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ABSTRACT
Third-generation (3G) wireless networks, based on a hierarchical cellular structure (HCS), support tiered levels of multimedia
services. These services can be categorized as real-time and delay-sensitive, or non-real-time and delay-insensitive. Each
call carries demand for one or more services in parallel; each with a guaranteed quality of service (QoS). Roaming is handled
by handoff procedures between base stations (BSs) and the mobile subscribers (MSs) within the network. Metrics such as the
probabilities of handoff failure, dropped calls and blocked calls; handoff transition time; and handoff rate are used to evaluate
the handoff schemes, which also directly affect QoS. Previous researchers have proposed a fuzzy logic system (FLS) with
neural encoding of the rule base and probabilistic neural network (PNN) to solve the handoff decision as a pattern recognition
problem in the set of MS signal measurements and mobility amid fading path uncertainties. Both neural approaches evaluate
only voice traffic in a closed, single-layer network of uniform cells. This paper proposes a new topology-preserving, selforganizing neural network (SONN) for both handoff and admission control as part of an overall resource allocation (RA)
problem to support QoS in a three-layer, wideband CDMA HCS with dynamic loading of multimedia services. MS profiles
include simultaneous service requirements, which are mapped to a new set of variables, defined in terms of the network radio

resources (RRs). Simulations of the new SONN-based algorithms under various operating scenarios of MS mobility,
dynamic loading, active set size, and RR bounds, using published traffic models of 3G services, compare their performance
with earlier approaches.

Keywords: Self-organizing neural networks; probabilistic neural networks; pattern recognition; fuzzy logic; topologypreserving maps; adaptive handoff algorithms; nonstationary distributions; hierarchical cellular multimedia networks;
resource allocation

1. INTRODUCTION
A key requirement of third-generation (3G) wireless networks, that rely on quality of service (QoS) criteria to evaluate
performance, is to limit handoff dropping or cell over-capacity probabilities to predefined levels which are robust under
varying load conditions. To meet this requirement, 3G wireless systems have proposed the use of micro- and pico-cellular
architectures in order to provide higher capacity for new multimedia services. The small coverage of micro- and picocells
and the attendant multipath and shadow fading effects mean that handoff events will occur at a much higher rate than in
macro-cellular structures. The need to mitigate frequent handoffs introduces a new factor in the study of network congestion
and admission control. This is due to the frequency with which a mobile subscriber (MS) may change cell location over the
duration of the connection. Consequently, the availability of the network's radio resources (RRs) at the time of connection
setup does not ensure that the resources required to support the call's active services will be available over the duration of the
call. If service requirements for new or handoff calls exceed the total capacity of all access points in a neighborhood of cells,
congestion and subsequent system overload will occur. Several types of proposed multimedia services can be grouped into
two broad classes: real-time or delay-sensitive, such as voice and interactive video, and non-real-time or delay-insensitive,
such as packet data, imaging, text file transfer, and Internet browsing. Each service type must be guaranteed a QoS level that
can be related to received signal strength (RSS), signal-to-interference ratio (SIR), bit-error rate (BER), system latency, and
outage probability on the wireless connections between base stations (BSs) and MSs.

Roaming of MSs among the infrastructure of fixed BSs is handled by handoff procedures between BSs and the MSs
within BS coverage areas. Handoff procedures must support the QoS requirements of a variety of traffic types.
Conventional handoff procedures in which inter-cell connections are not severed are termed "soft" handoffs and are based on
selecting the new BS for the MS call using the input variables of MS velocity, traffic within the current and neighboring
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cells, RSS from the current BS, to determine if the modified RSS is above or below the threshold with a hysteresis value
adjustment to avoid "ping-pong" effects on the BS-to-MS connections. Handoffs of calls among the sectors within a single
BS coverage area are termed "softer" handoffs. "Hard" handoffs are those in which the possibility exists that the call
connection is severed when the MS changes cells. Metrics such as the probability of handoff failure, probability of dropped
calls, call throughput, probability of blocked calls, total response time of the handoff, and handoff rate are used to evaluate
the handoff procedures. The performance of the handoff algorithm can be also judged on its effect on QoS.
Handoff algorithms based on fuzzy logic systems (FLSs) and probabilistic neural networks (PNNs) have been proposed
for voice-only traffic in networks and evaluated in structures consisting of a single layer of uniform cells. This paper
addresses call handoff and admission control as part of an optimal dynamic RR allocation (DRRA) problem that is created in
a wideband CDMA (W-CDMA) network to support guaranteed QoS for several types of multimedia traffic under dynamic

loading. The network has a hierarchical cell structure (HCS) with three layers of macro-, micro- and picocells. Handoff
between layers is based on the QoS requirements, user mobility, and contention for finite resources. A global objective
function, defined as the weighted sum of revenues from active services, costs due to new call blocking and handoff blocking
in all layers of network, and costs associated the used and residual RRs, is optimized subject to the constraints of predefined
QoS requirements and resource limits at the BSs and MSs. The set of input decision variables used in both the FLS and PNN
techniques is expanded and mapped to a new set of variables, defined in terms of the RRs available to the MSs and BSs. A
learning algorithm, based on a new self-organizing neural network (SONN), is proposed as one step in a sequence of adaptive
algorithms for handoff and admission control to support multimedia calls in the HCN. The SONN forms a topologypreserving map from the input manifold of decision variables, whose topology changes under dynamic network conditions, to
the patterns of MS cell membership. Previous results indicate that this new SONN method can rapidly adjust itself to
represent the topology of nonstationary distributions of those input variables. It improves upon the Kohonen self-organizing
feature map (SOFM) which cannot generally form a topology-preserving map from an input manifold whose topology may
change during learning.
Simulations of the SONN-based handoff algorithms reveal its performance under various W-CDMA operating scenarios
of MS mobility, traffic loading, 3G service demand distributions, and size of the BS neighborhoods. Scenarios include intracell "softer" handoffs as well as inter-cell "hard" and "soft" handoffs. The performance metrics include probability of
handoff failure, handoff rates by handoff type, probability of call blocking, and probability of call dropping, and the
probability of QoS loss or service interruption. The decision variables and the constraints on their range of values define the
input manifold underlying the SONN algorithm; these include the set of link quality measurements, mobility and propagation
parameters, as well as the radio link resources available to the participating set of MSs and BSs. Results indicate that SONNbased algorithms can provide handoff performance against some of these metrics with higher utilization of RRs under
nonstationary traffic distributions.

2. FEATURES OF WIDEBAND CDMA NETWORKS
The International Telecommunications Union (ITU) has developed requirements for next-generation mobile communication
networks to provide anywhere, anytime, bandwidth-on-demand multimedia services to users. These services include tollquality voice, variable-rate video, and high-speed data of 144 (384) kilobits per second (kbps) for high- (low-)mobility users
with wide-area (microcell) coverage and up to 2 Megabits per second (Mbps) for stationary and indoor users with picocell

coverage. These ITU requirements are called IMT-2000. Since current systems of cellular and PCS digital services are
considered second-generation (2G) networks, IMT-2000 are termed 3G requirements for mobile cellular networks.

Prominent in the radio interface design of leading IMT-2000 proposals is wideband direct-sequence (DS), code division
multiple access (CDMA), which is based on a coded spread spectrum technique. One leading proposal, W-CDMA, is
promoted jointly by ARIB in Japan and the European Telecommunications Standards Institute (ETSI) in Europe. A
presentation of the W-CDMA radio interface can be found in ETSI references and numerous articles.1'2 An overview of
those W-CDMA features necessary to the algorithm development is provided.

2.1. Overview of W-CDMA
Compared to 2G narrowband CDMA, the W-CDMA radio interface offers significant improvements, in addition to the
support of higher data rates. These include improved coverage and capacity due to higher bandwidths and coherent uplink
detection, inter-frequency handoff necessary for HCSs, and capacity-improving techniques such as adaptive antennas and
multi-user detection (MUD). The radio interface has been tailored to provide mobile multimedia communications. A key
feature is the ability to transport multiple parallel services with different QoS requirements on one wireless connection.
Another important feature is the flexible dual-mode packet access scheme where packet transmission can occur either on
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common channels (CCHs) or on dedicated channels (DCHs), considered as RR elements. The CCII packet access is
typically used for short infrequent packets. In the dedicated physical data channel (DPDCH) packet mode, an initial random
access request is used to set up a DPDCH for packet transmission. The DPDCH can be set up for the transmission of a single
long packet or for transmission of a sequence of packets.

