موقع عالم اإللكترون....
موقع إلكتروني متخصص في علوم الھندسة التكنلوجية واختصاصاتھا المختلفة

مكتبة عالم اإللكترون 4electron.com

إلى قارئ ھذا الكتاب  ،تحية طيبة وبعد ...
لقد أصبحنا نعيش في عالم يعج باألبحاث والكتب والمعلومات ،وأصبح العلم معياراً حقيقيا ً
لتفاضل األمم والدول والمؤسسات واألشخاص على ح ﱟد سواء ،وقد أمسى بدوره حالً شبه
وحي ٍد ألكثر مشاكل العالم حدة وخطورة ،فالبيئة تبحث عن حلول ،وصحة اإلنسان تبحث عن
حلول ،والموارد التي تشكل حاجة أساسية لإلنسان تبحث عن حلول كذلك ،والطاقة والغذاء
والماء جميعھا تحديات يقف العلم في وجھھا اآلن ويحاول أن يجد الحلول لھا .فأين نحن من
ھذا العلم ؟ وأين ھو منا؟
نسعى في موقع عالم اإللكترون  www.4electron.comألن نوفر بين أيدي كل من حمل
على عاتقه مسيرة درب تملؤه التحديات ما نستطيع من أدوات تساعده في ھذا الدرب ،من
مواضيع علمية ،ومراجع أجنبية بأحدث إصداراتھا ،وساحات لتبادل اآلراء واألفكار العلمية
وشروح ألھم برمجيات الحاسب التي تتداخل مع تطبيقات الحياة
والمرتبطة بحياتنا الھندسية،
ٍ
األكاديمية والعملية ،ولكننا نتوقع في نفس الوقت أن نجد بين الطالب والمھندسين والباحثين
مجتمع يساھم
من يسعى مثلنا لتحقيق النفع والفائدة للجميع ،ويحلم أن يكون عضواً في
ٍ
بتحقيق بيئة خصبة للمواھب واإلبداعات والتألق ،فھل تحلم بذلك ؟
حاول أن تساھم بفكرة ،بومضة من خواطر تفكيرك العلمي ،بفائدة رأيتھا في إحدى المواضيع
العلمية ،بجانب مضيء لمحته خلف ثنايا مفھوم ھندسي ما .تأكد بأنك ستلتمس الفائدة في كل
خطوة تخطوھا ،وترى غيرك يخطوھا معك ...
أخي القارئ ،نرجو أن يكون ھذا الكتاب مقدمة لمشاركتك في عالمنا العلمي التعاوني،
وسيكون موقعكم عالم اإللكترون  ww.4electron.comبكل اإلمكانيات المتوفرة لديه جاھزاً
على الدوام ألن يحقق البيئة والواقع الذي يبحث عنه كل باحث أو طالب في علوم الھندسة،
ساع  ،فأھالً وسھالً بكم .
ويسعى فيه لإلفادة كل
ٍ
مع تحيات إدارة الموقع وفريق عمله
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Foreword
Mobile wireless communications has already dramatically affected our lives, and will
continue to do so as usage, services, and coverage rapidly expand with the adoption
of the Third Generation of cellular wireless, and the transition to Internet-protocolbased networks.
First Generation cellular networks used analog FM and circuit switching. Despite low
voice capacity, uneven quality, limited roaming, and bulky, expensive handsets with limited battery life, the rapid increase of voice subscribers necessitated the adoption of digital
transmission technology.
Second Generation (2G) networks, including TDMA-based GSM, PDC, IS-54, and
CDMA-based IS-95, allowed rapid expansion of voice subscribers and the introduction
of some data services, including short message service (SMS). These Second Generation digital technologies featured advanced coding and modulation, offering greater voice
capacity and quality, and supporting digital control channels. The result? More robust and
secure signals, smaller and lower-power handsets, enhanced roaming, and a rapid expansion of subscribers worldwide. Even with the limited data capabilities of 2G technology,
it became clear that a next generation of cellular networks should focus on even greater
capacity, high speed data, and increased reliance on packet switching.
Third Generation (3G) wireless, encompassing three forms of CDMA–CDMA2000,
including 1X and EV-DO; WCDMA, also called UMTS and 3GSM; and most recently
TD-SCDMA–has been introduced by many operators and is rapidly gaining subscribers.
Both plug-in cards and integral modems are supporting broadband mobile communications
directly to laptops. An abundance of powerful handsets are now reaching the market,
which support a wide variety of services including music, streamed and stored video,
multiplayer games, multiparty instant messaging, and location-based services.
Such growth in usage and applications poses great challenges for the network operators, test equipment vendors, infrastructure manufacturers, and the technical staff that plan,
deploy, and operate these networks. This book focuses on the knowledge needed to effectively deploy Wideband CDMA (WCDMA) networks, much of which has been either publicly unavailable or widely scattered across various journals and other sources. In gathering
and distilling this knowledge in a readable and coherent form, the authors have achieved
their goal of further speeding the deployment and optimization of WCDMA networks.
Third Generation cellular networks will enhance our lives in many ways, rapidly reaching every part of the world and supporting education, business, entertainment, health, and
government. The demand for knowledgeable practitioners will continue to grow. This
book should provide welcome assistance.
We have come a long way. I look forward to the excitement of further rapid change.
Irwin Mark Jacobs
Chairman of the Board
QUALCOMM Incorporated
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Preface
In our day-to-day activities, as part of the Engineering Services Group of QUALCOMM,
we consult with network operators throughout the world. In working with them, we
have realized that operators repeatedly face the same four challenges: improving RF
optimization, properly tuning system parameters, increasing the reliability of inter-system
transitions, and providing better indoor coverage. These issues, among others, cannot be
resolved simply by studying the communication standard; consequently, they have not
been widely addressed in the literature.
In this book, using the experience we have gained from performing many network
assessments, we focus on the day-to-day tasks and real world choices that confront operators. We have chosen to minimize paraphrasing of the standard. This is not to say that we
disregard the ample documentation written by the Third Generation Partnership Project
(3GPP), also known as the standard. We do refer to the standard throughout this book
but rather than present its concepts in a dry manner, we introduce only the sections that
readers can use to deepen their knowledge on speciﬁc topics. We selected these topics to
help network planners and optimization engineers make a better transition from GSM to
WCDMA while understanding how to perform the required tasks.
This volume attempts to provide as many answers as possible to the complex questions
that planners or engineers encounter in their daily activities. As we were writing, we
had to make difﬁcult choices about what to include. Without these choices, of course,
we would still be writing. Here are the basic questions that we tried to answer in each
chapter:
• Introduction to UMTS networks. What nodes are necessary in a WCDMA network? What are their basic functions? What is WCDMA anyway? What differentiates
WCDMA from other technologies, such as GSM? What are the key terms and concepts
of the technology?
• RF planning and optimization. What is a typical Link Budget for the different services
offered in WCDMA? Is the Downlink or the Uplink limiting? What are the main
factors that determine the coverage? How can the coverage of a WCDMA network be
qualiﬁed?
• Capacity planning and optimization. What is the capacity of a WCDMA cell? How
does soft handover affect the capacity of a WCDMA network? How do the different
services affect the overall capacity? How can the capacity of the network be maximized?
Will microcells affect the capacity of the network?
• Initial parameter settings. What are the most important parameters to focus on? What
is a good starting point for each parameter? How can you verify the values that are
broadcast, and where?
• Service optimization. How should the optimization process be started? What are the
basic procedures that will affect all services? What should you look for to resolve
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typical failures? What differs from one service to another? Do any parameters apply
only to particular services?
• Inter-system planning and optimization. Why rely on other systems? When should
you start looking at inter-system issues? What parameters are involved in inter-system
changes? What are good starting points for their respective settings?
• HSDPA. What is HSDPA? What advantages does it offer compared to a WCDMA
(Release 99) network? How does it differ? How and where should HSDPA be deployed?
What parameters are available in HSDPA? How do these parameters affect the coverage
and capacity of the entire network?
• Indoor coverage. Why is indoor coverage different? When should indoor coverage be
provided? How can it be achieved and optimized?
By the time you have read this book, you will no doubt be ready to ask several more
questions. Hopefully, with the aid of this book, you will have the skills to ﬁnd the answers
you need.
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Introduction to UMTS Networks
Patrick Chan, Andrea Garavaglia and Christophe Chevallier

