat decreases with higher per-

call packet arrival rates.
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4.5 Real-time Traffic Subsection Dependence on Total
Assigned Equivalent Bandwidth

In the previous chapters we have studied how to allocateuress, performing statisti-
cal multiplexing, to a number of calls carrying real-timaftic given the total equivalent
bandwidth assigned to this traffic subsection. Next, we warstudy the relation be-
tween distortion and total equivalent bandwidth.

Consider again the same system setup for real-time comiatioricas the one de-
scribed in chapter 3, i.e a system where the processing gdibath the source and the
channel encoder can be externally controlled. Let's asghateall calls have the same
distortion-rate performance. This is a condition necgsgamaintain this study mathe-
matical tractable. In this case we know from chapter 2 tHatadlls will be operating at
the same operating mode.

Clearly, with this setup we have that the transmit bit ratdhatinput of the spreader
isxz/m, = W/Z,, wherez is the source encoding rate, is the channel coding rate,
W is the system bandwidth (or, equivalently the chip rate is tiase) and’,. the real-
time calls processing gain. Here, to minimize average distoif the rate-distortion
performance is convex and decreasing, the source encaatig + 7,.1V/Z, needs to
be chosen as large as possible.

As discussed in chapter 3 the channel coding rate needs thdsemr so as to
maintain the BER at a value small enough so that channekgdldistortion remain
negligible. We want to find next an expression for this assignt. As in previous
chapters, let's assume that the variable rate channel ¢ed@plemented through an

Rate-Compatible Punctured Convolutional (RCPC) code. [F8pm [19], the bit error
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probability after decoding can be upper bounded by

o)

1

Prepc, < o calPu, (4.14)

d=dyce
where Py is the puncturing period/y,.. is the code’s free distance, is information
error weight andP; is the probability that the wrong path at a distamces selected.
When the SNR in the communication channel is large or, etpntly, operation is at a

low BER, we may approximate (4.14) as

1 « 1
Propc, < P Z caPa =~ P_TcdfreePdf'r'ee (4.15)

d:dfree

In the case of communication over an AWGN channel, we havg [39

Pi=Q(V2d5,). (4.16)

where(, is the SNR of a real-time source, or SINR if the CDMA interfeze is ap-
proximated as a white Gaussian noise process. In this equatis the complementary

error function:

1 © 1 2
R 220, < —z%/2 4.17
Q(x) —27T/:v e z Tme ( )

Combining (4.15), (4.16) and (4.17) we get

1 6_dfree(7r7‘),8'r
pRC’PC’b(ﬁraﬂr) S P_TCdfreE(ﬂ-r)W‘ (418)

DefiningC, = 1/(Prv/47), we make the approximation,
(mr)bBr (4.19)

PrCPC, (ﬁra 7Tr) ~ Clcdh% (’ﬂ'r)e_dfr'ee

Tables that describes values for. ., anddy,.. for different RCPC codes and coding
ratesr, can be found in [19] and [14]. From these tables we noticetitha, (7, ) does

not present any definite pattern, other than taking valuesughly the same order of
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Figure 4.8: Free distance as a function of code rate for tfferdnt RCPC codes.

magnitude. Then we make the approximatiom,, . () ~ C, C' being a constant. In
Figure 4.8 we plot the free distance as a function of codefaatewo different RCPC
codes: a memory 4, puncturing period 8, mother codelratédrom [19] and a memory
8, puncturing period 8, mother code ratél from [14]. The figure shows also an ap-
proximation for each of these curves. It is clear from therighat the free distance as

a function of code rate can be accurately represented bykfression
A ree(T,) 2 Cle™ A, (4.20)
Thus, we have

propc, (Br, Tr) & Ce=Ce o, (4.21)
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If the target SINRs are designed so as to meet some congigett BER (as was the

case in chapter 3) that we denote By, we have that
Bp = Ce e "6, (4.22)

From this equation we can see that

6A7rr

B = ol In(C/Br). (4.23)

Note that this result is consistent with the observatiorsapproximation for the target

SINR discussed in chapter 2. Also,

o= % (C" +1nB,), (4.24)
where
C’ C’
C" =1In [7} =n|——F—| . (4.25)

Therefore, using (4.24) the goal of choosing= =,.WW/Z, as large as possible
to minimize average distortion now becomes choosthgand 3, to maximizex =
W (C"+ng,)/(ZA). Z. and 3, are constrained by a relation similar to (4.10). In

this case we have that

Z. _ N.—Q
r s T r 4.26
50 (4.20)
Then, the optimization problem is
W (C"+1np,) N, — Q,
1. > . .
wza o StAEhTy, “21)
Using Lagrange multipliers the solution to this optimipatproblem is
gr o= e (4.28)
" Nr - QT
zr = ¢ g (4.29)
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This solution is useful to study the relation between digtarand total equivalent
bandwidth. If we assume a distortion-rate function of therfd(z) = «27**, using
with the optimum solution fof, andZ,., we will have that:* = W (C” 4+ In 3*) /(Z* A)
and the distortion-rate performance is

1"
EwQpeC 1

D* = a2~ AW, (4.30)

For the purpose of this analysis we will consider that thétiege source is a video
sequence. We will assume that the distortion-rate perfoceaf the video codec does
not change between users or from frame to frame. This assumiptto some extend
artificial but it becomes necessary to maintain mathemidtiaetability of the present
study. Figure 4.9 shows the distortion-rate performandb®MPEG4-FGS codec av-
eraged over all frames. The results shown are for the twoesems used in chapter 3:
‘Foreman’ and ‘Akiyo’. Also included in the same figure are tivo approximations to
the distortion-rate curve of the fori(z) = a27**. Note for this setup the assumed
distortion-rate performance matches well the one obtaired measurements.

We used the parameters from the approximations in Figuréode9aluate the dis-
tortion as a function of the real-time section total equevabandwidth, given by (4.30).
The results are shown in Figure 4.10. In the figure we meagstertion as the mean
squared error normalized to the minimum measured such .valbe figure not only
shows results for ‘Foreman’ and ‘Akiyo’, but it also showsu# when using as param-
eters the average of those corresponding to the two seguience

In a practical situation, the distortion-rate performantéhe source codec changes
both between users and from frame to frame. To study the itripatthe change of
the real-time traffic subsection total equivalent bandkvidias on the statistical multi-
plexer system studied in chapter 3 we measured the qualitgaeceiver (using PSNR

in decibels) of a conversational video system as a functidheonumber of calls in the
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Figure 4.9: Averaged distortion-rate performance for tigeo sequences.
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Figure 4.11: Quality at the receiver (using PSNR in dBs) obaversational video
system as a function of the number of calls in the systemgutsia real-time traffic

subsection total equivalent bandwidih as parameter.

system. In this measurement we used the real-time traffisesion total equivalent
bandwidth as a parameter. The setup for this measuremerthe@ame as the simu-
lations in chapter 3. Figure 4.11 shows these results. Ilébhe quality is better the
more equivalent bandwidth is assigned to the real-timédrafibsection.