The W-CDMA radio link offers RF bandwidths of 5.0 MHz with higher multiples of 10 and 20 MHz planned in later
extensions. Two modes of operation, frequency—division duplex (FDD) and time-division duplex (TDD), have been
proposed. FDD mode supports wide-area coverage mainly for symmetrical services, while TDD is well suited for
asymmetrical services, such as mobile Internet access.1 Approved aggregate chip rates have been set at 3.840 Mcps, 2 x
3.840 Mcps, and 4 x 3.840 Mcps for either mode. The frame length is 10 ms and the transmit power control (TPC) time slot
is 625 .ts in both modes. The following discussion will focus on the FDD mode.
The frame structure in the FDD mode in the uplink (MS-to-BS) is different from that in the downlink (BS-to-MS). In the
uplink, the DPDCH and the dedicated physical control channel (DPCCH) are I/Q multiplexed. In the downlink, data and
control channels are time multiplexed. For example, in handoff measurements, the super frame length is defined as 720 ms =
6x120 ms, an integer multiple of the corresponding GSM super frame length for backward compatibility.
A logical channel is a channel defined by the type of information transferred. The logical channel structure of W-CDMA
basically follows the ITU-R Recommendation M.1035. The logical channel types are

.
.

Control channels (CCH) including the logical broadcast CCII (L-BCCH), logical paging channel (L-PCH), logical
forward access channel (L-FACH), logical random access channel (L-RACH), and dedicated CCH (DCCH);

Traffic channels (TCH) including the dedicated traffic channel (DTCH) and user packet traffic channel (UPCH).

The physical layer offers information transfer services to the medium access controller (MAC) and higher layers of the
protocol stack. The physical layer transport services describe how and with what characteristics data are transferred over the
radio interface, termed the transport channel. Transport channels are classified into two groups:
S

Common channels including broadcast CCH (BCCH), paging channel (PCH), forward access channel (FACH), and

random access channel (RACH);
S

Dedicated channel (DCH).

In the FDD component, a physical channel is defined by code and frequency, and in the uplink, by the relative phase (IIQ) for
the perch channel, common physical channels, and dedicated physical channels.

W-CDMA employs long spreading codes.1 In the uplinks and downlinks, use is made of variable-length orthogonal
sequences as channelization codes. In the uplink, W-CDMA employs time-multiplexed pilot symbols for coherent detection.
Since the pilot symbols are user-dedicated, they can be used for channel estimation with adaptive antennas as well.
The FDD mode applies a two-layer code structure consisting of spreading codes and scrambling (long) codes. The JJQ
multiplexed DPDCH and DPCCH in the uplink are quadrature phase-shift keyed (QPSK) modulated. Each channel is
scrambled with a specific code CD for DPDCH and Cc for DPCCH, and then scrambled with a MS-specific code Csc, to
distinguish between different MSs. Each DPDCH is assigned its own channelization code. In the downlink, multiple codes
are transmitted with possibly different spreading factors for the different DPCHs depending on the service. Data modulation

on the downlink is also QPSK. Spreading is performed by channelization codes Ch for each DPCH and a cell-specific
scrambling code Cscr to distinguish different cells. Each additional downlink DPCH in the case of multicode transmission is
modulated in the same way. W-CDMA uses Orthogonal Variable Spreading Factor (OVSF) codes in the downlink. The
OVSF codes are generated from sets of orthogonal codes using a tree structure and used to preserve mutual transmission
orthogonality between different rates and spreading factors in both uplink and downlink. The spreading factors can vary
between 4 and 256 in FDD mode. Spreading factor can be viewed as another element in the set of RRs. Scrambling is
carried out after the spreading. In the downlink, the scrambling code is a cell-specific 10-ms segment of a Gold code of
length 218

i.

The physical channel bit rate varies in the range 32-2,048 kbps as required by the service type.

Other features include fast closed-loop power control, which is used for all DCHs in both uplink and downlink to combat
fast fading channels and interference fluctuations. Dedicated pilot symbols for channel estimation and coherent detection are
adopted as the transmission method on links. This scheme benefits fast closed-loop TPC in the downlink. On DPDCHs,
closed-loop TPC can be used. The basic TPC rate is 1600 Hz. The power control step can be varied adaptively as 1 dB, 0.5
dB, or 0.25 dB according to the propagation environment. The power control step is considered to be another RR element.
An outer control loop is also used to regulate the signal-to-interference ratio (SIR) target, based on required link quality.
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It is also possible to apply a common pilot scheme, where pilot symbols of common CCHs are used by each traffic
channel. However, the dedicated pilot scheme greatly facilitates the adoption of adaptive antennas. Dedicated pilot symbols
are provided with each user signal, and thus are in the same antenna beam as user data.

The Radio Link Control (RLC) and MAC protocols are responsible for efficiently transferring user content of both realtime and non-real-time services. The transfer of non-real-time data includes the possibility of an optimized low-level
automatic repeat request (ARQ) protocol at the RLC layer, offering higher protocol layers reliable data transfer. The MAC
layer controls the multiplexing of data streams originating from different sources within one user' s set of subscribed services.
It is assumed here that the traffic or service characteristics and QoS needs of voice connections are known a priori to the BS,
and, therefore, are usually implicit in any connection request. In 3G networks, however, the BS may not know a priori the

multimedia traffic characteristics and QoS needs of a connection. Therefore, the MS must explicitly specify its traffic
characteristics and QoS needs as part of the connection request. The Radio Resource Manager (RRM) in the radio network
controller (RNC), which allocates available resources to the BS, must determine whether this BS or another BS neighboring
the MS can meet the needs of the request, and establish a connection, if possible.

Different forward error correction (FEC) coding schemes are used depending on the bit error rate (BER), equivalently,
SIR or EfI0, and delay requirements of different services. Convolutional codes of rate /3 and and constraint length 9 are
applied for services with BER requirements on the order cf iO, such as digitized voice. For services with higher BER
requirements of the order 106 and less stringent delay requirements, such as packet data, convolutional encoding with outer
Reed-Solomon coding, with coding rate of about 4/5, plus outer interleaving is used. For each service, coding and
interleaving is applied; the resulting data stream is rate-matched and multiplexed on the carrier.

2.2. Admission Control, Handoff and Macro-diversity
When a MS moves from one cell to another, the RRs in the new cell must continue the QoS for the services still active inthe
call. A significant part of this responsibility involves allocating sufficient resources in the cell to maintain QoS requirements
of the established connection(s). If sufficient resources are not allocated, the QoS may not be met, which in turn may lead to
loss of the connection, i.e., handoff failure and subsequent call dropping. Since the premature termination of established
connections has a more negative impact on perceived QoS than new call blocking, it is common practice in system planning

to give higher priority to the handoff connection requests than to the connection requests of new arrivals. An order-ofmagnitude bias toward handoff connections over new call requests has typically been used.

The basic concept of admission control strategies is to reserve resources a priori in each cell to deal with handoff
requests. In conventional single-service networks, where the traffic and QoS needs of all connections are uniform, the
reservation of resources typically occurs in the form of "guard channels," that is, a newly arrived connection request is
established if and only if the total available channels or, some other superset of available resources, is greater than a
predetermined threshold.3 One simple strategy is to allocate a fixed percentage or reserve of the BS's resource capacity for
handoff connections. If this percentage is sufficiently high, adequate capacity will likely be available to maintain the QoS of
handoff connections, but at the expense of rejecting new connections. The advantage of the fixed reservation strategy is that
no control information need be exchanged between BSs or higher control elements in the network. A more complex, but
superior strategy, is for each BS to dynamically adapt the RRs reserved for handoff requests based on current connections in
the neighboring cells. This enables the BS to reserve approximately the resources needed for handoff requests and thereby
accept more new connection requests as compared to a fixed reservation scheme. Additional complexity arises in W-CDMA,
since the service types active in each call, new or handoff, require different RR levels to maintain distinct QoS needs.