Since their inception, mobile communications have become sophisticated and ubiquitous.
However, as the popularity of mobile communications surged in the 1990s, Second Generation (2G) mobile cellular systems such as IS-95 and Global System for Mobile (GSM)
were unable to meet the growing demand for more network capacity. At the same time,
thanks to the Internet boom, users demanded better and faster data communications, which
2G technologies could not support.
Third Generation (3G) mobile systems have evolved and new services have been
deﬁned: mobile Internet browsing, e-mail, high-speed data transfer, video telephony,
multimedia, video-on-demand, and audio-streaming. These data services had different
Quality of Service (QoS) requirements and trafﬁc characteristics in terms of burstiness
and required bandwidth. More importantly, the projected trafﬁc for these types of data
services was expected to surpass voice trafﬁc soon, marking a transition from the voice
paradigm to the data paradigm. Existing cellular technology urgently needed a redesign
to maximize the spectrum efﬁciency for the mixed trafﬁc of both voice and data services.
Another challenge was to provide global roaming and interoperability of different mobile
communications across diverse mobile environments.
Toward these ends, the International Telecommunication Union (ITU), the European
Telecommunications Standards Institute (ETSI), and other standardization organizations
collaborated on the development of the Future Public Land Mobile Telecommunication
Systems (FPLMTS). The project was later renamed International Mobile Telecommunications-2000 (IMT-2000). The goal of the project was to achieve convergence of the
disparate competing technologies by encouraging collaborative work on one globally
compatible system for wireless communications.
Set to operate at a 2 GHz carrier frequency band, the new 3G mobile cellular communication system needed to be backward-compatible with the 2G systems while improving
system capacity and supporting both voice and data services. The system was expected
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to support both circuit switched (CS) and packet switched (PS) data services. For the PS
domain, the supported data rates were speciﬁed for the various mobile environments:
• Indoor or stationary – 2 Mbps
• Urban outdoor and pedestrian – 384 kbps
• Wide area vehicular – 144 kbps
Of the various original proposals, the two that gained signiﬁcant traction were based on
Code Division Multiple Access (CDMA): CDMA2000 1X and Universal Mobile Telecommunication System (UMTS).
• CDMA2000 1X was built as an extension to cdmaOne (IS-95), with enhancements
to achieve high data speed and support various 3G services. CDMA2000 1X further
evolved to support even higher data rates with a data optimized version: CDMA2000
1xEV-DO [1].
• UMTS was based on the existing GSM communication core network (CN) but opted
for a totally new radio access technology in the form of a wideband version of
CDMA (Wideband CDMA: WCDMA). The Wideband Code Division Multiple Access
(WCDMA) proposal offered two different modes of operation: Frequency Division
Duplex (FDD), where Uplink (UL) and Downlink (DL) trafﬁc are carried by different radio channels; and Time Division Duplex (TDD), where the same radio channel
is used for UL and DL trafﬁc but at different times. Evolution to support higher data
rates was achieved with the recent introduction of High-Speed Downlink Packet Access
(HSDPA) [2].
The goal of this book is to address the deployment aspects of the FDD version of
the UMTS IMT-2000 proposal – namely WCDMA network planning and optimization.
While it is accepted that deploying a WCDMA network requires a thorough knowledge
of the standard, this book leaves that to other existing works such as Refs [3] and [4], and
concentrates instead on the key aspects necessary to successfully deploy and operate a
WCDMA network in a real-world scenario. For newcomers to this technology, however,
this chapter describes the basic network topology and underlying concepts associated with
the technology.

1.1 UMTS Network Topology
When deploying a WCDMA network, most operators already have an existing 2G network. WCDMA was intended as a technology to evolve GSM network toward 3G services.
Paralleling that evolution, this chapter ﬁrst discusses GSM networks, then highlights the
changes that are necessary to migrate to Release 99 of the WCDMA speciﬁcation. The
discussion then moves on to Release 5 of the speciﬁcation and the network changes
needed to support HSDPA.
1.1.1 GSM Network Architecture
Figure 1.1 illustrates a GSM reference network [5], showing both the nodes and the
interfaces to support operation in the CS and PS domains.
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Figure 1.1 GSM reference network

In this reference network, three sub-networks [6] can be deﬁned:
• Base Station Sub-System (BSS) or GSM/Edge Radio Access Network (GERAN).
This sub-system is mainly composed of the Base Transceiver Station (BTS) and Base
Station Controller (BSC), which together control the GSM radio interface – either from
an individual link point of view for the BTS, or overall links, including the transfers
between links (aka handovers), for the BSC. Although the interface connecting both
nodes was intended to be standard, in real-world implementations the BTS–BSC links
are closed to competition, particularly in terms of Operation and Maintenance (O&M).
When data functionality was added to GSM with the deployment of General Packet
Radio Service (GPRS), an additional node was added to the interface between the
GPRS-CN and the radio interface, that is the Packet Control Unit (PCU). Interfaces
toward the Network and Switching Sub-System (NSS) are limited to A for the CS
domain and signaling, and Gb for the PS domain trafﬁc. For simplicity, Figure 1.1
does not show the GSM/Edge Radio Access Network (GERAN). GERAN, a term that
was introduced with UMTS, is the sum of all Base Station Sub-System (BSS) within
the GSM Public Land Mobile Network (PLMN).
• Network and Switching Sub-System (NSS). This sub-system mainly consists of the
Mobile Switching Center (MSC) that routes calls to and from the mobile. For management purposes, additional nodes are added to the MSC, either internally or externally.
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Their main purpose is to keep track of the subscription data, along with associated
rights and privileges, in the Home Location Register (HLR), or to keep track of the
subscribers’ mobility in the HLR and Visitor Location Register (VLR). Two other nodes
manage security issues: the Equipment Identity Register (EIR) veriﬁes the status of the
mobile phone (i.e., the hardware), while the Authentication Center (AuC) manages the
security associated with the Subscriber Identity Module (SIM). The last node listed
in Figure 1.1 is the Gateway-MSC (GMSC). For all practical purposes, the MSC and
GMSC are differentiated only by the presence of interfaces to other networks, the Public Switched Telephone Network (PSTN) in the GMSC case. Typically, the MSC and
the GMSC are integrated. The interfaces listed (E, F, C, D) are not detailed here but
mostly enable the communication between the different nodes as shown.
• General Packet Radio Service, Core Network (GPRS-CN). Within the NSS, two
speciﬁc nodes are introduced for the GPRS operation: the Serving GPRS Support
Node (SGSN) and the Gateway GPRS Support Node (GGSN). In the PS domain, the
SGSN is comparable to the MSC used in the CS domain. Similarly, in the PS domain,
the GGSN is comparable to the GMSC used in the CS domain. These nodes rely on
existing BSS or NSS nodes, particularly the VLR and HLR, to manage mobility and
subscriptions – hence the interfaces to the Gs and Gr interfaces (to the VLR and HLR
respectively). Figure 1.1 also shows the Border Gateway (BG) that supports interconnection between different GPRS networks to permit roaming, and the PCU to manage
and route GPRS trafﬁc to the BSS.
1.1.2 UMTS Overlay, Release 99
As mentioned earlier, UMTS is based on the GSM reference network and thus shares
most nodes of the NSS and General Packet Radio Service, Core Network (GPRS-CN)
sub-systems. The BSS or GERAN is maintained in the UMTS reference network as a
complement to the new Universal Terrestrial Radio Access Network (UTRAN), which is
composed of multiple Radio Network Systems (RNS) as illustrated in Figure 1.2.
Compared to the GSM reference network, the only difference is the introduction of the
Radio Network Controller (RNC) and Node Bs within the newly formed RNS. Essentially,
these two nodes perform tasks equivalent to the BSC and BTS, respectively, in the GSM
architecture. The main difference is that the interface Iu-PS to the PS-CN is now fully
integrated within the RNC.
With the addition of these new nodes, a number of new interfaces are deﬁned: Iub is
equivalent to the Abis, Iu-CS is equivalent to the A, and Iu-PS is equivalent to the Gb.
In addition, the Iur interface (not shown in the ﬁgure) is created to support soft handover
(HO) between RNCs connecting multiple RNCs within the same UTRAN.
From a practical standpoint, the common nodes between GSM and UMTS would actually be duplicated, with the original nodes supporting the 2G trafﬁc and the added nodes
supporting the 3G trafﬁc.
1.1.3 UMTS Network Architecture beyond Release 99
The initial deployments of WCDMA networks comply with Release 99 of the standard [7].
This standard, or family of standards, began to evolve even before being fully implemented, to address the limitations of the initial speciﬁcations as well as to include
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technical advancements. At a higher level, migrating from Release 99 to Releases 4,
5, and then 6 does not change the structure of the network. However, the details do
differ: for example, the transport for the interfaces changes from Asynchronous Transfer Mode (ATM) in Release 99 to all Internet Protocol (IP) in Release 5. In addition,
the layering changes in Release 5, to support HSDPA and Node B scheduling (see
Section 1.2.2).

1.2 WCDMA Concepts
Figure 1.3 summarizes the physical aspects of the WCDMA air interface, where the
ﬂow of information at 3.84 Mega chips per second (Mcps) can be divided into 10 ms
radio frames, each further divided into 15 slots of 2560 chips. Here the notion of
chips is introduced instead of the more typical bits. Chips are the basic information
units in WCDMA. Bits from the different channels are coded by representing each
bit by a variable number of chips. What each chip represents depends on the
channel.
This section discusses the most fundamental concepts used in WCDMA: channelization
and scrambling, channel coding, power control, and handover. The section then deﬁnes
how the different channels are managed (layers and signaling), and ﬁnally deﬁnes the
channels at the different layers: logical, transport, and physical.
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Figure 1.3 WCDMA air interface architecture

1.2.1 WCDMA Physical Layer Procedures
In the selection process for 3G standards, air interface efﬁciency – which translates to
capacity – was one of the main criteria used to assess the different proposals. By that time,
signiﬁcant worldwide deployments of 2G CDMA-based networks had proven the technology’s ability to deliver systems with high spectral efﬁciency. The concepts described
in the following sections are vital in any CDMA technology.