Figure 4.12 summarizes the results from Figures 4.10 arid 4 ke quality at the
receiver is measured as the PSNR loss, in decibels, witecespthe best quality mea-
sured (that is the one with maximum total equivalent bantwidFrom the analytical

we can see that ‘Foreman’ is the sequence that presentsglestiancrease in distortion
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for a reduction in real-time section total equivalent barttln In this case the loss is
of approximately 2.7 dB in PSNR for a 33 % reduction in totaligglent bandwidth.
Under the same conditions ‘Akiyo’ presents a loss of appnaely 1.8 dB for a 33
% reduction in equivalent bandwidth. The results obtainmedhfsimulations show a
smaller quality loss than any analytical results. This ie thuthe approximations and
bounds (such as (4.15))used to derived the analyticaltegsul also due to the fact that
the system in the simulation takes advantage of the videses®gs changes in resource
requirement from frame to frame to perform an statisticaltiplexing that efficiently
assigns resources. Overall, we can conclude that the aalgesults used in Figure
4.12 work well to represent an approximation of the systehab®r as an upper bound
to the quality loss if the total equivalent bandwidth for tleal-time subsection is re-

duced.

4.6 Real-time/Data Traffic Integrated Congestion Relief

Historically, the prevalent approach to integration ofl+teae traffic and data is to as-
sign to the data traffic only those resources that the resd-traffic is not using. The
justification for this approach is that data traffic is notayetensitive, thus data packets
can wait in a queue as long as necessary whenever the resdardbe data section
become scarce. In reality, there are many classes of daiaeethat have different de-
grees of sensitivity to delay. In fact, even an activity sastdownloading a file become
sensitive if the delay is sufficiently large. This is not olye to the end-user needs
and expectations but also because excessive delay coali# cesource starvation, es-
pecially at the mobile. As a justification to this, consideattthe data traffic is carried

using a transport protocol such as TCP. In this case, thertréter will need to keep in
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a buffer all transmitted packet that has not been acknoweleéggt. Therefore, the larger
the delay, the more packets that need to be kept in the bufffés may create buffer
overruns since the mobiles are typically resource limitecluding memory. Therefore,
there is a clear need to control the delay of the data traficamplement mechanisms
to reduce delay when necessary so as to avoid congestion.

The results just presented show that a small change in taketiféctive bandwidth
assigned to the real-time subsection only generates a slegdadation in the overall
quality. From our previous study of the data subsection, aresee that, conceptually,
the effect is the opposite, i.e. a small increase in the dataection total equivalent
bandwidth allows for a large increase in either the maximwmliner of data calls or
the maximum per-call mean packet arrival rate (see Figureardd 4.7). Therefore, the
results obtained so far in this chapter suggest that it isiptesto implement an inte-
grated congestion control mechanism for the real-time atd subsections. The main
tools used by the integrated congestion control systemharetatistical multiplexing
of real-time sources and an adaptive distribution of edaiabandwidth between the
real-time and the data subsections. The general idea héhatisvhenever the data
subsection is supporting a large number of calls or a highnnpaaket arrival rate the
real-time subsection could undergo a transient and smgthdation in quality by re-
assigning more equivalent bandwidth from the real-timé¢igec¢o the data section. As
soon as the traffic in the data section is alleviated, thevatpnt bandwidth is reassigned
to the real-time section. Therefore, there is a constarminoal between the equivalent
bandwidth assigned to the real-time section and its distart

To illustrate the interaction between real-time traffic atata when adapting the
equivalent bandwidth assignment, we measured the rel@gtween the maximum

number of data calls or the maximum data mean packet arrimal versus real-time
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normalized distortion whefd, + Q; = Q = 1 — ¢ = 0.9. In the measurement we used
the same setup as in previous experiments in this same ch&jgare 4.13 shows the
normalized distortion of real time calls versus the maximumean data packet arrival
rate, assuming that there are 30 real-time calls and halimgumber of data calls as
a parameter. We can see that the relation is approximatedgiiin all cases and that
for a 15 % increase in distortion (0.6 dB reduction in PSNR$ possible to increase
the maximum mean data packet arrival rate approximately &h#n there are 50 data
calls, 70 % when there are 30 data calls and 50 % when ther®atata calls.

Figure 4.14 shows the normalized distortion of real timésoatrsus the maximum

number of data calls, assuming that there are 30 real-tinte aad having the mean
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per-call data packet arrival rate,;, as a parameter. We can see that the relation is
again approximately linear in all cases and that for a 15 ¥egmee in distortion (0.6 dB
reduction in PSNR) it is possible to increase the maximummakeda packet arrival rate
approximately 60 % when,; = 150, 50 % when\; = 100 and 55 % when\; = 50.
Clearly, both Figures 4.13 and 4.14 show that a small ineréagdistortion for
the real-time sources allow for an increase in the data stibsetraffic capacity large
enough that the congestion would be rapidly resolved.
We next consider the case when the number of real-time @dsuMmed to be con-
versation video as in Chapter 3) changes dynamically owse.tiFor this purpose we

assume the same real-time traffic behavior as in Sectioni.8.4calls enter the cell
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following a Poisson arrival process and that the randons chltation follow an expo-
nential distribution. All other setting for the real-timalls were the same as in Chapter
3. We denote the real-time traffic offered loadas For the data section we kept the
number of data calls fixed at 50 and we assumed a mean pacikel aate equal to
A¢ = 30. Other parameters for the data subsection were the same aséls used so
far in this chapter. By performing Monte Carlo simulatiomstbe real-time section, we
measured the quality at the receiver for real time calls Aeditean data packet delay
as a function of the real-time subsection offered load andmam allowed total equiv-
alent bandwidth. In the cases where the real-time trafficndidused all its assigned
equivalent bandwidth, the unused portion was allocatethiecdata section. Since we
assumed real-time maximum allowed total equivalent badthwialues fron?.6 to 0.8
while € is still 0.9, the data subsection was always guaranteed a minimum éeputiva
bandwidth in the rangé.1 to 0.3. Figure 4.15 shows the result for the quality at the
receiver for real time calls Figure 4.16 shows the mean datigi delay.

Table 4.1 tabulates together the results from Figure 4.854al6. The results con-
firm our previous observations when the number of real-tialks evas assumed fixed,
i.e. for relative small increases in distortion of the reale traffic due to a reduction
in its maximum allowed total equivalent bandwidth, the mdalay of the data section
could be significantly reduced. Being the nature of the redaadn the real-time max-
imum allowed total equivalent bandwidth transient it is xpect that the overall effect

on the perceptual quality should be small.
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Table 4.1: Comparison of results from Figures 4.15 and 4.16

Change in
Pr real time PSNR loss| Delay diff. (%)
ed. bandwidth
50 0.8t00.6 0.68 87
50 0.8t00.7 0.43 73
40 0.8t00.6 1.38 86
40 0.8t00.7 0.72 78
30 0.8t00.6 0.23 87
30 0.8t00.7 0.09 78
20 0.8t00.6 1.29 73
20 0.8t00.7 0.19 93

4.7 Conclusions

In this chapter we have studied the integration of real-tamd data calls in a CDMA
system. The concept used in the integration is the ‘equivddandwidth’ discussed in
the previous chapter. The study focus on a system wherdinealand data calls are
divided in two traffic subsection; both subsection are irdegd by distribution the total
equivalent bandwidth.