The active set is defined as the set of BSs to which an MS is currently connected based upon the RSS or, equivalently,
path loss measurements on the pilot channels in the downlinks from the BSs. During the cell search process in W-CDMA,

the MS searches for the BSs to which it has the lowest path loss. The initial cell search is conducted in three steps:
slot/symbol synchronization, frame synchronization and code-group identification, and scrambling -code identification. With
the spreading and scrambling codes designated, the RSS measurements of the perch channels in the neighboring cells/sectors
can be performed by reading the content of the broadcast CCH (BCCH).3

The two main parameters in a soft handoff algorithm are the handoff margin (hm) and the maximum active set size (AS).
A soft handoff algorithm makes decisions based on some quality measure, e.g. , path loss or uplink carrier-to-interference
ratio (C/I). Then, the active set includes the BS with highest value of the quality measure, and all other BSs that are within
the handoff margin. The handoff margin is defined relative to the best BS. The parameters, hm and AS, can be used to
control the fraction of MSs in soft handoff in the system, i.e., the system handoff rate. In a W-CDMA deployment, with
adaptive antenna control and sectored cells, a special kind of soft handoff or intra-cell soft handoff, called softer handoff, can
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be used. In softer handoff, the MS can be connected to more than one sector within the same cell. In the case of hard
handoff. the connection on the same frequency is severed and moves to a new one.

The effects of macro-diversity are strongly related to the fast TPC feature. For low user mobility, fast TPC is able to
follow the fast fading on the channel, ensures a high-quality connection, and eliminates the near-far problem in the uplink.
However, accurate tracking of fast-fading effects increases inter-cell interference during deep fades. This negative effect can

he improved with macro-diversity. The fading conditions between one MS and different BSs in the active set are
independent. Thus, macro-diversity can overcome the fast fades and thus avoid the deep fades that fast TPC would normally
track. These effects are examined in simulations later in the discussion.

Macro-diversity combining techniques differ in the uplink and downlink. In the downlink, maximum-ratio combining is

performed in the MS's RAKE receiver. In the uplink, selection combining is performed in the RNC, when the MS is
connected to different sites for soft handoff. The transmitted signal in the uplink is then received and decoded in all
connected BSs and the data sent to the RNC. A softer handoff allows for more advanced uplink diversity combining, since
the transmitted signals can he combined in the BSs in the cell and the combined data sent to the RNC. A gain factor is
associated with these combining techniques.

W-CDMA supports intra-frequency handoff, inter-frequency handoff between cell layers in a HCN, and inter-system
handoff between networks. For intra-frequency handoff, dedicated circuit-switched channels use soft handoff, DPDCH
packet channels can use soft or hard handoff, and the CCHs use hard handoff. In the case of inter-frequency handoff, hard
handoff is applied, where the RSS measurements on other BS frequencies are performed in slotted-mode downlink
transmission or with a dual receiver. Inter-system handoff between W-CDMA and GSM is a hard handoff procedure.

2.3. Hierarchical CelJ Networks and Multimedia Services

W-CDMA networks must support a wide range of bearer services from voice and low-rate data to high-rate services.
Provision of these services depends directly on cell size and user mobility. These factors, along with consideration of
variable traffic densities, have led to a proposed three-tier overlay of macro-, micro- and picocells. Macrocells can cover
large geographical areas, where subscriber densities may he low, and handle fast-moving mobiles. Micro- and picocells serve
locations where MS densities arc higher. For example, a microcell may serve a single street. A picocell may serve a single
building or a single floor of a skyscraper. Such a multi-layer system is shown in Figure 1. Services requiring user rates up to
144 kbps in high- to medium-speed vehicular environments are initially connected to a macrocell BS. Services requiring user
rates between 144 and 384 khps in low-mobility to pedestrian, or outdoor-to-indoor environments are initially connected to a
microcell BS. while services that require above 384 kbps to 2,()48 kbps in indoor and stationary environments can be initially
connected to a BS in a picocell. Handoffs and admission of new calls to the HCN depends on three factors: availability of
RRs in the active set of cells tn the intended cell layer to meet the QoS needs of the call, the match between the layerand the
caller's mobility, and interference induced in the cell by acceptance of the connection request. It is assumed that cells, not

sectors, in all three layers of the HCN have the same types of RRs, but may not be able to accommodate all service
connection requests due to power limitations and incompatibilities between required user rates and mobility.

Figure 1. Hierarchical cell structures
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To prevent the layers from interfering with each other, the frequencies are regionally separated between layers. Certain
cells can he identified as 'preferred" for some services, cc., high-rate data, so the system can verily if a preferred cell is
available, and, if so, connects the user to that celL This function allows phones to he programmed to treat all micro- and
picocells as preferred. so that traffic is largely kept at these levels, freeing up wireless capacity in the macrocells. When
traffic increases, adaptive RRA makes it is easy to put up a new site where needed. In short-term load sharing, a nearby
sector will take on overflow traffic from a fully loaded sector. HCNs can handle non-homogeneous traffic. When reducing
cell size to cxpand capacity, cells will become very small and frequent handoffs create a heavy load in the access network.
The RNC chooses the best cell for the MS not only based on RSS or other signaling factors, but also based on available RR
reserves and service requirements. In this way, coverage is in the macro-layer, and capacity is in the micro-layer. HCNs
should not force handoffs between sectors or layers. It must be possible to be connected to a cell without disturbing the rest
of the system, even though another cell may offer better RSS or C/I. However, handoffs should he performed when deemed
appropriate. e.g., when the MS starts to move faster or the service demands of the call change during the connection.

Inter-frequency measurements are very useful for the HCN as shown in Figure 2. During a call, the MS measures the
RSSs from neighboring cells and reports the results to the system. Using the RSS measurements, along with other relevant
information, e.g., MS speed, location, and other user-specific service information, the system decides when to handoti the
MS to another cell. The measurements are evaluated to find good candidates for handoff. The system then chooses the best
cell for the MS. Before the handoff is executed, the target cell verifies the measurement values obtained from the MS.
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Figure 2. Mobile assisted handoff

3. QUALITY OF SERVICE FOR WIRELESS MULTIMEDIA SERVICES
30 multimedia services can he classified broadly as either real-time or non-real-time. Real-time services can be variable-rate,
such as. the 8 kbps and 13 khps voice codecs or interactive video in which excessive delay or delay variation noticeably
degrades service. In real-time modes. a large amount of digitized information is transmitted over a relatively long duration,.

Non-real-time packet services, such as file transfers. Internet accesses, c-mail and other delay insensitive services are
transmitted by Internet protocol (IP) networks as high-rate bursts, characterized as on-off processes. For packet data services,

transmission stops at the end of the data burst, since no information is generated during the unpredictable off intervals.
Transmission of real-time services is continuously maintained during the call. Packet data services are provided to users with
demand for high transmission rates, hut short service times. Certain non-real-time packet data services differ in their
tolerance of delay variation as opposed to fixed transfer delay. For example. many web pages already include real-time video
and audio clips. Service providers are beginning to offer Internet access to full MPEG-coded films, documentaries and news
programs. In these applications, overall delay is not as important as delay variation in order to avoid jerky pictures. Table I
summarizes the delay requirements of various services.

3.1. Service Classes
Three classes of services, similar to those studied in . are accommodated in the network model. Both constant hit rate (CBR)
and variable hit rate (VBR) services are assumed in each class.

Class I services encompass highly delay-sensitive, real-time connections with very low delay-tolerance, such as voice and
interactive video and video conferencing. . Class 1 typically receives the highest service priority over other classes.
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Service

Requirements
Delay

Delay Variation

File Transfer

Insensitive

Insensitive

Web Browjpg

Insensitive

Insensitive

E-mail

Insensitive

Insensitive

Very low

Very low

Low

Low

Insensitive

Low

Voice over IP
Video telecom over IP
Real-time Video

-

Table 1. Delay-related requirements for typical packet data services

S

.