1.2.1.1 Power Control
In CDMA technology, power control is critical. It ensures that just enough power is used
to close the links, either DL, from the Base Station to the mobile device, or UL, from the
mobile to the Base Station. Of the two links, the UL is probably more critical. The UL
ensures that all instances of user equipment (UE) are detected at the same power by the
cell; thus each UE contributes equally to the overall interference and no single UE will
overpower and consequently desensitize the receiver. Without power control, a single UE
transmitting at full power close to the Base Station would be the only one detected. All
the others would be drowned out by the strong signal of the close user who creates a
disproportionate amount of interference.
On the DL, power control serves a slightly different purpose, because the Node B’s
power must be shared among common channels and the dedicated channels for all active
users. On the DL, all channels are orthogonal to each other (with the exception of the
Synchronization Channel); thus the signal, or power, from any channel is not seen as
interference. Ideally, the other channels do not affect the sensitivity. However, power
control is still required to ensure that a given channel is using only the power that it needs.
This increases the power available for other users, effectively increasing the capacity of
the system.
Conceptually, two steps are required for power control:
• Estimate the minimum acceptable quality.
• Ensure that minimum power is used to maintain this quality.
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Outer loop power control handles the ﬁrst step; inner loop handles the second. Ideally,
the outer loop should monitor the Block Error Rate (BLER) of any established channel
and compare it to the selected target. If they differ, the quality target, estimated in terms
of Signal-to-Interference Ratio (SIR), is adjusted. The closed loop power control can then
compare, on a slot-by-slot basis, the measured and target SIR, and send power-up or
power-down commands. Power control processes run independently in the UL and DL,
each signaling to the other the required adjustment by means of Transmit Power Control
(TPC) bits: the DL carries the TPC bits indicating the UL quality, while the UL carries
the TPC bits indicating the DL quality.
On the basis of the frame and slot structure (10 ms radio frames consisting of 15 slots
each), we can deduce that the TPC bits are sent at 1500 Hz, which is the rate of the inner
loop. The outer loop, on the other hand, is not as strictly controlled by the standard and
is thus implementation-dependent: neither its rate nor the step sizes are signaled to the
other end. Moreover, although the purpose of the closed loop is to ensure that the BLER
target is met, the implementation may be based on other measurements such as SIR, or
passing or failing the Cyclic Redundancy Check (CRC).
1.2.1.2 Soft Handover
Soft handover refers to the process that allows a connection to be served simultaneously
by several cells, adding and dropping them as needed. This feature is possible in WCDMA
because all cells use the same frequency and are separated only by codes: a single receiver
can detect the different cells solely by processing, with a single Radio Frequency (RF)
chain. The need for soft handover in a WCDMA system is intertwined with the power
control feature. Supporting soft handover ensures that a UE at the boundary among several
cells uses the minimum transmit power on either link. On the UL, it is necessary to avoid
overpowering the other UEs connected to the cell. On the DL, it is not as critical, but
is a good practice because it maximizes capacity and increases link reliability. Once soft
handover is enabled in a system, meaning that a UE must monitor and use the best
possible link, additional beneﬁts can ensue:
• On the DL, the UE can combine the different received signals to increase the reliability
of demodulation. By combining the signals from different links, the effective SIR
increases, which reduces the transmit power even when compared to the power required
over the best link only. This is termed soft combining gain. In addition, the fact that
the UE can be connected to multiple servers at once increases link reliability and thus
provides a diversity gain, typically called macro-diversity gain.
• On the UL, if macro-diversity gain is observed, the same is not always true for the
soft combining gain. If the cells in soft handover do not belong to the same Node B,
it is not possible to combine the signals before they are demodulated. Instead, all the
demodulated frames are sent to the RNC, which decides which one to use. This process
still provides a gain compared to a single link, since it increases the probability of having
at least one link without error. This is the selection gain, also a macro-diversity gain.
As we have seen, soft handover offers advantages: it increases the reliability of transmission and reduces the power requirement for each link used. Unfortunately, soft handover
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has drawbacks, too. Since information must be sent over multiple links, that repetition
decreases the efﬁciency of resource utilization. As subsequent chapters (mainly Chapter 4)
will show, balancing handover gains with resource utilization is a delicate process,
controlled by multiple parameters. Clearly, the optimal balance is achieved only when
the links that contribute signiﬁcantly to the transmission quality are included in the
Active Set.
1.2.1.3 Spreading, Scrambling, and Channelization
Soft handover is possible in a WCDMA system because all the cells of the Node Bs
transmit using the same frequency. This universal frequency reuse – or 1 to 1 frequency
reuse in Time Division Multiple Access (TDMA)/Frequency Division Multiple Access
(FDMA) terminology – requires several codes to differentiate between cells and users.
These codes must be introduced on both the UL and the DL, since the constraints on
each link are different.
On the DL, the ﬁrst requirement is to differentiate among different cells. In the TDMA/
FDMA world, this is achieved by using a different frequency for each cell. In the WCDMA
world, cells are discriminated by using Primary Scrambling Codes (PSCs). To understand
how they work, imagine a coded message. When viewed, the coded message is perceived
only as random letters – or noise in radio terminology. Only a reader using the proper
ciphering key – or PSC in WCDMA terminology – can make words out of the random
letters. These words can be further assembled into sentences, either on a single subject
or on different topics. The topics can be compared to different channels for which proper
rules must be deﬁned: these rules would correspond to the different channeling codes that
allow the decoded words to be assembled into sentences. Just as only a limited set of
rules makes up a language to ensure that everybody understands it, only a limited number
of channelization codes are used to simplify the implementation.
To extend the analogy, several words in a sentence typically express a single idea; this
is the same principle as spreading, where several chips represent one bit. Just as in a
language, where losing a single word does not prevent comprehending the idea, losing
the exact value of a chip does not compromise the demodulation of the corresponding
bit. In the WCDMA world, spreading, or conveying a single bit over multiple chips, is
done at the channel level, before the PSC ciphers the entire message. Multiplying a signal
with a PSC does not achieve spreading, it only randomizes the signal, as illustrated in
Figure 1.4(a).
Within the cell, the different channels are separated by their own set of rules, the
Orthogonal Variable Spreading Factor (OVSF). The OVSF handles the signal spreading, as
illustrated in Figure 1.4(b). OVSF has two main characteristics: an orthogonality property,
and the fact that the orthogonality is conserved between OVSFs of variable lengths.
• The OVSF orthogonality property ensures that different users of the same cell do not
interfere with each other. If a signal coded with a given OVSF is decoded with a
different OVSF, the resulting signal gives an equal number of 1s (−1) and 0s (+1).
The result is an average null signal.
• The variable aspect of OVSF supports different data rates from the same code tree:
low data rates can be coded with long OVSFs, while high data rates are coded with
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short OVSFs. The length of the OVSF refers to the number of chips for a single input
bit: a bit coded with OVSF length 256 would be represented by 256 chips, while
a bit coded with OVSF length 4 would be represented by four chips. Using a long
OVSF has the advantage of adding redundancy to the transmitted information. The
impact of this redundancy is seen in the spreading gain, that is, the ratio of user bits
to transmitted chips.
In combination, and with only a limited number of codes, PSC and OVSF can distinguish between cells and users. Without the PSC, the receiver cannot reconstruct the words
sent by the different cells. Once the words are reconstructed, the same set of rules OVSF
can be reused to understand (demodulate) the messages.
1.2.1.4 Channel Coding
The Physical Layer procedures described in Section 1.2.1.1 through Section 1.2.1.3 are
required for efﬁcient implementation of WCDMA. In addition to these mandatory procedures, channel coding further protects against transmission errors caused by repeating
information multiple times, and spreading the retransmissions over time.
For channel coding, either convolutional or turbo coders can be used. Convolutional
coders primarily apply to delay-sensitive information, since the resulting delay is relatively
short and affected by the code rate and constraint length. Turbo coders, on the other hand,
must consider a block of data before outputting the block. For turbo coding to be efﬁcient,
the block should contain a large amount of data, usually more than 320 symbols, thus
causing signiﬁcant delay in the coding and decoding processes.
1.2.2 UMTS Signaling Concepts
To understand signaling – or more generally the exchange of data – in WCDMA, it is
important to understand layering and its relationship to the various nodes, for both the
control plane (signaling) and the user plane (user data). As will be demonstrated in
the following sections, WCDMA offers a highly structured protocol stack with clear
delineation between the functions of each entity.
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1.2.2.1 Layering Concepts
From an overall network point of view, the ﬁrst distinction that can be made is between
the radio access functions (Access Stratum, or AS) and the CN functions (Non-Access
Stratum, or NAS). For WCDMA and GSM the Non-Access Stratum (NAS) is similar, so
we will not discuss it further. The second distinction is between the control or signaling
plane (control data) and the user plane (user data). For the control plane, all layers
terminate at the operators’ controlled nodes; for the user plane, the top layer ensures
the user-to-user connection. Figure 1.5 illustrates these concepts as they apply to the CS
domain.
WCDMA-speciﬁc processing occurs at the Access Stratum (AS) on the three lower
layers, which are similar in both planes:
• Radio Link Control (RLC). Sets up the delivery mechanism ensuring that the data
sent is received at the distant end.
• Medium Access Control (MAC). Permits multiple information ﬂows to be sent over
a single physical channel.
• Physical Layer (Layer 1). Transmits the combined information ﬂow over the WCDMA
air interface (Uu).
For each layer, different channels are deﬁned and mapped onto one another: logical
channels are associated with Radio Link Control (RLC), transport channels with Medium
Access Control (MAC), and physical channels with Physical Layers.