The chapter is divided in three main parts. In the first parceesidered the data
subsection. Our contribution here is the study on how tha dattion performance
depends on its total assigned equivalent bandwidth. Heraotieed that small abso-
lute changes in equivalent bandwidth assignment to thesdatizon generate important

changes in the data subsection performance.
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In the second part of this chapter we considered the rea-tsaobsection with a
focus on studying the dependence of performance on the gqtavalent bandwidth
assigned to this section. We first revisited the study in tdrap to analyzed resource
allocation for uniform sources when the processing gainalaa change. Also, we
derive formulation that justifies our approximation of tie¢ation between target SINR
and source coding (or equivalently channel coding rate thighsetup in chapter 2) to be
exponential. The main observation here is that distortie@schot change much when
modifying the portion of equivalent bandwidth assignedi® teal-time subsection.

In the third part we argue that although generally the datféi¢ris considered to be
not delay-limited, there are many practical cases whereishnot the case, thus it is
important to implement methods that resolve congestioncantiol delay. Our contri-
bution here shows our proposed integrated environmemsilior a transient reduction
in the equivalent bandwidth assigned to real-time calls stoanotably increase the
traffic capacity for the data section at the cost of a smaliease of distortion for the

real-time calls.
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Chapter 5

Other Related Work

5.1 Introduction

In this chapter we conclude our study of cross-layer designsnultimedia CDMA
by discussing other related works. These works focus onl@mubsimilar to the ones
discussed so far, the most notable difference being thgtdtwesidering the downlink.
Despite the fact that in these problems the link is synchuenmter-user interference
is still an issue due to multipath propagation. Also, in theases the constraining re-
sources are the total transmit power at the base stationhe@nsipreading codes. It is
important to remark here that the contributions in this ¢bapere developed in the
context of collaborative work with members of the Univeysit Maryland’s Communi-
cation and Signal Processing Laboratory and were presenf2d, 33, 46].

The first part of this chapter will discuss a design that aslapteal-time source
encoder to the channel and traffic conditions in the downdih&d CDMA system. The
goal of the adaptation is to minimize the average distorsiobject to constraints on
the total power, each user distortion and a quality goallthats the channel-induced
distortion to a small proportion of the total.

The second part of this chapter will discuss an algorithnrésource allocation in
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the downlink of multicode CDMA network. This means that amather resources,
there is a pool of spreading codes that need to be allocated@meal-time calls. The
number of codes allocated to a call is directly proportidodts transmit bit rate. The
design in this section is aimed at systems that use a realdouarce encoder that gener-
ates a layered and embedded bit stream. This certainlyesiplithe MPEG4 FGS that
is the center of the application example discussed in ch@ptaut is also applicable in
other sources.

The chapter concludes with a summary of the main results antlibutions.

5.2 Resource Allocation in the Downlink of CDMA by
Real-Time Source Encoder Adaptation

Consider the downlink of a single cell CDMA system with N isefFig. 5.1 shows
the block diagram of the proposed cross layer design whésgdssible to control the
users’ source encoding rates, channel coding rates argiritied powers. A protocol
located at the base station performs the allocation fundtioall calls.

As before, in the proposed system, the real time source entad the key property
that the output rate can be externally controlled. We asdhmasource encoder have
output rater; = R,r bits/s, whereR; is the variable channel coding rate ands the
transmit bit rate, assumed to be fixed. This means that, aghgasase in chapter 2
source and channel rate allocation is determined so thaedgtion in source encoding
rate is matched by an increase in error protection in suchyatla the bit rate at the
input of the spreader remains constant. Also, this meansotize either the source
coding rate or the channel coding rate has been specifiedytliee is automatically

determined. We use BPSK modulation with power control in tiedulator. Also,
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Figure 5.1: Proposed system block diagram

for simplicity, we assume that all the transmitted bits ageatly important for error
protection purposes.

As was the case for the designs in previous chapters, hene agawill have as
design condition g@uality goal In this case, this would be that channel induced errors
would account for a small proportion of the overall end-tm alistortion. Thus, the
design will be constrained by the condition of meeting a¢a®NR that achieves the
desired small channel-induced distortion. Note again ttratarget SINR required to

satisfy the quality goal is a function of the source rate. SfHy reducing some or all
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calls’ source rate, it is possible to lower transmit powed arterference at the cost of
higher source encoding distortion but without increasingmmel induced errors.

We assume the system is synchronous and each user is assigniggle spreading
code within each cell. Also, we assume a multipath channetaBse of this environ-
ment, the orthogonality between codes could not be mamdsamd each mobile user
is subject to interferences from other users in the cell {Zder these conditions, the

SINR of mobile: is given by:

%4 P,G;
Bi=—— (5.1)
r
GZ' E lePk + 02

k=1
ki

wherelV is the total bandwidthpP; is the transmitted power from the base station to
mobile i, G; is the corresponding path los, is orthogonality factor and? is the
background AWGN variancéV/r is the processing gaiidy; is the orthogonality factor
between mobilé: and mobile; and represents the fraction of the received downlink
power that is converted by multipath into the intra-celemérence. We assume that all
fading profiles are the same aéd- 6,;, Vi, k.

Let f;(z;) be the distortion-rate performance function of tHeuser’s source coder
encoding at rate; = R;r. Generally, for most well designed encodefsis a convex
and decreasing function. The minimum distortion occurs atimum source rate),.
Assumingf;(z;) = a27*%i in chapter 2, the source encoder distortion-rate perfooma
function can be expressed as:

fi — 522k($]\{—Ri7’) (5.2)

whered is the minimum distortion ané is a parameter depending on the encoder. Note
again that this approximation can effectively represeathd-to-end behavior because

the quality goal keeps the contribution of channel induceakrs to the overall distortion
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within negligible values. Defin® = 22**» /5, the normalized distortion is given by:

Di(R;r) = % = D22, (5.3)

Due to the multipath environment, the system under consiaer still exhibits inter-
user interference. Therefore, as the system admits mors, uke increase in interfer-
ence will prevent allocating resources so that all usersadpat their target (minimum)
distortion. This is may occur even when the base station lisheaavailable power
during the transmission. Therefore, in this situation, sasers will have to operate at
an increased distortion. Thus, when designing the alguaritiat allocates resources and
decides operating parameters for each call, the probleendedide which user will be
configured to operate at non-minimum distortion and howehesers will increase their
distortions.

The basic effect of the adaptation that solves this allocaproblem is to choose
for each user a target SINR. From the discussion in the puswbapters, we have seen
that each target SINR is associated to a distinct sourcedergoate, or equivalently, a
channel coding rat®;. Furthermore, we have seen that the target SINR to achieve th
guality goal can be approximated as a function of channeihgodhte, when transmit
rate is fixed, by

B; = 2AH+E, (5.4)

Recall thatd and B are parameters of the error control coding scheme.

Therefore, the adaptation goal would be to find the channgingorate for each
user that minimize the overall system distortion, underdbmestraint that each user’s
distortion is smaller than a maximum acceptable value aatttie total transmitted

power from the base statio,,,, = ZiNzl P;, does not exceeds a maximum. The
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problem is formulated as:

N
min ; D; (5.5)

Distortion Range: 1< D; < D42,V 1,
subject to Transmitted Power: Py, < P,

Meet quality goal.

In this problem formulationp,,... is the maximum transmit power available at the
base station anf,,... is the maximum acceptable distortion that we assume is the sa
for all users. Note thak; is implicitly constrained by the combination of equatior3)
with the above distortion range constraint.