Class 2 services include non-real-time, delay-sensitive, connection-oriented services with limited delay requirements
such as remote login, file transfer protocol (FTP), and similar applications associated with the transport control protocol
(TCP). This class typically receives lower priority than Class 1.
Class 3 services are message-oriented and delay-tolerant. Typical services are paging, e-mail, voice mail, facsimile, and
data file transfer. They can be packet- or circuit-switched. Class 3 services can be conveyed at the earliest possible time.

3.2. Quality of Service and Radio Resources
Class-based QoS measures are incorporated in the model. BER, delay limit or bounds, call dropping for handoffs, and
blocking for arriving calls are among the QoS measures selected to make the model representative of actual system operation.

Bit Error Rate. BER is a major indicator of the QoS and is related to the average signal-to-interference ratio (SIR) per
received bit, or EfI0. The relationship between BER and E,fI0 is one-to-one and is determined by the RRs of channel coding,
modulation, receiver sensitivity, processing gain, macro-diversity, and transmit output power in the network's terminals as
well as by channel fading statistics and interference in the mobile environment. BER can be directly related to the RRs of
downlink transmit power from the BSs of the active set to the MS, and uplink transmit powers from the MSs to a target BS.
Respectively, these power outputs also cause mutual interference in the downlink and uplink. Another RR that is a factor of
BER is the processing gain from the use of variable spreading codes or, equivalently, the number of transport channels to
provide increased effective bandwidth. Another RR is FEC coding gain. At a BER of iO in an additive noise environment,
the rate coding provides about 4 dB of coding gain. Puncturing the rate code to produce a rate 3/4 code reduces the coding

gain to about 2.5 dB. Coding gain enables the transmitter to reduce power and achieve the same error rate. Selection of
adaptive antenna beamforming, or cell sectorization, within a cell can simultaneously increase the gain factors of BER and
reduce the co-channel interference. If the population of users is assumed uniformly distributed in the cell, antenna
sectorization reduces interference and increases capacity by the antenna gain factor, GA. For a 3-sector cell, this gain is less
than 3. If the implementation loss from the ideal gain is assumed to be 1 dB, GA =2.4. The use of voice activity monitoring
(VAM) increases the utilization of RRs based on the activity factor in speech. In the idle periods of speech for one
connection, the RRs can be reallocated to provide service to other connection requests. This reduces the average signal power
of all users from a uniform population and ensures, based on the weak law of large numbers, that the interference is nearly
average most of the time. This factor is denoted as the voice activity gain, G, which by measurement studies of two-way
conversations, has been established as G. = 2.5 for 40% voice activity in a period.

Delay Limits. Class 2 and Class 3 services can be queued during periods of deep fading, high interference, handoff
blocking, or other channel degradation, to allow allocation of more RRs to higher-priority services. Delay and delay
variation are caused by the number of handoffs that occur over the call's duration in the network, by handoff failures, and by

queueing delays in the case of retransmitted packets for packet data services. The queueing delay at the mobile can be
controlled to not exceed a target delay limit (DL) for each MS. Other types of delay in the network are assumed relatively
small or allocated to other network mechanisms. Outages, due to handoff dropping, can lead to premature call termination
and are worse than new call blocking. DL is denoted either by a maximum tolerable delay, A for user j,or by the average

allowable delay, A.
Call Dropping and Blocking. The delays and outages at the network level are due to handoff decisions in the presence of

dynamic loading by new and existing connection requests for the finite RRs at the cells. Moreover, in micro- and
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picocellular layers, frequent handoffs may greatly increase the signaling load on the switch processors to negotiate the same
QoS on the new connection path. Under these conditions, if queueing of non-real-time traffic does not work due to queue
overloads and excessive delays, one or more active services may have to be dropped to release more system resources for
higher-priority users in the network or for new calls to the network. The call processor will quickly become the network
bottleneck, resulting in longer handoff times and possible handoff dropping. In the model, a handoff attempt may also be

dropped or blocked from another cell or cell layer if there are no feasible RR allocations to service the call in the new
location. Calls arriving to the network are blocked from entry for the same reasons.

The interaction of multimedia traffic demands, MS mobility, interference, handoffs, new arrivals, and finite radio
resources on QoS measures must be examined before proceeding to neural approaches to handoff algorithms.

3.3. Network Model
The HCN model consists of up to Nmax users and M BSs in cell layer i , with i=O for the macrocellular layer, i=1 for the
microcellular, and i=2 for the picocellular. For simplicity, it is assumed that each location in the network covered by the
three cell layers, that is, each larger-cell structure is an umbrella layer for the next smaller cell structure. It is thus assumed
that M0< M1 < M2. No pre-specified cell boundaries are given due to the adaptive nature of transmit power control in the
network. The active set size, AS, is assumed to be the same in each cell layer. Hard handoffs between cells in different HCN
layers are assumed.
A mobile userj is represented by the MS profile at time n in the form of the vector:

X(n)=[RSS1(n)

RSSJAS(n)ef(n);vf(n);pJ(n);pJl(n) p5()}T ,

where

at time n, RSS1(n) is the measured

received signal strength from the BS i of the active set at MS j (for inactive or non-monitored BS i, RSS1,(n)=O); £ (n) is the
approximate location of MS j as measured by the positioning technique in the system; v (n) is the speed of MS jdetermined
as the scalar of the velocity vector; p3 (n) is the output power of MS I;and p = {p (n)
()}T with
(n) is the rate or
other QoS measure of service s to which MS j has subscribed, out of S possible simultaneous services in the network, with
inactive service or service completion is denoted by p1 (n) = 0 . Data rate information and, for that matter, all information
about the incoming call, whether new arrival or handoff, must be provided at the receivers through the separate CCHs on the
uplink.

Due to the scope of this paper, a synchronous W-CDMA model is considered. The chip rate is fixed at 3.084 Mcps and
the total bandwidth W used by all users in a cell is 5 MHz. Information is collected from each source of digitized traffic in
the form of fixed-length packets and transmitted in synchron:ized time slots of frames with a fixed period of T. The number
of information symbols in each packet is determined by the data rate, or equivalently, number of transport channels, allocated
to MS j times the packet time duration, r1T. For example, if T = 10 ms, the number of symbols per packet will be 1280 and
80 for allocated rates 128 kilosymbols per second (ksps) and 8 ksps, respectively. These packets can be configured through
rate adaptation such that the symbol duration aligns with the optimum allocated rate. In this way, the existing traffic sources
can be assumed to be multiplexed without compatibility problems. In this slotted system, it is necessary for all time-varying
values to be assumed constant during a frame or TPC time slot. Thus, the MS speeds must be limited, so that the coherence
time of the channel remains well over T.

3.4. Radio Resources for Multimedia Services
In W-CDMA, a number of options are available to integrate the S multimedia services: (1) trade off processing gain for an
increased information rate in the same spread bandwidth and (2) pair up basic data channels until the required information
rate is obtained. The phrase "basic channel" refers to the CBR transmission with the highest processing gain. The RRM in
the RNC fully controls the choice of appropriate coding scheme, interleaving parameters, and rate-matching parameters.
The MAC must support a mixture of services. The MAC protocol controls the data stream delivered to the physical layer

over the transport channels. If the MS's call carries data of different services, e.g., a real-time service and packet data
service, it is assigned two sets of transport formats, one for the real-time service and one for the packet service. As for a
single service, the MS may use any transport format assigned for real-time services, whereas it may only use the transport
formats for the non-real-time data service. The MS is assigned a specific output power/rate threshold. The aggregate output
power/rate will never exceed the threshold. Thus, the transport formats used for data service fluctuate adaptively to the used
transport formats of the speech service.5 One proposed handoff approach dynamically adapts the amount of the RRs based
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= [Pim ' • • • ' PN, ,max ' ' based on terminal design and are assumed uniform in all layers of the
levels, given by the vector
HCN, while the maximum transmit powers Pmax,j of the BSs vary with the cell layers: the macrocellular Pmax,O 5 about 7-10
dB higher than Pmax,i fl the microcells, which, in turn, is approximately 7-10 dB higher than the Pmax,2 lfl the picocells. The
minimum powers are set to zero for all MSs and BSs in the network. The latter assumption is necessary to represent nonreal-time services, since these services may experience delays at some times without transmission. Delays due to power
amplifier transients in transmitters, an output power of zero for a real-time service is equivalent to dropping the call. It shall
be shown in the following discussion that the constraints on the user rates do not allow zero power for real-time services.
3.6. Optimal Radio Resource Allocation