(a)
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Mobility related
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In Figure 1.5, note that the AS Physical Layer is not entirely contained within the Node
B. Outer loop power control and frame selection occur at the RNC, even though they are
Physical Layer processes. This shows that in the UTRAN, the RNC is a critical node.
In addition to some of the Physical Layer processing, the RNC is responsible for link
supervision (RLC) and any multiplexing/assembly (MAC) for the channels.
At the RLC level, the link supervision is done in one of three modes: Transparent Mode
(TM), Acknowledged Mode (AM), or Unacknowledged Mode (UM). The appropriate
mode depends on the time constraints and error tolerance of the information:
• TM. Typically used for the user payload for speech services. For speech, delivery of
vocoder packets at a constant rate is more important than error-free transmission; the
vocoder can conceal errors if they are below a few percent, typically 1 or 2%. In TM,
RLC does not verify the packets only passes them to the higher layers. In the worst
case, retransmission can be achieved at the application layer when the user requests
“can you repeat please.”
• AM. Used when information must be sent error-free. Each packet is given a sequence
number to be individually acknowledged and delivered in sequence to higher layers. A
typical application is e-mail messages, where the content is more important than any
latency in delivery.
• UM. Used for applications that must receive packets in order, but are neither delaynor error-constrained. Examples are media streaming and some types of signaling. UM
is appropriate for packets that may be processed at the RLC layer, but for which no
retransmission is requested if errors are detected. For UM packets, processing is usually
limited to reordering, ciphering, or segmentation/concatenation.
In the PS domain the structure is similar for the control plane with the exception of
the terminating nodes, as shown in Figure 1.6.
The PS user plane (Figure 1.6(b)) shows more pronounced differences from the CS
user plane, with an added layer in both the AS and NAS. The Packet Data Convergence Protocol (PDCP) on the AS is mainly used for header compression, to transfer
TCP/IP packets more efﬁciently over-the-air interface. The Packet Data Protocol (PDP)
on the NAS creates and manages the associated variables for the packet data sessions.
For example, when an IP session is required, the IP addresses that identify the UE for a
session are assigned at that layer.
As systems evolve and incorporate HSDPA, the PS domain layering will change, as
shown in Figure 1.7. To speed up Physical Layer processing, the entire Layer 1 terminates
at the Node B. The drawback is that the MAC layer must extend to the Node B, with the
introduction of a speciﬁc MAC entity dedicated to high speed data; the MAC-hs.
Note that Figure 1.7 does not show the control plane; this is because HSDPA supports the user plane only. The control plane is maintained in the PS domain, Release 99
architecture.
In addition to the three basic layers used in all domains (packet/PS or circuit/CS)
and all planes (user data/user plane or signaling data/control plane), a layer is deﬁned
in the control plane that deﬁnes the messages exchanged between the RNC and the UE:
the Radio Resource Control (RRC). The RRC deﬁnes the messages exchanged between
the RNC and the UE, which initiate connection set-up, tear down, or reconﬁguration.
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All the call ﬂow examples in later chapters (Chapters 5 and 6) of this book are based on
RRC messaging [8], which is exchanged between the UE and the RNC over the Signaling
Radio Bearers (SRB).
Prior to any message exchanges, the SRBs must be established during the RRC connection setup procedure. Depending on vendor implementation, three or four SRBs are
established and mapped onto a single Dedicated Channel (DCH) by MAC.
1.2.3 Physical, Logical, and Transport Channels
Section 1.2.2 introduced the concept of mapping logical channels onto physical channels.
Figure 1.8 shows the different channels for Release 99 and HSDPA operation, along with
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how they map between different layers. At the Physical Layer, some of the channels, for
example Synchronization Channel (SCH) and Common Pilot Channel (CPICH), are not
mapped onto any transport channels. This is because these channels only support Physical
Layer procedures; no actual data from higher layers is transmitted over them.
During optimization, it is important to understand which processes are associated with
each type of channel. Physical channels are associated with all the coding and closed
loop power control processes. Transport channels are associated with some of the critical
channel measurements, such as BLER or SIR targets, since these values are set per
transport channel.
Other physical channels are used for physical procedures or scheduling but do not
directly map onto transport channels; however, they do carry information related to these
physical procedures. Channels in this group include the Acquisition Indicator Channel
(AICH), Paging Indicator Channel (PICH), Dedicated Physical Control Channel (DPCCH),
High-Speed Shared Control Channel (HS-SCCH), and High-Speed Dedicated Physical
Control Channel (HS-DPCCH). For example, the DPCCH is a channel that does not carry
any user or signaling information but contains information to help the receiver decode
the information carried by the Dedicated Physical Data Channel (DPDCH). Complete
function details for all of these channels can be found in Ref [9] and [3].
Table 1.1 lists the channels shown in Figure 1.8, along with their main uses.
In addition to showing the logical, transport, and physical channels, Figure 1.8 also
shows the mappings between them, along with the RLC mode typically used for these
channels. Instead of describing all possible mappings, the following discussion analyzes
one example, where signaling and user speech payload are transmitted over a single DL
physical channel. Figure 1.9 illustrates the example.
In this example, a single physical channel carries seven logical channels: four for
signaling and three for voice [10]. The information, coding, and transport block sizes are
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Table 1.1 List of WCDMA channels
Channel name
BCCH

Broadcast Control Channel

BCH
PCCPCH
PCCH
PCH
CCCH

Broadcast Channel
Primary Common Control
Physical Channel
Paging Control Channel
Paging Channel
Common Control Channel

FACH

Forward Access Channel

SCCPCH
AICH

Secondary Common Control
Physical Channel
Acquisition Indicator Channel

PICH

Paging Indicator Channel

DCCH

Dedicated Control Channel

RACH

Random Access Channel

PRACH
CTCH

Physical RACH
Common Trafﬁc Channel

DTCH
DCH

Dedicated Trafﬁc Channel
Dedicated Channel

DPDCH

Dedicated Physical Data
Channel
Dedicated Physical Control
Channel

DPCCH

HS-DSCH

High-Speed Downlink Shared
Channel

HS-PDSCH

High-Speed Physical Downlink
Shared Channel

Description
Logical channel that sends System Information
Block (SIB)
Transport channel carrying the BCCH
Physical channel carrying the BCH
Logical channel carrying the pages to the UE
Transport channel carrying the PCCH
Logical channel carrying the common
signaling, e.g., RRC Connection Setup
message
Transport channel carrying common and
dedicated control channel as well as user
payload in certain connected states
(Cell FACH)
Physical channel carrying the PCH and FACH
channels
Physical channel used by the cell to ACK the
reception of RACH preambles
Physical channel used by the cell to inform a
group of UEs that a page message can be
addressed to them
Logical channel used to carry dedicated Layer
3 (RRC) signaling to the UE
Transport channel used by the UE to carry
signaling or user payload
Physical channel used to carry the RACH
Logical channel used to carry common
payload, e.g., broadcast or multicast services
Logical channel used to carry user payload
Transport channel used to carry dedicated
signaling (DCCH) or payload (DTCH)
Physical channel used to carry the DCH
Physical channel used for carrying information
related to physical layer operation, e.g.,
dedicated pilot or power control bits
Transport channel used for carrying user
payload. Unlike the DCH, only user payload
is carried over the HS-DSCH; no signaling
(DCCH) is carried by HS-DSCH
Physical channel used for carrying the
HS-DSCH
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Table 1.1 (continued )
Channel name

Description

HS-SCCH

High-Speed Shared Control
Channel

HS-DPCCH

High-Speed Dedicated Physical
Control Channel

CPICH

Common Pilot Channel

SCH

Synchronization Channel

DL DCCH
SRB
carrying
RRC UM

DL DCCH
SRB
carrying
RRC AM

DCH

DL DCCH
SRB
carrying
NAS
messaging,
high priority

DL DCCH
SRB
carrying
NAS
messaging,
low priority

DCH

Physical channel used for carrying HS speciﬁc
control information, e.g., modulation,
Transport Block Size (TBS), or HARQ
related information
Physical Uplink channel used by the UE to
carry Channel Quality Indicator (CQI) and
Acknowledgment information
Physical channel used for cell identiﬁcation
and channel estimation
Physical channel used by the UE to detect the
presence of WCDMA carrier (Primary SCH:
P-SCH) and synchronize with radio frame
boundary (Secondary SCH: S-SCH)

DL DTCH,
RAB
subflow 1
(bit class A)

DCH

DL DTCH,
RAB
subflow 2
(bit class B)

DL DTCH,
RAB
subflow 3
(bit class C)

DCH

A separate logical
channel carries
each type of
information.
Typically, each
channel has a
different
termination point.