The problem in (5.5) is a nonlinear nonconvex problem witsspoly many local
minima. Methods such as Lagrangian or nonlinear integegraraming do not appear
to yield a solution. Moreover, the computation complexitif grow exponential as the
number of users increases. We next a suboptimal algoriteatition developed by Z.

Han. [33] that is fast and exhibits near-optimum perforneanc

5.2.1 Resource Allocation Algorithm

As noted, when the system is lightly crowded, each user cohtdin a share of re-
sources so as to operate at the minimum distortion and thessary total transmitted
power could still be less than the maximum available fromithge station. As the sys-
tem admits more calls, it may become not possible for alkdalloperate at minimum
distortion. In this operational condition, there is a needave a graceful distortion
control so that those users in bad channel condition or wtrodnce too much inter-
ference to others may sacrifice their performance slighttyia a controlled way so as
to allow an optimal resource allocation. Note that the c@mst on the channel-induced

errors (the quality goal) will allow the increase in distontto be smooth, controllable,
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and predictable. This is because the dominant process liaasing distortion is the
reduction in source encoding rate, thus the system behfollows the rate-distortion
curve. Also, this will keep the random and subjectively mamaoying channel-induced
distortion at a negligible value. Channel induced distoris kept at a sufficiently small
value by appropriately setting the rates and powers.

In order to decide the calls that will be operating at a ladjstortion we consider
the effect that a change in each user’s distortion have otothétransmit power. For

this, we derive a simple approximation féx,,,,,. Define

T 2AR2‘+BT B PZGZ 5 6
R T < FHE (5.6)
Gz lePk +o

ki

If the processing gain is large, i.81/r is large,T; is small. We know thaf;; < 1, thus

0,;T; is also small. Therefore, we have
Py = 'l = F]7'u = 17l + Fu, (5.7)
wherel = [1...1]7,u = [uy,...uy|" with u; = 0*T;/G;, and

0 if j =1,
[Flji = ,

Therefore,

N
Pan z Y37 WT, (5.8)

i=1 =1 j#i

We find the gradient of the overall transmitted power withpext to each user’s

distortion,g;. The gradient can be written as a function of three diffeadsitas follows:

aDl N 0TZ Ori 87’1- ’

gi = (5.9)
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where

OPum o? al 020, T:
T G tla, (5-10)
‘ b g J
oT; Ar2ARi+B 1 2
7 - W (5.11)
D
ZRZ- = —2kDr27 2T n 2, (5.12)
Therefore, the final gradient can be written as:
1 N 9,T,
o - coron (L 5°0) -
og#

where(C' is a negative constant. The absolute value,;a$ determined by three factors:
current rates (the term before the parentheses), chanime(tba first term inside the
parentheses), and interferences to others (the secondhga the parentheses).

If P,... is large enough for every user in the cell to operate at mimndistortion,
the algorithm assign®,; = 1 to all calls. If the system is lightly loaded, there might be
some total transmit power left from the maximum available.

If P,.. 1S not large enough for every user to operate at minimum distg the
algorithm initially assignsD; = D,,., to all calls. If there is not enough power for
this allocation, i.e. if there is not enough power to satigfg maximum distortion
constraints, the system is in an outage condition. If atiooacorresponding t@; =
D,..., Vi requires less power than the maximum available, the unusied power
could be used to reduce distortion. The user that will redisceistortion is chosen by
determining the gradie@P;,,,/0D;. If the absolute value of the gradient is small, it
means that a reduction in distortion will have a small eftatthe total consumed power.
From (5.9), for this user, the current rates are low (i.e. dis¢ortion is high), channel

gain is good, or interferences to others are small. In otledsy this user can reduce
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Table 5.1: Downlink CDMA Resource Allocation Algorithm

1. Initialization:
If all calls can be configured tD,,,;,,, then allocate the powers and stop;
else allocate),,,,.. to all calls.

If Py > Prae, report outage.

2. Repeat:

e Calculate|g;|

e Increase the rate of the user with smallggtto the next available
discrete rate, unless the ratel j& already.

o If P, > P, return the previous rate allocation and break.

3. Rate and Power Assignment.

its end-to-end distortion while creating the smallestistan the available resources.
Consequently, this user is a good choice to reduce its tlizand the algorithm assigns
a higherR; to this user to let the distortion become small. After a userlteen assigned
a higherR;, the operation involving estimated the gradient and irsirepthe rate to a
call is repeated until reaching an allocation that does lhmiancreasing the total power
beyond. Note that, in practice, there are only a finite nunatb@ossible values foR;.
Therefore, the assignment of a highieris done in incremental discrete steps.

On the whole, the adaptive resource allocation algorithgivien in Table 5.1. As
we have mentioned before, (5.5) is extremely difficult toveddy traditional methods in
which the complexity grows fast with the number of us&tsln the proposed algorithm,
the complexity lies in computing the gradients in (5.13) aaltulating the overall trans-
mitted power in (5.26). So the complexityd N?) and can be easily implemented in

practice.
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5.2.2 Performance Bound

In order to evaluate the performance of the proposed alguoriih Table 5.1, we provide
a computable performance upper bound. This bound might ddoetter performance
than the optimal, but not viable to implement in practicduson to the problem (5.5).
If the proposed algorithm has a similar performance as thatbove can conclude that
the proposed algorithm is at least near optimal.

Assuming the transmit rate as fixed and the channel codiegasaa continuous real

variable, the modified problem definition from (5.5) can bpressed as:

N
3 _2kRiTi
rrl{zlin E_l 2 (5.14)

) R < R; < R Y/ g,
subject t
Psum S Pmar7

whereR; is a real number. From (5.6) and (5.26), the power constraiatnonlinear
function of R;. If we assume the channel coding as a continuous variatdgrtfblem
in (5.5) becomes the nonlinear constrained problem (5T@ kolve this case there ex-
ist useful nonlinear optimization methods. Therefore, melement an algorithm that
combines the barrier and Newton methods [5] that calculdtegperformance upper
bound. The basic idea for the barrier method is to add baiuigstions to the opti-
mization goal such that the constrained optimization prolblbecomes an unconstrained
optimization problem. The sum of optimization goal and tearfunctions approaches
infinity if the constraints are not satisfied. On the otherchahthe constraint is sat-
isfied, the barrier function does not affect the optimizatgwal. The barrier function
is commonly approximated by logarithmic functions [5]. hetcase of the nonlinear

constrained problem (5.14), the barrier function is given b

Iconstaint ~ (I)l + (1)2 + (1)37 (515)
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where

N
D, = i—1 (5.16)
| o, otherwise
( N
_Z ln(Rmax - Ri)7 Rmax > Riv
By — — (5.17)
0, otherwise
and
— ln(Pmax - Psum)7 Pmaa: > PSUM?
By — (5.18)

00, otherwise
®, and®, correspond to the channel coding rate range&ntb the overall power.

As said, the barrier method approach solves the constraipgchization problem
by solving a sequence of iterated unconstrained probleacs, iaitialized by the results
in the previous iteration. Rewrite (5.14) as:

~ N

min f = tg 2775 4 Loonstraint (5.19)
wheret is a value that increases from iteration to iteration. Bseathe barrier func-
tions become more and more like the ideal barrier functiohinsreases, the solution
becomes increasingly optimal. Within each iteration, thevbdn method [5] is used
to solve the unconstrained optimization problem. The cetephlgorithm is given in
Table 5.2, wherdR = [R; ... Ry]?, m is the iteration number for barrier methad,
determines the accuracy of the proposed algorithia the optimal step for the Newton
method,t, is the initial value for barrier function, whose value deteres the conver-
gence rate of the first iteration, ari > 1 is the constant that multipliesin each
iteration.