The RRA algorithm in the model updates power, service rate assignments, BS assignments and all other resource
parameters at all cell layers of the network at the beginning of each time slot or frame. This problem has been formulated as
an optimization problem from the global viewpoint of the network service provider. From this perspective, overall network
efficiency is tied to the reduction of costs and increase in revenues from the operation of multimedia services. The objective
function to be maximized, therefore, consists of terms that represent sources of revenue as well as the costs of the resources
used in providing the services and the penalties for lost performance. Representations for these terms are provided in the
following. Proposed solution methods include nonlinear programming techniques as well as fuzzy logic and neural networks
applied to the recognition of optimal patterns found in the vectors of MS profiles.
Revenue. The revenue is proportional to a weighted sum of the data rates for each service type; the weights depend on the

QoS provided for each service by the network. The network revenue from each user is directly proportional to the
transmission rates or other QoS measures required by the services the MS is provided. Lower BER services use more radio
resources, e.g. , power, channels or time slots, and are consequently more expensive. On the other hand, services with higher

delay limits are less expensive, since they allow the RNC to span the service times and to allocate unused or reserved
resources more efficiently.

Relative QoS considerations can be modeled by appropriate weighting factors. The parameter y provides one weighting
factor for the BER requirement. The weighting factor for delay tolerance can be expressed as an exponential function, shaped
by three parameters, 8 , ö, and 8 as the function [6 + 2 exp(—rrj 1' )] and varies from (S +82 ) for Class 1 services to 8
for Class 3 services, where zrj is the residual delay bound, defined as the difference between the delay limit and the total

accumulated queueing delay plus service time, for file transfer applications.8 Hence, assuming that they require the same
transmission rate and BER, a real-time service is more expensive than a delay-insensitive service by a factor of (6 +82 ) I 8.
The rate of change in revenue is controlled by 8. For small values of 6, the revenue from delay-insensitive services drops
faster. Thus, total revenue based on BER and delay requirements of QoS for single-service calls in cell layer i is
Revenue =

r1 where

= + 62 exp(—rrj 1 63 )Ir .

(6)

Costs and Penalties. Costs related to the RR usage can be represented with the parameters given in the network model.
Two major QoS-related costs are due to handoffs between cells/sectors within a layer and between cells of different layers,
new call blocking, and call dropping. A new call arrival or handoff is associated with additional signaling to establish a new
connection and transfer the MS profile vector to the database of the call connection manager (CCM) of the network. To
assign a cost due to the overhead of this signaling, the terms Lhj and Ahlk are defined as the cost per handoff within cell layer

i and the cost per handoff between cells of layers i and k, respectively, for i, k = 0,1,2. The number of handoffs h andhk at
time n within cell layer i and between cell layers i and k, are given by

h (n) = L fh,i,j (n) and hk (n) =

fh,Ik,J (n),

(7)

respectively, where
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b
where hintraiayer, max' hinteriayer, max' dmax, and bmax are the

(16)

upper limits on the number of intra-layer handoffs, interlayer handoffs,

dropped calls, and blocked new calls, respectively.

The single-layer, single-cell problem in is reformulated through further analysis into an equivalent linear programming
problem can be derived for the above optimization problem. With these modeling assumptions, a global optimal solution is
determined for single-layer, single-cell networks. Some of the assumptions for the problem in , such as unlimited CDMA
codes and time-varying but deterministic service demands and path loss characteristics, do reflect the actual HCN operating

environments. Moreover, the model neglects the complexities of the mutual interference on the uplinks and downlinks
caused directly by RRA decisions, user mobility in fast fading environments, and dynamic service demands. Understanding
the mechanisms of interference is key to evaluating the capacity and throughput of any CDMA system.

3.7. Models of Interference
Interference in the downlink and in the uplink obeys different mechanisms. In the downlink the interference comes from a
few sources, i.e. , the BSs, while the interfering power is relatively high. As the interference experienced by a MS depends on
its path loss to all BSs in the network, all users receive different interference levels depending on their locations. Due to the
downlink CCH transmissions, the interference is high even if the cell loading is low.
The case of equal-strength power control is considered. Instantaneous SIR, related to EfI0 is calculated by dividing the
received signal by the interference, and multiplying by the processing gain and other gains due to macro-diversity and FEC
coding in the system. In the uplink a signal propagates from an MS to a BS via F1 equal-strength Rayleigh faded paths, based
on an F2-finger RAKE receiver. It is assumed that the BSs neighboring the MS combine these received signals from the MS

coherently using maximal ratio combining. Paths not captured by the RAKE processing contribute to the other-user
interference. An MUD process implemented in the designated BS receiver is able to mitigate the interference from users
other than the intended MS. The canceled signal energy is multiplied by (1-fl), where /3 is the MUD efficiency and given as
a network implementation parameter. Then (1) can be rewritten for the uplink SIR:

SIRUL =

gJkPf
(1 —. /3)'intra

+ 'inter-ext

(17)
7o

where thermal noise 7o will be assumed small compared to the other terms and neglected, since the system is interference-

limited; external interference 'jflterext consists of interference from other cells in the same layer as well as from cells in other
layers of the HCN (inter-layer); and 'ina again consists of interference within the same cell. Inter-layer interference is
multiplied by the adjacent channel attenuation factor 5. Thus, 1inter-ext 5 given by
'inter-ext = 'inter-cell

( 1 8)

'inter-layer

In the downlink, signals from each BS to the MS are seen to propagate along four independent equal-strength Rayleigh
faded paths. Since macro-diversity is operating on the link, the MS receives all the paths from the BSs transmitting to it.
However, even if orthogonal codes are used, the downlink signals will not be perfectly orthogonal due to multipath
. 10
.
.
.
.
The orthogonality factor 0 is defined as the fraction of total received power that will be cause intra-cell
propagation
.

interference and is calculated as 0 —

-- ---

10

. The downlink interference 'down 5 calculated as 'down

'inter

0 'intra where

1o )

the interference generated from the neighboring BSs and 'jfla 5 the interference from the BS to which the MS is
connected. The factor 0 is 0 for perfect orthogonality and 1 for non-orthogonality; it is a simulation parameter. It depends on
the radio channel model, i.e. , number of multipath rays assumed in the model and has been evaluated.8 For example, in a
microcell pedestrian environment for a 3-ray channel, q5 = 0.06 and for a 10-ray model, 0= 0.44. Then (1) can be rewritten
for the downlink SIR:
'inter

SIRDL =

g jk

,

(19)

(1 O)°tintra + 'inter-ext +11

where the 'inter-ext is given in (18).
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Similar expressions for the terms in (17), (18) and (19) are derived in
macrocells.

for the case of fast TPC in the microcells and

4. NEURAL PATTERN RECOGNITION APPROACHES TO HANDOFF
Both recent approaches to the handoff in cellular networks, view the problem of as an optimal pattern recognition problem,
the solution of which is dynamic based on MS mobility and nonstationary path loss statistics.