For Signaling,
only one transport
channel is
required because
all SRBs have the
same quality
(BLER)
requirement and
the same coding.
For RABs, each
subflow may have
different quality
requirements,
beacuse all have
different coding or
error protection.

DPDCH

All transport
channels are
carried by a single

physical channel (DPDCH)
i.e., a single
OVSF code.

Figure 1.9

Mapping of logical to transport to physical channels for speech and signaling

all uniquely deﬁned [10] and summarized in Table 1.2. The different SRBs and Radio
Access Bearers (RABs) are each associated with an RLC entity. RLC also deﬁnes the
size of the packet exchanged with the higher layer’s Packet Data Unit (PDU). Headers
can be added to the information if any multiplexing will be performed at the MAC level,
or to verify the delivery of the packet. For speech, the user payload does not include
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Table 1.2 Main channel characteristics for Speech + SRB example
Higher
layer

RLC

MAC

Layer 1

TFCS

DPCH
Downlink

RAB
RAB
RAB SRB SRB
subﬂow subﬂow subﬂow #1
#2
#1
#2
#3
RRC RRC
Logical channel type
RLC mode
Payload sizes, bit
Max data rate, bps
TrD PDU header, bit
MAC header, bit
MAC multiplexing

DTCH
TM
39, 81
12200
0
0
N/A

Spreading Factor

128

Format

8 [9]

SRB
#3
NAS

SRB
#4
NAS

DCCH
UM AM
AM AM
136 128
128
128
3400 3200 3200 3200
8
16
16
16
4
4
4
4
Four logical channel
multiplexing
TrCH type
DCH
DCH
DCH
DCH
TB sizes, bit
39, 81 103
60
148
TFS TF0, bits
0 × 81 0 × 103 0 × 60 0 × 148
TF1, bits
1 × 39 1 × 103 1 × 60 1 × 148
TF2, bits
1 × 81 N/A
N/A
N/A
TTI, ms
20
20
20
40
Coding type
CC 1/3 CC 1/3 CC 1/2 CC 1/3
CRC, bit
12
N/A
N/A
16
Max number of bits/TTI 303
333
136
516
after channel coding
RM attribute
180–220 170–210 215–256 155–230
TFCS size
6
TFCS
(RAB subﬂow #1, RAB subﬂow #2, RAB subﬂow #3,
DCCH) = (TF0, TF0, TF0, TF0), (TF1, TF0, TF0, TF0),
(TF2, TF1, TF1, TF0), (TF0, TF0, TF0, TF1),
(TF1, TF0, TF0, TF01), (TF2, TF1, TF1, TF1)
TM
103

Bits/
slot

TM
60

DPDCH
Bits/slot
Ndata1

40

6

Ndata2

28

DPCCH
Bits/slot

Transmitted
slots
Ntpc NTFCI Npilot per
radio
frame
NTr
2

0

4

15

such headers because TM is used and no MAC multiplexing is performed, although it is
necessary for the signaling aspects.
At the Transport Channel level, the payload plus any necessary headers are put into
transport blocks for which both a size and a Transmission Time Interval (TTI) are deﬁned.
For all the voice subﬂows, the TTI is 20 ms, or two radio frames, consistent with the
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frequency at which the vocoder generates packets. Alternatively for the SRBs, the payload
is spread over four radio frames, with a TTI of 40 ms. For higher-speed data rate RAB,
the basic payload size is at the most 320 bits (in Release 99), while the TTI is usually
10 to 20 ms and multiple blocks (RLC PDU) are transferred during each TTI.
The number of channels in this example and the fact that their multiplexing does not
follow a predetermined pattern leads us to the concept of the Transport Format Combination Set (TFCS). The TFCS determines how the blocks corresponding to the different
DCH channels are combined on the Physical Channel. In this example, not all combinations are allowed; only six are permitted, as per the standard. During the setup of the
radio bearer (i.e., the Physical Channel) the possible TFCSs are signaled to the UE as a
table. Within each radio frame, the Transport Format Combination Indicator (TFCI) signals an index pointing to that table. From this, the UE can reconstruct the DCH channels
received. In the example (as compared to Table 1.2), slot format 8 does not reserve any
bits for TFCI. In this case, the UE guesses which format was used, using a process called
blind detection [11].

1.3 WCDMA Network Deployment Options
GSM networks boast an advanced network architecture, where macrocells, microcells, and
indoor cells all interact. This ﬂexibility is enhanced by the many available GSM network
products, from a macro BTS handling a dozen transceiver modules (TRXs) per sector, to
a pico BTS handling only a few TRX over a single sector.
Similarly, since WCDMA was designed to interact closely with the deployed GSM
network, it will follow the GSM trend in terms of ubiquity and deployment options. From
practical and economic points of view, WCDMA deployments are not initially justiﬁed
outside the high-trafﬁc areas, typically the city centers. This section discusses the main
WCDMA deployment options and presents their relative advantages and shortcomings.
All of the options assume that at least two carriers are available for deployment. If this is
not the case, then deploying multiple layers – micro, macro, or indoor – greatly affects
capacity, as Chapter 3 illustrates.
1.3.1 1 : 1 Overlay with GSM, Macro Network
A 1 : 1 overlay of WCDMA onto a GSM network has so far been one of the most
popular deployment options, although not necessarily the best one. The main advantage
that explains its popularity is that this approach largely simpliﬁes the site acquisition
process; the only acquisition needed is an additional antenna position within the existing
structure. This option is sometimes further simpliﬁed, from a site acquisition point of
view, by replacing the existing antenna with a multiband or wideband antenna. In this
case, the design and optimization options for the WCDMA network are quite limited,
thus leading to suboptimal performance.
This situation applies to any site reuse between GSM and WCDMA. From a networkplanning standpoint, technical differences in the air interface between the two networks
make it difﬁcult to share sites. Key differences include coverage, mainly due to WCDMAs
higher frequency band, and capacity, mainly because of WCDMAs improved spectral
efﬁciency. Furthermore, the universal frequency reuse in WCDMA makes it difﬁcult to
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deploy Hierarchical Cell Structure (HCS) in WCDMA networks, whereas it is widely
used in GSM.
In GSM, using HCS is beneﬁcial because large cells (with tall antennas) can provide
coverage, while small cells (with low or medium height antennas) can provide capacity.
With the 1 : 1 frequency reuse of WCDMA, deploying HCS would allow a UE to reselect
the most appropriate layer; however, in Connected Mode, the UE would be in constant
handover between the layers, or, if parameters are set to prevent handover, the resulting
intercell interference would decrease the capacity advantage. Chapter 3 explores this in
greater detail.
As a result, a WCDMA overlay onto a GSM network is usually not 1 : 1, but would
exclude the tallest sites of the network as well as the microcells, at least initially. Also,
initially the overlay is not made over the entire GSM coverage area but only where the
capacity requirements are the highest. Two issues usually determine this choice: economics
and coverage. These may be linked to some extent. From a coverage perspective, the initial
WCDMA deployment occurs at 2100 MHz (1900 MHz in North America) while GSM
is widely deployed at 900 MHz (850 MHz in North America). This gives GSM a 10 to
15 dB Link Budget advantage in terms of RF propagation. This can translate to a site
count for WCDMA, for coverage only, of four to seven times the GSM site count. This
offsets any economic justiﬁcation for deploying WCDMA in rural areas, where coverage
requirements are high but capacity needs are low. Because of this limitation, planners may
rely on GSM coverage outside of urban centers. Unfortunately, the mechanism for intersystem transition, even if simple in principle, requires careful planning and optimization.
To facilitate that, Chapter 6 discusses inter-system transitions in detail.
1.3.2 1 : 1 Overlay with GSM, Macro, Micro, and In-Building
The preceding discussion about applying a WCDMA overlay to a macro network could
easily apply to all layers, if micro and pico Node Bs are available. In the early years
of WCDMA growth, only macro Node Bs were available but that situation is rapidly
changing.
To introduce a micro or indoor layer, it is necessary to have multiple carriers available. In this case, the macro layer operates on one carrier, while the micro and indoor
layers operate on a separate one. This better isolates the layers, providing signiﬁcant
advantages in terms of resource utilization. The drawback, of course, is that managing
mobility between layers – via cell reselection or handover – becomes more complex (see
Chapter 6).
Not only is mobility management more complex but a 1 : 1 overlay with GSM may
also use the available capacity inefﬁciently. In GSM, the spectrum – and hence the capacity – can be allocated in 200 KHz increments. But in WCDMA, increments are ﬁxed at
5 MHz, which for most operators represents 33 to 50% of the available spectrum. For this
reason, operators might decide to deploy the micro or indoor layers on the same carrier.
However, they must then consider the spatial isolation between layers, which could affect
capacity. Chapter 3 explores this issue.
1.3.3 WCDMA-Speciﬁc Network Plan
Another option for overcoming the limitations found in GSM overlay deployments is to
create a network plan speciﬁcally for WCDMA. Here, one does not rely on GSM site
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locations but only on the expected WCDMA trafﬁc and coverage requirements. As long as
coverage and capacity issues (see Chapters 2 and 3, respectively) and indoor issues (see
Chapter 8) are properly handled, a WCDMA-speciﬁc deployment results in a network
that is easier to optimize. Unfortunately, because of the ever-greater obstacles to site
acquisition, this option is only partially achievable. One possible solution is to start with
a WCDMA-speciﬁc plan, then select the sites from an existing GSM site portfolio when
they fulﬁll the coverage and capacity objectives for the WCDMA network.