The performance bound determined by algorithm in Table &r#hot be imple-

mented in practice. This is because the rate is assumed tortimwous, which is
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Table 5.2: Barrier Method for Performance Bound

1. Initial:

R = any feasible valug,= ¢, > 0, C; > 1, ¢, > 0.

2. Repeat:
e Compute nevwR by minimizing f, using
Newton Method:
1. Compute Newton step,; and decremenx?.
Vo ==V fT1V f
N=vftftv s
2. quit if \? is stable.
3. Line search: compute step sizdy
backtracking line search.
4. Update R=R+1'xV,,;.

o if m/t < e,, returnR.

ol = Ctt
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not true in practical channel coding coder. Because of tkssi@ption, the algorithm
will find a performance upper bound with a performance béiti@n the optimal solution
in (5.5). Also, the algorithm in Table 5.2 cannot be implemaenn practice because its
complexity is much higher than the proposed algorithm inl@&bl. The complexity
lies in that to find the solution, one iteration is needed lfer Newton method and an-
other iteration is needed for the barrier method. Yet anatresson why the algorithm in
Table 5.2 cannot be implemented in practice is that the probh (5.14) is non-linear
and non-convex with possibly many local optima. Multipléializations or even an-
nealing is necessary to find the global optimum. Thus, dedging hard to implement
in practice, the algorithm in Table 5.2 can be used to judge#rformance of the pro-
posed fast implementable algorithm in Table 5.1. We will isetlhe simulation results
in the next section the proposed algorithm has a similaoperdnce as the performance

bound. Consequently, the proposed algorithm is at leastapgenal.

5.2.3 Performance Evaluation

The algorithm in Table 5.1 is applicable to any real-timerseu To evaluate its per-
formance we use an approach similar to the one in chapter @n,We evaluated the
performance of the proposed algorithm using speech at so@unilarly to the setup
in chapter 2 we used the same eighteen speech sequencelé&bdiST speech corpus
[47] and we used as source encoder the GSM AMR (Advance NRaite) Narrow-band
Speech Encoder [12]

To determine the end-to-end distortion, we used the saneepierally weighted

log-spectral distortion measure discussed in chapter 2:

2
df (5.20)

A2

t0log 1)

SMMnAq»J/WMﬁz

143



25

T

—x— Rate adapted, PmaX:lSO
—g— Rate adapted, PmaX=200
-o- Rate adapted, P =350 *
—7 Rate adapted, PmaX=500 s
—x- No source adaptation, P =150 /
-o- No source adaptation, P__ =200 4 a
-0~ No source adaptation, Pm X=350 4 ’

|| = No source adaptation, Pm X=500 ’ ‘ ,ﬁ

a

a

a

Normalized Distortion

70
Number of calls

Figure 5.2: Normalized distortion vs. number of calls

whereA(f) and A(f) are the FFT-approximated spectra of the original and thenrec
structed speech frames, respectively, 8rigl /) is the subjective sensitivity weighting

function [9]:

1
25+ 75(1 + 1.4(f/1000)2)0-69°

Wa(f) (5.21)

For the proposed system, we used of the eight possible senoweling rates: 12.2,
10.2,7.95,7.4,6.7,5.9,5.15 and 4.75 kbps, we used onlyixHaghest ones. We also
used a memory 4, puncturing period 8, mother codelratdeRCPC code, [19], decoded
with a soft Viterbi decoder. We assumed BPSK modulation ankdaennel affected by
normalized Rayleigh fading (average power loss equal tandl)reormalized path loss

(with propagation constants assumed equal to 1), with a lpathexponent equal to
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3 (typical of urban areas). The total bandwidth was 1.561@MHsers are randomly
located in a cell with radius 500 m. Background noise leved assumed equal fid)—°.

k= 3.3 %1075 Rn. = 12.2 kbps. Finally, we fixed the transmit rate at 24.4kbps and
processing gain at 64.

To evaluate the proposed system, we analyzed its perfoenasithe system be-
comes increasingly loaded. In Fig. 5.2, we show the norredldistortion versus the
number of calls with the total transmit power as a paraméiee figure also includes,
for comparison purposes, results for an equivalent CDMAesyghat shares the same
configuration as the proposed scheme but is forced to opertteut adaptation. For
the case of this equivalent system, all calls operate at &cs@ncoding rate equal to

12.2 Kbps and channel coding rate 1/2. From these resultsaweli@w several con-
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clusions. When the number of users is small, all the schetm®@s approximately the
same performance. This is because there is enough poweseigraall to be configured
for minimal distortion. When the number of users increaties proposed scheme can
reduce the normalized distortion relative to the trad@i®ystem setup. This is because
the proposed scheme controls the distortion smoothly bgtadathe source and chan-
nel coding rates. In particular, if examph,.. = 350, the proposed system can support
30 users with 6 % less distortion, 40 with 12 % and 50 users ®Vitho less distortion.
When the ransmitted power is increased, the distortiorsis mduced. In Fig. 5.3, we
compared the normalized distortion as a function of the makavailable power for a
fixed number of users in the systeiv (= 30, N = 40, and N = 50) that represents
different network loading conditions. It shows the prombsgstem can deliver the same
level of average end-to-end distortion by a much lower maxmtransmitted power.
We also compared the performance of the proposed algorititimtine upper bound
in Table 2 by measuring the relative difference. We defineréhative difference as
the average distortion of the proposed algorithm minus Weeage distortion obtained
from the upper bound divided by the average distortion olighyger bound. In Fig. 5.4,
we show the relative difference versus the number. To oltherglobal optimization
using the bound algorithm, we applied multiple initialipais. Since the channel rate
is assumed continuous for the algorithm in Table 5.2, théagloptimum is always
better than the one defined in the problem (5.5). Althoughptioposed algorithm is
suboptimal, the difference in performance between theqseg algorithm and the upper
bound is very small. This shows that the proposed algorithit least near optimal.
Note that the performance of the proposed algorithm getsevathen the number of
users increases. This can be justified by the fact that, etipea the adaptation changes

in the proposed algorithm are limited to a discrete numbgogEibilities; as the system
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becomes increasingly loaded it becomes harder to find attaptahat would reduce
distortion while not exceeding the constraints. This isthetcase for the upper bound

since the coding rates are assumed continuous.

x107°
5

T T T T T T T T T T
=350
X

—%— Pma
asl e PmaX:ZOO /|
- P, 7150

25

Relative difference

0 5 10 15 20 25 30 35 40 45 50
Number of users, N

Figure 5.4: Evaluation of the proposed algorithm as congpaoethe performance

bound.

5.3 Resource Allocation in the Downlink of Multicode
CDMA for Layered and Embedded Real-Time Video

Consider the downlink of a single-cell Multicode CDMA (MCB®IA) system with /N

users. In this system different transmit rates for eacharallachieved by assigning a
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number of spreading codes to the call. Each code is esdgni$ald as a communication
channel, thus the transmit bit rate of a given call is equtiécnumber of assigned codes
times the transmit bit rate of each code. We assume that #inera total oiC' codes to
be used.