Mamdani's fuzzy logic system (FLS) has been applied to develop FL handoff rules, where if the majority of input
decision variables to the handoff algorithm suggest encouraging a handoff, the threshold hm is increased and hysteresis is
decreased.12 Conversely, if the majority of the input variables suggest discouraging a handoff, the hm is decreased and
hysteresis is increased. The extent to which the hm and hysteresis are changed depends on how many variables agree on a
particular direction of threshold and hysteresis change. Modifications to the FL approach employ multilayer perceptron
(MLP) techniques and radial basis function (RBF) methods to neurally encode the fuzzy rule base to reduce the storage
requirements of the algorithms. This research has been further modified the FLS-based handoff algorithms with adaptive
direction biased and a pre-selection index of weighted link measurements from neighboring BSs to determine the best
candidate BS for handoff.13 The cellular structure is single-layer with one service provided. Performance of generic FLSbased algorithms have been compared with conventional handoff rules with hysteresis and reported to show improvements
against the metrics of cumulative distribution function (CDF) of RSS, CDF of SIR, CDF of traffic, average number of
handoffs, and cross-over distance, i.e., the distance of the MS from the BS where the probability of a change in MS-to-BS
connection is a fixed value.
Another neural approach to handoff algorithms is based on the recognition of patterns in the RSS alone.14 The algorithm
uses the constancy of the large-scale signal variation with respect to the BS to improve handoff performance in comparison

with the conventional handoff rules, with hysteresis. A PNN is used as the pattern classifier. A set of training patterns
consists of averaged signal power samples from neighboring BSs within adjacent spatial windows. A probability of failure
based on RSS is defined and determines the candidate serving BS for each training class. A handoff is performed if a nearby
training class in the sequence of classes requires a handoff. Simulation results indicate that, for a fixed probability of failure,
the PNN-based handoff algorithm results in considerably fewer handoffs compared with conventional rules.

Neither approach considers call arrivals along with handoff. Their network modeling assumptions consider only one
service type, voice, and contain only a small number, less than 6, of BSs. The models are consequently not representative of
actual features of wireless multimedia networks. For example, while the models consider the fluctuations in RSS along radio
links between BSs and MSs due to multipath fades and shadowing effects, they do not account for the impacts of the RAKE
receiver and power control techniques used to mitigate those signal fluctuations in the uplinks and downlinks.

5. SELF-ORGANIZING NEURAL NETWORK FOR HANDOFF AND ADMISSION CONTROL
The impact of the adaptive RR elements of the network model on interference and the dependency of the handoffs and new
call assignments on network interference in Section 3 suggest representing their effect on handoff and arrivals as a composite
.

.

.

.

M

M

M

012

mapping,kI=.F,onanRxMdimensionallattice,R: 4:R=(Ax VxR xP) —÷1 ;JT:I —a={a:a=(a ,a ,a);
a = (a
a ) ; a cell assignment of thej'th MS in cell layer i}, where M = M0+M1+M2 is the total number of cells in all
layers of the network, A is the set of antenna sector values in a cell { l=omni, 3=1200 sectors, 6= 1200 sectors } ; V is the set

of VAM states {O=off, l=on} with assumed activity factor a=O.4; R is the set of values that determine chip rates and
processing gain: spreading factors (4 — 256), transport channels ( 1 — 8), and coding rates ( 1 , 2, 4, 8, 1 3, 32 kbps); P is the set
of power and gain values that affect SIR due power control of the MSs (0 — 25 dB, in 0.25 dB steps), macro-diversity gain
(AS), and MUD effectiveness factor (fi), ACI attenuation factor (, and orthogonality factor (0); and I is the interval on the
real line bounding interference levels, while Nj is the total number of MSs in cell layer i. The composite mapping relates the
RRA to cell assignments of new and handoff calls, through the interference that the assignment generates in the cells.

The concept of the cells and associated RRs in each layer of the HCN "competing" to satisfy the service requirements of
each MS profile vector X1(n) in time slot n suggests application of the SOFM approach to the problem of cell membership in
handoff and admission control procedures. The approach modifies Kohonen's SOFM to solve a discrete-space optimization
problem of organizing the service demands in MS profile vectors into a pattern of cell assignment among the lattice of RRs.15
Development of a static RRA (SRRA) and extensions to DRRA problems are discussed in a previous work.16 All feasible
= RM and R is the available
solutions to the RRA problem lie at the vertices of an - dimensional hypercube, where
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number of RR. Note that
is the dimension of 9, the domain of P. The image of the vertices also intersects the constraint
hyperplane defined by (9) — (16) on RRs, handoffs and call blocking and (17) — (19) on uplink and downlink interference.
Since each entry p1, of the service vector of each MS can be assumed integer-valued for all i and j, the image of the RR
constraints set can be shown to form an integral polytope. Consider the neurons on this hypercube, defined as
Ii, if cell j in cell layer i is assigned RR vector r,

Xir=
3,

E_o, otherwise,

forj = 1, • • • , N; and r E A x Vx B x P. Let X denote the

- dimensional array of these variables. Normalizing the range of
values for each RR and the interference bounds to the interval [0,1], the set of RRs and its F-image in the interference range
are each contained in unit hypercubes. A vertex is approached continuously from within the unit hypercube, starting from a
point on the constraint hyperplane and inside the hypercube. This represents a feasible, non-integer solution to the RRA
problem. The continuous variable approach in the interior of the hypercube is denoted by
so that, for a quality metric Q,
Q(W) = Q(X) at the vertices. The value Wr,,j represents the probability that the variable in position (r, i, j)of the array X is
activated. The vector r is integer-valued, an index into the lattice of allowable RRAs. Kohonen's self-organization is applied
to the array of synaptic weights, W. This modification permits the SOFM to solve discrete-space optimization problems.
The structure of the discrete-space SOFM consists of an input layer of N nodes, and an R x N-dimensional array of output
nodes. The output nodes correspond to the solution array of discrete-valued RRAs, while the input layer represents the N BS
coverage areas in the W-CDMA network. The weight connecting input node j to node r of the output array of nodes is given

by w1. A cell in which an assignment of r is required is presented to the network through the input layer at node j.
Physically, an incoming call or handoff is presented to the network at BS j. The nodes of the output layer compete with each

other to determine which subarrray of the solution array to meet the QoS requirements of the input with minimal impact on
the cost potential. The synaptic weights are then adapted to indicate the RRA decision using the neighborhood topology.
Consider the case where RRAp is required at BS i' due to assignment of MS profile X. An input array x is presented to
the network with a "1" in position (i*, J) and 0 elsewhere. For each node p = (P p, , PR) of the outer layer, the value Vr,
the cost to the objective function of RRA r to BS i, is computed. The cost potential
of node r for a given input array x
(x = 0, Vi i*, x = 1) is defined by
Vr:*j
where

(20)

L *,J,j,(Ilp(r)_p (s)II+1) Wjj
1=1

SE9I

interference caused by the RR assignment for MS j is represented by proximity indicator or weight Pi,k,d÷1 where

d = P(r) — 'P(s) is the distance or "cost" difference in cell-assignment space between the images of RRAs r and s. If
'-P(r) = 'F(s) , then the associated cost would be at a maximum, with cost decreasing until the two cell and RR assignments

are sufficiently separated, so that the resulting interference and contention for resources are each below design threshold
values. The array P is defined as
t:i

_— max Ii- i-Dk,i,j,d—1\), U_I_1
— I,

I—k,i,j,d+1

V
, I1

1., —D

k,i,j, 1 — c11,

,,

'—'1

z

.,

1. D

— k, j, I

_A '—/1

,., j.

(21)

The dominant node, m0, of the outer layer is the node with minimum cost potential Vr,, for a particular input vector. In

terminology, Vm01*j V,,tj for all nodes r and fixed i. The neighborhood of the dominant node m0, is the set of nodes m1, m2,
.. . ,

ordered according to Vm0,* Vm1,i* Vm2,i* • Vrn*j*, where i is the size of the neighborhood in the SONN for
BS i'. Dominant nodes and their neighborhoods are thus determined by competition according to the objective function (8),
and the weights are modified according to Kohonen's weight adaptation rules within the dominant neighborhood.15 The size
of the dominant neighborhood depends upon which BS in which cell layer is receiving MS profile X1 and the level of service
in p1.