1.4 The Effects of Vendor Implementation
In any WCDMA deployment scenario, vendor-speciﬁc implementation plays an important role, especially during network optimization. In spite of its 28 volumes containing
hundreds of speciﬁcations, the Release 99 standard [12] does not cover every detail. As
a result, vendors have a great deal of freedom to implement these details differently, to
differentiate themselves from competitors.
Vendor implementation affects several areas of network deployments:
• Node availability. As mentioned earlier, micro, pico, or other ﬂexible coverage solutions are only beginning to become available in the market. Eventually, all vendors
will offer multiple Node Bs for different applications, but today the choice is limited.
Vendor-speciﬁc implementations of RNC scalability are important for consideration.
For example, an RNC with limited backhaul connectivity should have ample Iur connectivity and capacity to ensure that soft handovers can be supported across the RNCs.
• Hardware architecture. This is another area that will continue to evolve in the next
few years. From a deployment point of view, the architecture itself is not critical but
network planners should evaluate the performance associated with the architecture, as
well as its expandability. The expandability should be considered as a two-dimensional
space, where features and supported nodes are the axes. The importance of feature
expandability is already an issue with High-Speed DL Packet Access (HSDPA; see
Chapter 7), and High-Speed UL Packet Access, which is being ﬁnalized and deployed
while Release 99 networks are still being rolled out. This continuous rollout – together
with the standardization of WCDMA in different frequency bands, and node availability – also emphasizes the importance of expandability.
• Performance. This is only guaranteed by the standard to a limited extent. The standard
mainly deﬁnes RF performance; however, there are other performance aspects to be
considered. From a user’s point of view, processing speed performance is at least
as critical as RF performance. Even in lightly loaded networks, the processing speed
for signaling can affect user performance. An example is how Measurement Report
Messages (MRMs) are processed: an architecture that queues the MRMs instead of
processing them in parallel is likely to retain obsolete members in the Active Set.
When setting up parameters (see Chapter 4), optimization engineers must weigh such
performance issues and their trade-offs.
• Parameter settings. This also is limited to a large extent by the architecture performance. To simplify initial implementation, most parameters can be set only at the RNC
level, even if cell-level or area-level setting might eventually be required. But eventually, as in other maturing systems, such as GSM or CDMA2000 1X, the whole range
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of standard parameters will be set at the Node B or cell level. This affects the workload of optimization engineers, since the number of parameters must then be multiplied
by the number of possible permutations. Understanding the parameters in detail is so
important that this book devotes an entire chapter to that subject; see Chapter 4.
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RF Planning and Optimization
Christophe Chevallier

2.1 Introduction
For Wideband Code Division Multiple Access (WCDMA), as with any cellular technology, the ﬁrst step in ensuring good Quality of Service (QoS) is to have strong, reliable
coverage. Unlike in Frequency Division Multiple Access (FDMA)/Time Division Multiple Access (TDMA) planning, WCDMA coverage and interference planning should be
done at the same time because improvements in coverage may create interference and
any attempt to control interference may cause coverage holes. Since the frequency reuse
number in WCDMA is 1, WCDMA network planning becomes challenging when ﬁnding
the balance between coverage and interference.
This chapter begins with an overview of the entire deployment process, from initial
planning to commercial operation. This is followed by step-by-step details on coverage
planning and optimization, including sample Uplink and Downlink Link Budgets to provide reliable coverage. The following sections describe network planning and modeling
tools that can be used to achieve a balance between coverage and interference by theoretical analysis and simulations. The ﬁnal sections show how real ﬁeld measurement data
can be used to support and improve the overall process.

2.2 Overview of the Network Deployment Process
The network life cycle can be represented in three steps, as shown in Figure 2.1. First, the
network is planned. Then the network is deployed, at which time initial optimization can
begin. When acceptable QoS is achieved, the network can enter commercial operation,
at which point the continuous optimization process begins, which ensures that evolving
performance and capacity needs are met.
2.2.1 Network Planning
Network planning consists of two steps: initial planning and detailed planning, as shown
in Figure 2.2.
WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects
 2006 QUALCOMM Incorporated

QUALCOMM Incorporated
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Figure 2.1

Network life cycle
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Obtain network
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Project setup
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Design for coverage

Network deployment

Initial optimization

Figure 2.2

Network planning process overview

During the initial planning – or nominal design – phase, the number of sites needed
to cover the target area is estimated to ensure that the requirements for both coverage
and capacity are met. The coverage requirements can be veriﬁed with Link Budgets and
Radio Frequency (RF) models. Section 2.3 describes Link Budgets. This book does not
discuss RF models because their accuracy depends greatly on the morphology of the
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site. RF models are best considered on a case-by-case basis, or adapted from similar
models developed at a similar frequency – typically 1800 MHz (Europe) or 1900 MHz
(US). Chapter 3 discusses extensively capacity requirements, as well as coverage and
capacity trade-offs.
During detailed network planning, site placement is estimated to ensure that coverage
and capacity requirements are met. This is done with the help of network planning tools,
which require extensive inputs to provide accurate results. Using these tools, coverage can
be estimated both in terms of signal level and interference. The main advantage of these
tools is that they can use Monte Carlo or similar simulations to estimate the interaction
between coverage and capacity. Ultimately, the network planning stage governs where
and how nodes are deployed in the network.
Once the network is deployed, its behavior should be tested against requirements and
expectations. A gradual process is recommended. It is begun by verifying that the conditions required to start optimization have been set. First the RF conditions, then the
low-level services (voice), and then higher-level services (such as video telephony and
packet switched [PS] data) are measured and adjusted. This approach simpliﬁes the optimization process by ensuring that only a limited set of parameters is considered during
each step.

2.2.2 Initial Optimization
The optimization process, illustrated in Figure 2.3 starts with the preoptimization tasks
aimed at verifying that all RF conﬁguration and system parameters are set according to
plan, and that all features are working properly under ideal RF conditions.
RF optimization primarily evaluates the RF conﬁguration – that is, the antenna type,
azimuth, tilt, or height – to ensure that the measured signal level (Receive Signal Code
Power [RSCP]) and interference (Ec /No ) meet the design target. During this process,
in addition to RF conﬁguration, a limited number of parameters can be tuned: Primary
Scrambling Code (PSC) assignments and Monitored Cell Lists. Although Common Pilot
Channel (CPICH) power allocation parameters can be allocated on a per-cell basis, this is
not recommended because of their impact on link balancing; consequently, CPICH power
allocation is not considered as a settable parameter during network optimization.
Parameter tuning should start with service optimization. At that stage, reselection,
access, and handover parameters are of primary importance. These parameters are initially
tuned for voice service. No further access and handover parameter tuning is necessary
because the access and handover processes are similar for all types of service. For reselection, further tuning may be necessary for PS data, especially for connected modes
(CELL FACH, notably).
For video telephony or PS data service, additional parameters should be evaluated:
target Block Error Rate (BLER), power assignment and power control, admission and
congestion control, rate and type switching, and Radio Link Control (RLC) parameters.
Preoptimization tasks are a critical part of initial optimization and should be performed
before sending a data collection team. The preoptimization tasks listed below ensure a
smooth transition to all the subsequent optimization steps by verifying that all nodes and
features are available.
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Pre-optimization task

RF Optimization

Voice service Optimization

Ensure system ready for optimisation.

Focus on RF configuration and limited
system parameters: PSC assignment,
monitored list.

Focus on voice performance: Access
and retention probability.
Access and handover parameters tuning.
Limited tuning of RF configuration.

CS and PS service
Optimization

Focus on quality and retention performance.
RLC and service specific parameters tuning.
Limited tuning of access, handover, and
RF configuration.

Optionally
(inter-system change
Optimization)

Focus on improving the retention during
inter-system change.
Inter-system reselection and handover
parameters tuning.
Limited tuning of intra-frequency parameters.