Figure 5.5 shows a block diagram of the proposed design nernd a layered and
embedded real-time source, MPEG 4 FGS conversation video frow on, over the
downlink of multicode CDMA. An allocation algorithm, impleented at the base sta-
tion, allocates resources among each call with the goal afmizing average distor-
tion. These system resources are spreading codes and itrgasver. The algorithm
allocates resources based on rate-distortion (R-D) irdition received from each call.
The algorithm assigns a variable number of spreading caxeach call according to
its resource demand (based on the time-varying charaatesiseach video sequence,
as discussed in chapter 3) and channel condition. Also,rdiccpestimations of the
downlink channel, the algorithm assigns channel codingsraind power allocations
to the data transmitted over each code. In allocating ressuthe design goal is to
maintain good received quality, even when transmittingulgh a noisy channel with
interference. As was the case of all designs presentedsmibrik, we will have ajual-
ity goalto limit the effects of channel errors. In this case, the apph is similar to the
one in chapter 3, since we will define the quality goal in teohguaranteeing a target
BER. Because the number of spreading codes and the totahtigpower are limited,
the challenge for the proposed algorithm is to efficientlpcdte these resources while
minimizing average distortion and meeting the quality goal

As discussed in Section 5.2, because of the multipath emviemt, the orthogonality
between codes could not be maintained and each mobile usdpject to interferences

from other users in the cell. If th&" code is assigned to usgrthe received SINR when
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decoding data spreaded with this code is:

g = hiG; (5.22)

r C
Gj Z 0ri P + o2
=1 ki

wherelV is the total bandwidth and is fixed,the transmit bit rate associated with a
code, P, the transmitted power from the base station for codg; is the orthogonality
factor between codes;; is the ;' user’s path loss, ane? the thermal noise level that
is assumed to be the same at all mobile receivers. Theliatiois the processing gain.
To meet the quality goal, the received SINR should be no lems & target SINR,
which is a function of channel coding rate. Here, again, weethe approximation for

the target SINR as a function of channel coding rate
ﬁi — 2AR2‘+B (523)

wherej3; is the required targeted SINRL and B are parameters of the error control
coder, andR; is the channel coding rate with range,.;.., R.az]-

In this muticode system, we denatg as an indicator to specify whether tifecode
is assigned to user The maximum total power i8,,.., and a valid allocation requires
that each user’s source data throughput, should be larger than the base layer bit rate
x? (to guarantee a baseline quality) and smaller than the maxrisource rate:f.

The design optimization problem is, then,
min D; (5.24)

(

N
Zai? <1,a;; €{0,1},Vi;

i=1

C
subjectto P = P < Praa;
i=1

C
P .
1’9 S ,I‘Tj = Tzaini S ,I'j ,VJ

\ =1
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The challenge in solve (5.24) lies on the power and the codstrint. Each call
could reduce its operating distortion by increasing iteated transmit power. Be-
cause different users experience different channel dongitusers will need different
increases of power to have the same distortion reductiorweMer, the total transmit
power at the base station is limited. Therefore, it is imgatrto allocate power to each
user efficiently. Moreover, as discussed in chapter 3, theat® necessary to transmit
a video frame at a target quality level changes practicatijnfone frame to the next.
Them it is necessary to allocate codes based on each usesstit bit rate needs and
when doing so, the resulting effect will be different redoss of the average distortion
for each call. Next, we present an algorithm to efficientlpedte the limited power and

codes to reduce the overall distortion.

5.3.1 Distortion Management Algorithm

The algorithm is divided in two stages. The first stage atlesaesources to guarantee
delivery of the base layer data (so as to provide a baselaeowjuality for each user).
The second stage allocates resources deciding the numibiés 6bm the enhancement
(FGS) layer to be delivered to reduce the average distorfidme goal for the second
stage adjustment to each call total bit rate is to fully m¢ilihe codes and power resources
and to avoid exhausting only one resource first while haviregdther resource left
underutilized, which leads to a local optimal solution. Tgreposed algorithm can
overcome the problem mentioned above by keeping a balateede code and power

allocation during the process of resource allocation.
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Assign (ci = R : J
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to all users

Relieving Psum by
using up a code

(Table 5.3)

Done
Goto
Main Algorithm

(Figure 5.7)

Figure 5.6: Base layer initialization algorithm.

Base Layer

Figure 5.6 shows the initialization procedure, where cpdhannel coding rates, and
power are assigned to each user so that all of them can tratebase layer with bit
ratex?, while the power constraint is satisfied. First, the aldontallocates only the
maximum channel coding ratg,,,, and computes the number of codeshecessary
for each user to transmit the base layer. If there are no deftean outage is reported,
indicating that there are too many users in the system amd #re no resources even
for accommodating the base layers only. If there are enoodéxfor the base layer, the
algorithm evaluates whether the power constraint is mebarlhyes, the initialization
stage is done and the algorithm proceeds to the second si@galbcates resource for
the FGS layer. Otherwise, the algorithm reacts by “religvit,,,,”. Relieving Py,

means that a previously unassigned spreading code is t@tbt@a user to reduce its
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Table 5.3:P,,,, Relieve Algorithm
1. For hypothesig = 1to V:

¢ Assign a candidate code to uger

e Calculate the optimaR; for all codes assigned t

(@)

userj including the candidate code, such that
Pqum is reduced most, whiler; is unchanged.

2. Pick the call with the largest reducétl,,,, and

assign it a real code.

transmit powerP,,,,. The unassigned code is allocated to the user that can rélokeice
power most when assigned an extra code while the distodi&apt. This operation is
repeated until the power constraint is satisfied.

To derive theP,,,,, relieve algorithm, we first need to find an approximate exgices

for P,,,,. Depending on which user a code is assigned to, we define

0, if code is not assigned
T, = { 9ARi+B, PG, (5.25)

= for user j

Since the processing gaifi/ R is large andl;2 is small, Py,,,, can be approximated

as:

Py = 1" = F'us 1"l + Flu (5.26)
Cc c C 5
B o”T; =0k Ti T},

1=1

wherel = [1...1)]7, u = [uy,...uc)" with u; = ¢*T;/G;, and[F];; = 0if j =
i; [Fl;; = 6,1, if j # i.. Note that this simplification is similar to (5.8), but nowr fhe

multicode scheme, each code, not a user, appear as an uliinterfering call.
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The P,,,, relieve algorithm is shown in Table 5.25 Before assignin@etual code
to a specific user, the algorithm mak®&shypotheses. For th&" hypothesis, it assigns a
candidate codéo thej** user while keeping the settings for the other users unclthnge
The 5 call will keep its source coding rate,; unchanged and will redistribute this bit
rate evenly among the assigned codes (including the caedodale). Therefore, the
channel coding rates corresponding to those codes asdignedr; are reduced which
allows for a reduction in target SINR and total transmit powa performing this op-
eration the goal is to allocate the source coding rates aadrehi coding rates to the
already assigned codes plus the candidate code sucR.thats minimized and distor-
tion is kept fixed. A simple solution for this problem is to uke water filling method.
First, the candidate code is assigned a channel codingate which means that the
new throughput will be larger than;. SinceZ7; is a monotonic increasing function of

and

1 1 a sSuim
Ri, P can be reduced by searching for the code with the laigést 27
reducing its channel coding rate. The algorithm repeats#agching procedure until
the throughput is equal te;. From all hypotheses, the user reducifg,, the most is

selected and assigned an actual spreading code.