When weight updating is complete, the array W has been moved in a direction that may be away from the constraint
hyperplane, resulting in an infeasible solution. In the next step, the weights of the nodes outside the dominant neighborhood
organize themselves around the modified weights, so that W remains a feasible solution to the RRA problem during the
update. This step can be performed by a hill-climbing HNN or UC-HNN. Representing the weight matrix W as a vector w, w
is considered a vector of states of a continuous HNN. The HNN performs random and asynchronous updates on w, excluding
the weights in the dominant neighborhood, to minimize the energy function:
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E w_(7w+)II2
where

(22)

is the projection onto the constraint hyperplane defined by (9)-(16) and (17)-(19) in Section 3 and r= (I —

where I is the identity operator and T is the vector of limits on the right-hand side the weak inequalities in (9)-(19). The

energy function (22) is expressed in terms of a solution vector x, constructed from the solution array X, by ordering the
elements X,k according to an integer ordering of RR space indices and number of the S service classes.

The SONN-based RRA algorithm updates within one TPC time slot or 10-ms frame after the last random arrival or
service completion and subsequent handoff attempt. The initial assignment of cell layer i and BS k are determined by the
position £ and speed v in MS profile X. Each update determines a new dominant node and its neighborhood of nodes and
modifies their synaptic weights. The procedure repeats until the SONN weights stabilize to a feasible 0-1 solution for cell
membership in all cell layers. This which is a local maximum of the optimal RRA problem to the handoff/admission control
problem.
As the algorithm converges, the magnitude of weight modifications and the size of the neighborhoods are decreased.
Initially, the size of the neighborhood for each subarray of W, given by i7 = (1/i, 172, • , 7M) is large, but is decreased
incrementally until i7 = PJ the total level of service demand at BS j in all M cells. Since weight modifications depend on
the order in which the connection requests are input, the SONN approach is inherently stochastic. Given the form of the
objective function (8) and constraint criteria in terms of the control variables, it can be shown that SONN algorithm can
theoretically obtain unique global maxima.
The following procedure for the SOFM algorithm can be applied to the SRRA problem in W-CDMA networks. It is
assumed that these arrivals and service completions have exponential interarrival times of parameter 2 and i,respectively.
1.

2.

Initialize the weight vectors of the network as
solution.

=JtPk /Rmax, which yields an initial feasible, possibly non-integer

For arriving or handoff request MS j at time slot n, select BS k in cell layer i based on £ (n) and speed v (n) in profile
xi. Represent this requirement as the input array x. Find the position k* (BS coverage area) which is active, i.e., Xk*,1

1.

3. Calculate cost potential Vr,k*I for each index r in the output layer array according to (20).
4. Determine the dominant node, m0, by competition such that Vm0,k*1 mm Vr,k*:, VTE 91, and identify its neighboring nodes
1 m2, m 17k*, where 17k* Pk* 5 the size of the neighborhood for input RR requirement at k* for service class s.

5. Update synaptic weights in neighborhood of dominant node according to the rule

,

AWk*J,( = £(17

n) =

n)[e— Wk*jr] 'T 3

IkI

exp

< Vmk*k where

k*I r,k*j
a(n)

(23)

which is a modified version of Kohonen's SOFM slow updating rule, where ço and a are monotonically decreasing and

6.

positive functions of sampled time, r is a normalized weighting vector used in tie-breaking for a network node. For all
= 0. Weights are updated as Wkj,r
Wkj,r + AWkj,r.
other weights outside the neighborhood being updated,
The weights will no longer lie on the constraint hyperplane, so a HC-HNN is applied to return to a feasible solution. The
array w is modified around the weight adaptations of the SONN into order that constraints (9)-(16) and (17)-(19) are met.
If the constraints cannot be satisfied, the new arrival connection request is denied or handoff blocked.

7. Repeat Step 2 until RR requirements in all cells and layers have been selected as input vectors to the SONN. This forms
one period of the algorithm. The procedure is repeated for K periods. In each subsequent period, ço and a are decreased
according to any monotonically decreasing function.
8. Repeat Step 2 untilDAwrkj 0, Vr, k and j. This condition is considered stable convergence of the synaptic weights for
a given neighborhood size. Decrease the neighborhood sizes 17klinearly for all k.
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9. Repeat Step 8 until i

for each BS coverage areaj,j = 1, • , M.

For the multiservice demand array p, the normalized weighting vector is a heuristic used to damp oscillations in the
17.
Each element in the vector r is normalized. Following 8 SONN parameters can be selected
algorithm updates.
heuristically, with K = 10,
ço(0)=

mm

1 i M,

1

j N, (p1),çin+1)=0.9n),

o(0)=9, O(n+ 1)=0.9o(n),
17k(0) = lA

11

[M/Kj, 7,7k(fl + 1 ) = 77k(fl) —

I.

Since feasibility is always restored during the second stage of the SONN, any rearrangement of the existing or calls by
intra-cell, intercel1 or interlayer handoff to enable a new call is automatic subject to the constraints on handoffs and blocking.
If no rearrangement is possible, either the SONN cannot converge to a feasible set of RRAs, or a feasible rearrangement may
be found by allowing the interference levels to increase above acceptable QoS levels or a new call is blocked or handoff
denied. In the latter case, the previous state of the system reinstated.

6. SIMULATION RESULTS FOR MULTIMEDIA RRA PROBLEMS
The simulation model is suggested by prior for W-CDMA and wireless multimedia performance evaluations using a radio
network simulator. The simulations use two different time steps, n=0.625 ms for the TPC time slot and z=10 ms for the basic
frame in the W-CDMA channel scheme. In the smaller time step, fast fading and transmit powers arc updated and received
c/I (E/I0) values calculated. Traffic of all service classes, MS mobility, handoff, resource allocation other than fast power
control, and re-transmissions of packet traffic are updated in the larger time step.

6.1. Network Parameters
The simulation model includes three layers of overlapping macro-, micro- and picocells, each in a regular layout consisting of
a number of selectable as omnidirectional, 3- and 6-sector sites. The site-to-site distance between the macrocells is 4 km; 0.4
km between the microcells, and 0.05 km between the picocells. The model assumes M0=25 macrocells, M1=128 microcells,
and M2=1000 picocells. To avoid bordering effect in the finite cell plan, a wrap-around technique is assumed.

Path loss between a MS and a macrocell BS is calculated according to the formula L = 29 + 36log10(d) + 31log10(f)[dB]
where d is the distance in kilometers and f is the carrier frequency in kHz. A lognormal component with standard deviation
c= 10 dB is added to model shadow fading in macrocells.
Path loss between an MS and a microcell BS and the path loss between an MS and a picocell BS are calculated with the
same generic multi-slope model. The slopes are line-of-sight (LOS) for small distances and non line-of-sight (nLOS) for
longer distances. For a LOS connection between the transmitter and receiver, attenuation is given by

82+

20loio()if x300m
(24)

LLQS

x300m
82+40loio(_-_)tf
The breakpoint distance is 300 meters. Turning a corner results in an additional loss, Lcorner A non-LOS connection
between the transmitter and receiver, attenuation is comprised of a LOS segment, a non-LOS segment, and acorner

attenuation

L0 = LLOS(Xcoer)+l7+O.O5Xcomer +(25+0.2x0)log101

X

(25)

'\ Xco,er )

LOS attenuation is calculated between a corner and a receiver, and non-LOS connection between a corner and transmitter. A

lognormal component with standard deviation = 4 dB or = 1 .5 dB is added to model shadow fading in microcells or
picocells, respectively.
BS antennas are directional with a gain of 17.5 dBi in 3-sector cells and 20.5 dBi in 6-sector cells. Antenna diversity is
assumed in both uplinks and downlinks. Moreover, fast fading is modeled by using two different channel models described

in'9. The first channel model has 3 rays and the second has 10 rays. Each ray in the channel model is assumed to be
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Rayleigh fading with a Doppler frequency of 0, 5.6 Hz, 40 Hz, 100 Hz, and 250 Hz (conesponding to 0, 3, 22, 54 and 135
km/h) to model stationary, pedestrian, slow-moving, and highway mobility. The effects of 4-finger RAKE receiver is
modeled to combine the rays to achieve diversity. In soft handover, the receiver can use 4 RAKE fingers for each received
macro-diversity leg.