Figure 2.3

Overview of optimization process

• Basic feature veriﬁcation. Both call access (origination and termination) and call
retention performance tests should be done in controlled, stationary RF conditions.
Controlled RF conditions means a stable, strong received signal with limited interference. A target received signal of −70 dBm ± 10 dBm will fulﬁll part of the conditions
and is within the user equipment (UE) operating range of −107 dBm to −25 dBm [1].
Interference should be limited by the number of cells the UE can detect in the test
location as well as by the low load under which each cell is operating. No maximum
number of cells required for this veriﬁcation can be deﬁned, but a minimum of two
cells belonging to different Node Bs is sufﬁcient to reliably verify all the features,
including cell reselection and soft handover testing. This testing can be done under
static conditions because the goal is to ensure that call access and call retention are
reliable; RF is not the main focus at this stage. Any issues discovered in this test will be
in the realm of interoperability or commissioning, rather than optimization. With this
in mind, only a few nodes need to be tested (typically a test bed). In addition to call
access and retention, basic feature veriﬁcation may include intra-system cell reselection
and, depending on the implementation, inter-RNC handover.
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• Site veriﬁcation. Site veriﬁcation is similar to basic feature veriﬁcation except that
only a limited number of tests are performed, and these tests are done for each Node
B. Typically, a good RF environment is chosen for this test. However, it is best to run
the veriﬁcation independently for each cell of each site. Since this is a functional test
and not a performance test, only a few calls in each cell are required.
• Site inspection. Site inspection ensures that all the sites in the tested area have been
built as designed in the network plan. The inspection focuses on all parameters that
affect RF propagation. This includes the antenna system (feeders, jumpers, Tower
Mount Ampliﬁers [TMAs], and so on), the exact position of the site, and the parameter
settings. For an impartial assessment, it is highly recommended that a trusted third party,
other than the installation and commissioning team, be responsible for site inspection.
Section 2.8 and Chapter 8 discuss the RF and service optimization processes.
2.2.3 Continuous Optimization
Once the desired QoS for each service has been achieved and the network is commercially
deployed, the process of continuous optimization begins.
The early stage of continuous optimization veriﬁes that performance meets expectations
after the ﬁrst commercial users are introduced. Differences between the initial optimization
and the continuous optimization are likely to be observed because commercial trafﬁc
patterns rarely match test trafﬁc patterns. Different tools are needed to monitor commercial
trafﬁc. Because it is impractical to log every user, a statistical view based on network
counters should be employed. As the commercial trafﬁc grows, network capacity must
be adjusted. This may be addressed by adding sites, carriers, or technology, all of which
require further planning and optimization.

2.3 Link Budgets
Link Budgets estimate acceptable signal power levels by calculating the Maximum Allowable Path Loss (MAPL). During this analysis, several assumptions should be made and
documented. These assumptions concentrate on a few scenarios that represent the deployment area. A drawback of Link Budgets is that they present an oversimpliﬁed view of the
network. For the best possible accuracy, the assumptions should be selected as carefully
as possible.
One key assumption is homogeneity of the parameters across all cells. In a deployed
network, interference varies for each user and each cell because of different UE manufacturers, imperfect power control, different channel conditions, different RF conﬁgurations,
and different bit rates.
To complement the early phase of dimensioning, typically done with a spreadsheet,
complete network simulations are necessary. These would better represent the performance
of the network, assuming that all the simulations are run using accurate parameter settings.
However, simulations are time consuming and impractical when multiple scenarios are
required, as it is the case during initial planning.
Link Budgets are further limited by their inability to estimate coverage and capacity
trade-offs. Although Link Budgets include a loading term (for Uplink or Downlink),
this term usually does not represent a true distribution of trafﬁc over time, service, and
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location. These factors affect loading and are important for understanding the coverage
and capacity trade-off.
In contrast to how it is commonly done in FDMA/TDMA, network planning for
WCDMA examines the Uplink path before the Downlink path, from both the CPICH
and the different Radio Bearers. The Uplink is examined ﬁrst because the assumptions
are simpler and more widely accepted than they are for the Downlink. This is due to
several factors, notably the following:
• Single reception point (Uplink) versus multiple reception points (Downlink). This
factor causes the conditions at the receiver to be identical for all users. On the Uplink,
perfect power control can be assumed. This means that all users receive the same
power and create the same amount of interference for other users, even if the channel
conditions are different for each path. On the Downlink, each user is in different RF
conditions, in terms of channel conditions, interference, and handover conditions.
• Selection (Uplink) versus combining (Downlink) handover gain. For each link, the
soft/softer handover has a positive impact. On the Uplink, the fact that the best link can
be selected at any given time leads to a gain that can be considered a reduction of Lognormal Fading (LNF). This can be estimated analytically using widely accepted formulas [2] and as presented in Section 2.3.1.18. On the Downlink, handover has multiple
impacts, all of which reduce the trafﬁc channel power required to overcome interference.
• Independence (Uplink) versus interaction (Downlink) of users. On the Uplink, the
maximum transmit power is limited by the amount of power available to each user, as
determined by the capability of each UE. The required transmit power is affected by
other users in proportion to the interference they create. On the Downlink, interference
from other users in the same cell is reduced, because of the orthogonality of the
channels. However, the amount of trafﬁc channel power available depends on all users,
because a single power ampliﬁer is used.
2.3.1 Uplink Link Budgets
Table 2.1 shows a sample Uplink Link Budget for Adaptive Multi-Rate (AMR) voice.
The subsequent sections discuss each item in the Link Budget and address its effect on
speech AMR, CS64 bearer (typically used to support video telephony), and PS data bearer
services.
The references and formulas in Table 2.1 can be used in a spreadsheet program, such
as Microsoft Excel. By convention, lowercase references are used for logarithmic (dB or
dBm) values, while uppercase references are used for linear values. Gain is represented as
a positive value (+), while loss is represented as negative value (−). As an example the
Rise over Thermal (RoT) is entered as a negative number, meaning a loss or a reduction
in the MAPL. The following sections explain each entry in Table 2.1.
2.3.1.1 Maximum Transmit Power
Maximum transmit power is dictated by the UE class. Table 2.2 shows the maximum
transmit power for each UE class and the associated tolerances [3]. A voice-centric (i.e.,
handheld) UE is usually class 3 or 4. A data-centric (i.e., data card) UE is usually class 3.
If the network can mix UE classes, the Link Budget should be drafted for the highest class
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Table 2.1 Link Budget example for Speech AMR Uplink
Reference
a

Description

c
d
e

Maximum transmit
power
Cable and connector
losses
Transmit antenna gain
ERP
Thermal noise density

f

Information full rate

g
h
i

Thermal noise ﬂoor
Receiver noise ﬁgure
Load (fraction of pole
capacity)
Rise over Thermal
Required Eb /Nt
Sensitivity
Receive antenna gain
Cable, connector,
combiner losses
Rx attenuation and gain
Cell edge conﬁdence
Standard deviation
Log-normal fading
Handover gain

b

j
k
l
m
n
o
p1
p2
p
q
r
s
t
u
v
w

Diversity gain
Car penetration losses
Building penetration
losses
Body loss
Propagation components
Maximum Allowable
Path Loss

Values

Units

Formula

21.0 dBm

Input

0.0 dB

Input

0.0 dBi
Input
21.0 dBm
=a+b+c
dBm/Hz E = kT
k: Boltzmann constant (1.38 × 10−23 )
T : temperature in K (typically 290 K)
−174.0
e = 10 × log(E × 1000)
dB-Hz
f = 10 × log(F )
40.9
F input
−133.1 dBm
=e+f
5.0 dB
Input
0.5
Input
−3.0
7.2
−117.9
17.0
−3.0

dB
dB
dBm
dBi
dB

= 10 × log(1 − i)
Input
=e+f +h−j +k
Input
Input

dB
%
dB
dB
dB

0.0 dB
0.0 dB
−20.0 dB

=m+n
Input
Input
Per equation 2.3
Per equation 2.4
×1.6 − (8 − p2)/10
Input
Input
Input

−3.0 dB
−29.2 dB
123.7 dB

Input
=p+q+r +s+t +u
=d −l+o+v

14.0
0.9
8.0
−10.3
4.1
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Table 2.2 Maximum transmit power and associated tolerance
for each UE class
UE class

Maximum Tx power [dBm]

Tolerance [dB]

33
27
24
21

+1/−3
+1/−3
+1/−3
+2/−2

1
2
3
4

(lowest maximum transmit power). For a more conservative estimate, the Link Budget
can use the lowest acceptable transmit power for the class, considering the tolerances,
such as 19 dBm for UE class 4.
2.3.1.2 Cable and Connector Loss
Because a handheld UE typically does not use an external antenna, this item is null. For
data cards, external antennas are commonly available. If this option is widely used in
the network, the loss associated with the cable should be counted. In addition, the Link
Budget also must account for the antenna gain (typically 3 to 6 dBi).
2.3.1.3 Transmit Antenna Gain
Because a handheld UE typically does not use an external antenna, the gain is set to
null (0 dBi).
2.3.1.4 Effective Radiated Power
Effective Radiated Power (ERP) is calculated for all gains and losses in the transmitter chain.
2.3.1.5 Information Full Rate
Information Full Rate is the bearer data rate. On the Uplink, the main data rates are
12.2 kbps for speech, and 64 kbps for PS or Circuit Switched (CS) data services. Release
99 of the standard [4] supports higher data rates of up to 384 kbps for PS (limited to
64 kbps for CS), but these rates are not commonly implemented.
2.3.1.6 Thermal Noise Floor
The thermal noise ﬂoor in this Link Budget is calculated using bit rate, not chip rate,
to ensure consistency with the sensitivity calculation. Thermal noise ﬂoor affects the
sensitivity.
2.3.1.7 Receiver Noise Figure
The Node B noise ﬁgure should be consistent with the site conﬁguration. A value of 4 to
5 would assume that no TMAs are used. If TMAs are used, the cascaded ampliﬁer noise
factor in the linear domain is calculated using Equation 2.1.
N F = N F1 +