FGS Layer

After initialization, the algorithm proceeds to the aldbm shown in Figure 5.7 that ef-
ficiently allocate resources to the enhancement layers woraduce average distortion.
This algorithm starts by deciding whether all spreadingesdthve been used up. If this
is the case, the algorithm uses the remaining transmit p@ivedifference between the
currentP,,,, and P, to reduce the distortion as described in Table 5.3.1. Ifelaee
unassigned spreading codes the allocation algorithm pdsct one of two possible

sub-algorithms that assigns a new code, one to reduce titgoewer and the other to
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Figure 5.7: Resource allocation algorithm for enhancer(feé@6) layer.
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reduce distortion, depending on whether the system is pawealanced. The whole
algorithm is terminated under two conditions: First, alddable codes are distributed
and the power is within the acceptable range. This is thetita when the system is
heavily loaded. Second, all the users have the minimal diisto This is the lightly
loaded situation.

The criterion to judge whether the system is power unbalhicbased on the av-
erage consumed power per assigned code. If the cuftgptover the total assigned
codestV: | ¢; Is greater tharP,,,, over the total available number of cod€sthe sys-
tem is power unbalanced. Then, the algorithm in Table 58dpplied to reduce the
power. Otherwise, the algorithm listed in 5.4 is used to cediistortion.

In 5.4, the algorithm reduces the overall distortion by @sisig one spreading code
to a user at a time. Before an actual spreading code is assigreespecific user, the
algorithm makesV hypotheses. For th#&" hypothesis, @aandidate codevith associated
channel coding raté®,,,. is assigned to the¢"* user while keeping the settings of the
other users unchanged. Then, the total power requireddosmnissionp;,,,,, and the

source distortion reduction, are calculated using (5.86) a
AD] = D](ZE']) - D](._'lfj + rRmax)a (527)

respectively. In (5.27}; is the user’s current source rate.Af,,, is smaller tharP,,,,,
this hypothesis is added into a candidate list. Then, therggn assigns an actual
spreading code to the call among the candidate hypothesékdt can reduce the dis-
tortion by the largest magnitude. If the candidate list ipgmit means the average
distortion cannot be further reduced without the corregipanrequired transmit power
exceedingP,.... To achieve further distortion reduction in successiveatiens, the
power needs to be reduced using the algorithm in Table 5.3.1.

If all the spreading codes have been assigned and ther# sostie transmit power
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Table 5.4: Code Assignment to Reduce Distortion

1. For hypothesig = 1 to /V:
e Assign user a candidate code, analy2eD;, P,
o If P, < P, add hypothesig to candidate list.

2. If there is no candidate user, do not assign the code
and go to the algorithm in Table 5.3.1.

3. Among the candidates, choose the one with the

largestA D; and assign an actual spreading code to giser

left, it is useful to reduce the distortion by increasing titaesmit power. The algorithm

is listed in Table 5.3.1. Here the algorithm makéshypotheses, i.e. one for each
spreading code. In hypothegisthe algorithm checks whether the channel coding rate
for the spreading codg R;, is less thank,,... If not, it checks the next hypothesis.
Otherwise, it increase®; by a discrete step\ R; while it keeps the settings of the
restC-1 codes unchanged. If this code belongs tojthaiser, the algorithm calculate
the reduced distortiold D; and the increase in total transmit pow&e;,,,. If the
new total transmit power does not excedtls,. this hypothesis is added to a candidate
list. Among the candidates in the list, the algorithm picke tode with the largest
|AD,;/APy,,| and setR;, = R; + AR;. The above process is repeated until there is no

transmit power left.

5.3.2 Performance Evaluation

We evaluated the performance of the proposed algorithnugfir@imulations. The re-
sults shown here were obtained by G.-M. Su as part of ourlomiédive work [46].

The simulations are set up as follows. We assumed bandwiplthl ¢o 7.5 MHz.
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Table 5.5: Distortion Reduction by Increasing Power

1. For hypothesis = 1 to C:
e If R; of codei is equal toR,,,., do next hypothesis.

e For codei, calculate the corresponding decrease|in

channel coding rate of one discrete st;.
e GivenAR;, calculateAD;, andA Py, .
If P, < Praz, @dd hypothesisto candidate list.
2. If no candidate left, exit. Otherwise, choose the
code with the largesAD; /A P,,,,| and change

the channel coding rate of the chosen code.

3. Empty candidate list. Go to step 1.

and spreading factor 64. We assumed a fading channel withipsg factor equal to 4
and delay profile typical of urban area. The noise power wasraed10~° Watts and
maximum transmit power equal to 280 Watts. The mobiles arfoumly distributed
within a cell at a distance from 20 m. to 700 m. For error priddeowve used the memory
4, puncturing period 8, and mother code rafd RCPC codes from [19]. Through
simulations we found that in order to meet a target BER= for the MPEG-4 FGS
codec, the parametersand B in (5.23) areA = 4.4 andB = —1 4.

As input sequence we concatenate 15 classic video sequékkige, Carphone
Claire, Coastguard Container Foreman GrandmotheyHall objects Miss American
Mother and daughterlMPEG4 newsSalesmanSilent Suzie and Trevor). To all se-
guences we applied a temporal down sampling factor equal t®H?s resulted in a
video sequence with 2775 frames and video refresh rate afabdefs per second. The

base layer of the encoded video sequence was generatedamsiidEG-4 encoder
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with a fixed quantization step of 30 and a GOP pattern of 14 iAdsabetween each |
frame. All frames of the enhancement (FGS) layer have upxtbisiplanes. For each
call we choose as input sequence a section from the main tesratad testing video
sequence of 100 frames of length. For tfieuser this sequence corresponded to frames
173x(i-1)+1 to 173« (i-1)+100.

Figure 5.8 shows a simulation result for the convergenaektcd the total trans-
mit power (solid line and scale on the right) and overallatson D,,,, = Zj.vzl D;
(dashed-doted line and scale on the right) as the spreaddesare gradually assigned
using the proposed algorithm. After initialization (shoas point A), 17 codes have
been assigned so as to accommodate the base layer of eachlheevverall distor-
tion (shown at point A) is large because only the base lay¢o be transmitted so far.
When the system is power unbalanced, i.e. the operating {goabove the balanced
resource allocation line (the situation at point A, for exde), the algorithm uses the
power relieve algorithm in Table 5.3.1 to reduce total traihgower while keeping the
distortion fixed. When the system is not power unbalancech(as the case at point B),
the algorithm assigns new codes to reduce distortion (cpuestly, the required power
is increased) using the algorithm in Table 5.4 until all tbeles are used up. Finally,
the algorithm uses the sub-algorithm in Table 5.3.1 to frrtkeduce distortion until the
transmit power has been use as much as possible (shown ag)oin

To further evaluate performance we compare the proposexidlg with the al-
gorithm in Section 5.2, modified so that code assignmentHerRGS layer follows a
greedy approach. For each iteration, this greedy algorttien to assign a candidate
code by calculatingAD; /A P,,,,| for each call, and assigning the new code to the user
with the largest such value. Figure 5.9 shows the PSNR sesul four-user system.