6.2. Multimedia Traffic Parameters
The traffic model must represent the characteristics of real-time, delay sensitive services like voice as well as characteristics
of delay-tolerant packet transmissions such as Internet browsing sessions. A modified version of the traffic model defined in
19 used. Users enter the HCN according to a Poisson process with mean of 1/X, X = 200 ms, and are uniformly distributed
over the macrocellular coverage area. The arrival rate of the process is to vary the offered load. The speed component in
vector of MS information arriving with each new call is used to attempt an initial connection attempt to a specific cell layer
of the HCN. The payload of parallel service demands offered by each new arrival is a vector of real-time (voice, interactive
19
video) and non-real-time packet requirements (file transfers, Internet browsing, facsimile). Following the model in for the
latter service, during a service session, a user transmits a geometrically distributed number of packets with a mean of 10

packets. After a completed packet transmission, there is a reading time before the next packet is generated. The packet
transmission rate depends on the grade of service to which the user has subscribed, although the ETSI model assumes the
reading time is geometrically distributed with a mean of 2s. Each packet consists of a geometrically distributed number of
datagrams with a mean of 25 datagrams. Each datagram follows a truncated Pareto distribution with a mean of 480 bytes and
maximum size of 66666 bytes. This yields a mean packet size of 12 kilobytes. With a dedicated channel bit rate of 240
kbps, the average user bit rate equals 46 kbps during a session. This could accommodated either by 64-kbps packet service
or by 384-kbps dedicated service.
The computational time for the W-CDMA RRA simulations grows rapidly with the number of distinct service classes and
the number of possible radio resource vector selections. For this reason, the simulation models set S = 8 with four real-time
services: digitized voice encoded with 8-kbps, 13-kbps, and 32-kbps codecs, together with 64-kbps compressed video; and
four non-real-time packet services with nominal transmission rates of 64 kbps, 144 kbps, 384 kbps and 2,048 kbps. The
stationary demand vector [10, 11, 9, 5, 9, 4, 5, 7, 4, 8, 8, 9, 10, 7, 7, 6, 4, 5, 5, 7, 6, 4, 5, 7, 51T, introduced by Kunz 20 for a
single-service

voice network of 25 BSs, is expanded to an 8 x 25 array of multiservice demands for the macrocellular

network, each call can carry one or more of the eight services listed. . This array is given by
T

6.3.

3 3 00 01 0 3 02 01 5 0 30 00 0 0 10 00 0

8-kbps voice

2 2 20 21 0 2 02 01 5 0 20 02 0 2 14 02 0

13—kbps voice

0 1 20 3! 0 2 14 01 0 0 26 03 0 2 10 02 0
1 1 1 1 01 1 0 00 01 1 1 00 20 0 3 10 10 0

32—kbps voice

2 0 1 1 20 1 0 10 21 2 2 00 20 2 0 10 13 0

64 —kbpspacketdata

0 0 1 1 00 1 0 10 22 0 1 00 00 2 0 10 10 3

128 —kbpspacketdata

64—kbps video

2 2 1 1 2 0 2 0 1 0 2 1 2 2 0 0 0 0 1 0 0 0 1 0 2

384 — kbps packet data

02 11 000000200 1 00000000 100

2048 —kbpspacketdata

Radio Resource Parameters

The uplink and downlink power control is modeled on the slot level and operates at a rate of 1600 Hz. Both algorithms
attempt to attain a constant C/I (E,f10) target at the receiver. If the received C/I is below (above) the C/I target for the most
stringent QoS requirement among the parallel services of the call, the power is increased (decreased) by 1 dB . Both the
uplink and downlink powers have limited dynamic ranges in each layer of the HCN. The maximum allowed output powers
are 36 dBm and 24 dBm, while the minimum allowed powers are 6 dBm and —56 dBm in the downlinks and the uplinks of
the macrocells. These values are each decreased by 7 dB for the microcells and by 14 dB for the picocells, respectively. In
addition, in the downlink, there is one other constraint since the maximum output power from a macrocell BS cannot exceed
43 dBm. The power allocated to downlink common channels is set to 33 dBm.
During macro-diversity, the uplink power is updated according to the power control command from the BS that requires
the smallest amount of power to meet the QoS requirement. In the downlink, the objective is to keep the output powers of
the AS BSs in the active set. AS = 0 is selected for hard handoffs between cells of the same layer and for inter-layer handoffs
between cell layers. Maximum-ratio combining is modeled by summing the received SIR values of the macro-diversity legs.
The selection combining in the RNC operates on the RLC blocks received by the base stations.
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6.4. RLCIMAC Layer Model
For packet data services, each packet arrival is segmented into RLC blocks prior to transmission. Depending on the bit rate
of the dedicated traffic channel and the number of DTCHs, a certain fixed number of fixed-size RLC blocks are transmitted
in each 10-ms frame. In the simulation, channel bit rates were selected from the finite set (64 kbps, 144 kbps, 240 kbps, 384
kbps, and 2,048 kbps}. For example, for a channel bit rate of 144 kbps, each frame carries each frame carries 6 RLC blocks
at 240 bits each. Interleaving is performed over one frame.
For each transmitted slot, the received SIR is calculated. To model interleaving, the SIR values for each slot are averaged
19
over one frame, resulting in a frame SIR. Link-level simulation results from are used to determine the block error rate
(BLER) probability for the RLC blocks received with a certain frame SIR. Through randomization, it is then decided how
many blocks are correctly received at the frame. Received blocks with errors are retransmitted. The return channel for the
ACKJNACK messages is assumed to be free of errors. The C/I target for the packet transmission is selected to yield a BLER
of 10% according to 21
6.5. Performance Measures on Interference

As a scalable measure of uplink load, the total received signal strength RSSO (RSS0,,) at each BS (in cell layer i) is examined.

This term is referred to as uplink interference (in cell layer i). The average uplink load in the network (in cell layer i) is
calculated as the mean uplink interference at all BSs in the network (in cell layer i). The downlink performance is evaluated

by viewing the mean BS output power in the system. The performance of the packet transmissions and real-time
transmissions are measured in terms of the average packet bit rate and average voice activity/voice rate in the system (in cell
layer i). The packet bit rate is calculated as the packet size divided by the total transmission time for the packet and it is
expressed in kbps. For digitized voice, the voice rate is calculated as the voice activity factor times the vocoder rate and is
also expressed in kbps; for a CBR service, the service bit rate is simply the constant rate in kbps.

6.6. Handoff Parameters
In all simulations, the handoff margin hm is varied between 0 dB and 5 dB, where hm of 0 dB corresponds to hard handoff.
Hard handoff occurs when a call changes its connection between cell layers of the HCN. The active set size AS varies
between 1 and 6. The offered system load is expressed as the number of simultaneous sessions per cell. The call dropping
rate is selected to be 0.002 or 0.2%, while the call blocking percentage is selected by the standard grade of service (GoS)
levels.

6.6. Simulation Results
10, 21 The
simulations reveal a
The results of the above simulations follow the general trend of results reported in
tradeoff between AS values and handoff losses. The effect of macro-diversity was evident in a more efficient use of uplink
resources in all layers, especially in the macrocells. The effect of larger AS improved downlink capacity in the microcells
with 4-finger RAKE receivers implemented. The simulation runs were exceedingly slow, due to the large number of
parameters, i.e. , the degrees of freedom, as well as the range of values for each parameter that were used in the model. A
detailed tabulation of the simulation results are outside the scope of this paper and are presented as a separate study.

7. CONCLUSIONS
A discrete-space Kohonen SONN has been proposed for the problem of allocating RRs to meet the QoS requirements of
multimedia service demands in 3G wireless networks, with the effects of soft and hard handoff, blocking, and power control
included in the model. W-CDMA network parameters on the uplinks and downlinks have been assumed to model the
resources available to support the diverse SIR and delay requirements for variable-rate audio, high-rate packet data, and realtime video. Simulation results to date for the SONN-based RRA algorithm show results comparable to that in the literature
in W-CDMA scenarios. The simulation results can only be informally compared to published results for PNN and FLS
approaches to voice-only networks, since the latter do not address admission control and multimedia services.
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Project 2 (3GPP2) for harmonizing the next-generation wireless standards and incorporating features for adaptive
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