The first three users receive video with a better quality gisiie proposed algorithm.
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Figure 5.9: PSNR results for the sequences correspondihgsers.

Since the greedy algorithm assigns codes to the users wheseahe least power to ob-
tain the largest decreased distortion, which is the foustr in this example, it cannot
reduce the overall distortion much. Also, we can see thatwiseng the proposed algo-
rithm all users maintain good video quality (with PSNRs ab8% dB in all cases). This
is not the case for the greedy algorithm, since some useess(dsand 2 most notably)
see their PSNR reach levels of approximately 30 dB. Figut® Shows the number
of users versus average total distortion over 100 frameas &0 different mobiles’ lo-

cations. The simulation results demonstrate that the megbalgorithm performs an

efficient resource allocation function since the averBgg, of the proposed algorithm

outperforms that of the greedy algorithm by at least 45%.
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5.4 Conclusions

In this chapter we conclude our study of cross-layer designsnultimedia CDMA
by discussing two designs, developed as collaborative wittk members of the Uni-
versity of Maryland’s Communication and Signal Procesdinforatory, that allocate
resources in the down link. We started by noticing that dubéanultipath propagation
environment, inter-user interference is still an issue.af¥e noted that the constraining
resources are the total transmit power at the base stattbtharspreading codes.

We then presented as contributions two algorithms. Thedlggirithm adapts the
real-time source encoder to the channel and multiuserdredinditions. In this case,
we assume that the processing gain is fixed and that the pemante be adapted are
transmit power, source coding rate and channel coding rEte. algorithm performs
this adaptation by minimizing the average distortion scibje constraints on the total
power, each user distortion and a quality goal that limiesdhannel-induced distortion
to a small proportion of the total. Simulations results shtiwe superior performance of
this algorithm when compared to an equivalent system thaiatgperform adaptation.
Also, using a performance upper bound we showed that theopeapalgorithm is near-
optimum.

The second algorithm was designed to perform resourceaditocin the downlink
of multicode CDMA network. This means that, in addition tmahting transmit power,
source coding rate and channel coding rate, the algoritisigrasto each real-time call
spreading codes from a finite pool. This design was aimedsé¢B)s that use a real-time
source encoder that generates a layered and embeddectaimstduring simulations,
we used the MPEG-4 FGS video codec and we observed that thega® algorithm
both performs an efficient resource allocation and it odgers an equivalent algorithm

that assigns spreading codes using a greedy rule.
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Chapter 6

Conclusions and Future Work

6.1 Conclusions

In this thesis we have study designs for resource allocati€c®DMA networks carry-
ing conversational-type calls. The designs are based ooss-tayer approach where
the source encoder, the channel encoder and, in some dasgsotessing gains are
adapted. The primary focus of the study is on optimally rpléting multimedia sources.
We first started by presenting the general model for our de<ine of the charac-
teristics of this model is that we constrain our design sb¢hannel-distortion is kept at
subjectively acceptable levels. The reason for this isweanhoticed that, for the same
distortion measure, channel-induced errors are perdeptibre annoying that source
encoding distortion because they manifests as artifatitlaay times are perceptually
evident, annoying and that in some cases might affect theratahdability of the mes-
sage. We called this goal tiggiality goal The use of adaptable elements in our designs
allow for an increase in the number of calls while meetinggqbality goal. The tradeoff
involved in this operation is that distortion also incresabat now in a smooth and con-
trollable way, following the source encoder distortioterperformance. The result is

a flexible system that sets an efficient tradeoff betweentereird distortion and num-
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ber of users and that clearly outperforms equivalent CDM#teayis where capacity is
increased in the traditional way, by allowing a reductioSINR.

We first consider the design for only real-time sources inupknk of the DS-
CDMA system. This study was divided into two parts, with cles®2 dedicated to a
simple model where all sources are encoded using the sagie-sitate source encoder
and processing gain is constant, and chapter 3 addressingdbt general problem of
optimal resource allocation to resolve interference-ggtied congestion for an arbitrary
set of real-time variable-rate source encoders in a varigiteading factor multimedia
CDMA network.

From the mathematical analysis in chapter 2 we concludedhbaroposed system
is able to significantly increase capacity at the cost of aeraté controlled smooth
degradation of reconstructed source quality. We reachlairoonclusions when we
modified the design to consider a Rayleigh fading channelemMtonsidering that the
calls present in the system change over time, we found tegtrtsposed design can sup-
port much larger offered loads as compared to a traditicmaivalent CDMA system.

In chapter 3 we presented the important conclusion that éisegd problem (allo-
cation of spreading factor, source coding rate and charogthg rate) could be fur-
ther considered as the optimal source-controlled stegistnultiplexing in multimedia
CDMA. In this case, the statistical multiplexer needs tdq@®n resource allocation so
as to assign amquivalent bandwidthwhich depends on target SINR and transmit bit
rate, among calls in such a way that average distortion igmmed. Two solutions were
discussed, one where the transmit bit rate is adapted thitbiegsource encoder rate and
the other where both the transmit rate and the target SINRdapted. We showed that
both solutions are optimal in the sense of minimizing averdigtortion while meeting

the quality goal and the system stability/power amplifieyaainic range limits. We
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also showed that the proposed system is able to extend mpebatyond what has been
normally considered an outage region at the cost of a smaootbase in distortion.

The analogy between the problem under study and statistickiplexing prompts
the design of a system that integrates both real-time aradtdfic. Since our focus is
the statistical multiplexing technique we studied in cleapt the effects that changing
the equivalent bandwidth have on a system carrying rea-taimd data traffic. In this
chapter we studied the sensibility of both the real-time dath traffic subsections to
changes in their assigned total equivalent bandwidth. Véemed that while the data
subsection mean delay is clearly sensible to this chanigeseal-time subsection qual-
ity remains relatively insensible. Finally, we used thesmutts to propose an integrated
congestion relief scheme that temporarily accepts smaikases in real-time distortion
to relieve the congestion in the data subsection.

Finally, in chapter 5 we have presented two algorithms tocalle resources in the
downlink of the CDMA system. The first of the algorithms wasad at being used for
voice calls since only one spreading code is used per catkige the second algorithm
can allocate more than one spreading code per call, it iScaibé to any type of real-
time source that uses a layered and embedded source enEodeéhese solutions we

showed their near-optimality and efficiency in the allogatof resources.

6.2 Future Work

In this thesis we observed that the problem of resource dglprg factor, source coding
rate and channel coding rate) allocation that minimizesamedistortion could be con-
sidered as the optimal source-controlled statistical iplelting in multimedia CDMA.

This is a powerful abstraction for the studied problem andld¢de used as a frame-
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work to solve many problems in this area. Some potentiatéutesearch problems that
can be derived from this thesis involves the design of paitoto efficiently integrate
heterogeneous traffic in the CDMA network and the study dfstteal multiplexing in
networks that feature combined time-division and codésdain multiple access.

An important application of the study in this thesis is the 0$ the proposed de-
signs to extend operation of the CDMA network beyond a defewdjestion operating
point. As noted, this feature increases the CDMA celluldwoek resiliency in a way
analogous to rerouting of traffic in a packet network wherewar goes out of service.
Future work in this area involves considering practical lenpentation issues beyond

the academic study in this thesis.
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