N F2 − 1 N F3 − 1
N F4 − 1
+
+
G1
G1 × G2
G1 × G2 × G3

(2.1)
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Antenna

G1 = 1/transmission loss
NF1 = transmission loss

G2 = per manufacturer
specification
NF2 = per manufacturer
specification

Antenna to TMA
jumper

G3 = 1/transmission loss
NF3 = transmission loss

G4 = per manufacturer
specification
NF4 = per manufacturer
specification

Feeder

Tower Mount
Amplifier (TMA)

Node B receiver
reference point

Figure 2.4 Receive chain considered for noise ﬁgure calculation

This equation is limited to four stages, shown in Figure 2.4, which would normally be
sufﬁcient for a receive path. Stage 1 is the jumper from the antenna to the TMA. Stage 2
is the TMA. Stage 3 is the feeder. Stage 4 is the Node B receiver. For each stage, NFn
refers to the noise factor and Gn refers to the gain. For passive (e.g., feeder) components,
the gain would be lower than 1; to reﬂect a loss, the noise factor should be calculated as
the inverse of the gain.
2.3.1.8 Load
In the Link Budget, load is the only input representing trafﬁc. When estimating the tradeoff between coverage and capacity, the coverage and capacity load estimations are set
to the same value. Loading of 50% is typical for symmetric trafﬁc with links of similar
capacity. However, this assumption does not apply if data services are in the trafﬁc mix.
With data services, Uplink loading is expected to be about 35 to 40%. This is further
discussed in Chapter 3.
2.3.1.9 Rise over Thermal
RoT is also known as Interference Margin or Load Margin. The RoT is estimated from
the loading value by means of Equation 2.2.
RoT = 10 × log10 (1 − load)

(2.2)

The result of this equation will be negative to reﬂect a loss in the Link Budget.
2.3.1.10 Required Eb /Nt
The required Eb /Nt , energy per bit-over-total interference (Nt ) ratio is inﬂuenced by four
factors: the coding of the bearer, channel conditions, the target BLER, and the quality of
the receiver.
Error-resistant coding helps reduce the Eb /Nt requirement. For instance, bearers that
support turbo coding (mainly used for interactive, or PS data, applications) typically have
a lower Eb /Nt requirement compared to bearers supporting only convolutional coding
(mainly used for conversational, or CS, applications).
Similarly, if an application can sustain a higher probability of errors (BLER), the Eb /Nt
requirement is reduced.
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Channel conditions, namely multipath effects and UE speed, also affect the required
Eb /Nt . More unresolvable multipaths require higher Eb /Nt because Rake receivers and
power controls become less efﬁcient. Thus, higher energy per bit is required to recover
the same amount of energy. Time diversity provided by the coding is not sufﬁcient at UE
speeds between a few kilometers and under 30 kilometers per hour.
The required Eb /Nt can be estimated from link-level simulations, or from manufacturer speciﬁcations. For Link Budget purposes, an important assumption is the diversity
under which the Eb /Nt numbers were derived. Typically, they correspond to two-pole
diversity, with sufﬁcient decorrelation between the paths. This assumption can be veriﬁed
for antenna separation of over 10 wavelengths using polarization diversity in an urban
environment. Table 2.3 shows the minimum performance requirements [1].
The requirements in Table 2.3 are deﬁned for the test conditions (cases) that correspond
to the delays and the relative power for the multipaths shown in Table 2.4.
Table 2.3 Example of Eb /Nt requirements for different bearers
Bearer

Target
BLER [%]

Minimum requirement [dB]
Static
(AWGN)

Case 1

Case 2

Case 3

Case 4

Speech AMR 12.2 kbps

1

5.1

11.9

9.0

7.2

10.2

CS64 kbps

1

1.7

9.2

6.4

3.8

6.8

PS64 kbps

10

1.5

6.2

4.3

3.4

6.4

PS128 kbps

10

0.8a

5.4a

3.7a

2.8a

5.8a

PS384 kbps

10

0.9

5.8

4.1

3.2

6.2

a

Value corresponding to 144 kbps rather than 128 kbps.

Table 2.4 Multipath proﬁles [1] used in the minimum performance determination
Case,
per 25.101

Case 1,
speed 3 km/hr

Case 2,
speed 3 km/hr

Case 3,
speed 120 km/hr

Case 4,
speed 3 km/hr

Relative Relative Relative Relative Relative Relative Relative Relative
delay
mean
delay
mean
delay
mean
delay
mean
[ns] power [dB] [ns] power [dB] [ns] power [dB] [ns] power [dB]
First detected
path

0

0

0

0

0

0

0

0

Second
detected path

976

−10

976

0

260

−3

976

0

Third detected
path

NA

NA

20000

0

521

−6

NA

NA

Fourth detected
path

NA

NA

NA

NA

781

−9

NA

NA
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2.3.1.11 Sensitivity
Sensitivity is calculated on the basis of concepts presented in Figure 2.5. The minimum
signal level received (at the chip level) for successful demodulation is based on how
much bit energy is received and whether the bit energy is sufﬁciently above the noise and
interference generated from thermal noise and other users. Thermal noise is calculated
at a bit rate rather than a chip rate. This is equivalent to calculating the thermal noise
at the chip rate, then spreading it over the bandwidth with a ratio of W/Rb , where W
is the spreading bandwidth in chips per second (3.84 Megachips per second, Mcps for
WCDMA) and Rb is the bearer bit rate (12.2 kbps for speech AMR, and 64 kbps for
either CS or PS data).
2.3.1.12 Receive Antenna Gain
By convention, antenna gains are given in dBi, referenced to an isotopic element. The
antenna gain used in the sample Link Budget allows for a beamwidth of 65 degrees and
still is less than 2 meters tall.
2.3.1.13 Cable, Connector, and Combiner Losses
This entry accounts for the losses associated with all the components between the antenna
and the Node B reference point. The values are similar on both the transmit (Downlink)
and the receive (Uplink) sides. These losses should be set according to the expected
deployment conﬁguration, including whether the antenna will be shared with other techEb: bit energy for a
single user received
at the cell

After de-spreading, the
bit energy to chip energy
has a ratio equal to the
chip rate to bit rate ratio:
this is the spreading gain

Noise floor
increase with the
recieved power
from all users

Ec: chip energy for
a single user received
at the cell

Power control will vary DPCH E c, in
such a way that Eb/Nt is kept at
the required value (required
Eb/Nt) for the current channel
conditions and BLER target

Nth + RoT ~ N t: total noise
N th: thermal noise = kTW + NFRx

Sensitivity: the minimum
received power at the cell
(contribution of a single user)
to maintain the required Eb/N t
This value can be below N th,
as this value is considered
before de-spreading

Figure 2.5 Uplink receiver sensitivity concepts
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nologies (Global System for Mobiles [GSM] notably), whether existing feeders will be
reused, or whether tower-mounted ampliﬁers will be used.
At the IMT-2000 frequency band (2.1 GHz), the feeder is usually the main source
of loss.
2.3.1.14 Receive Attenuation and Gain
The receive attenuation gain, or loss, is calculated by adding all the gain and loss in the
receive path.
2.3.1.15 Cell Edge Conﬁdence
The cell edge conﬁdence, with a standard deviation, is used to calculate the LNF margin. The cell edge conﬁdence represents the probability that coverage will be available at
the periphery of the cell, on the basis of a statistical distribution of the path loss. Instead
of the cell edge conﬁdence, the cell area probability can be used to estimate the network
coverage QoS.
The cell area and cell edge can be linked. The graph shown in Figure 2.6 [2] represents
the sensitivity to the path loss exponent, r, and the standard deviation, σ . For the typical
value of 90% cell edge conﬁdence, the cell area conﬁdence is 97% over a wide range
of r and σ . The cell area conﬁdence should be set in accordance to the expected QoS.
For example, for 90% cell edge conﬁdence and 97% cell area conﬁdence, the maximum
target for call success should be 97%. Expecting better QoS than cell area conﬁdence
would be equivalent to expecting service in areas where coverage is not available.
2.3.1.16 Standard Deviation
Standard deviation represents the dispersion of the path loss or received power measured
over the coverage area. The morphology of the area – manmade structures and natural
obstacles – disperses the signal propagation by altering the line of sight and causing
diffraction, refraction, and reﬂection. The standard deviation shows limited correlation
with frequency, but this can vary greatly with morphology [5–7]. In cities, the standard
deviation can be estimated as 4 to 12 dB. Table 2.5 shows standard deviations by land
use density.
2.3.1.17 Log-normal Fading
Considering that the received signal at a given location can be represented by a Gaussian distribution, the LNF can be estimated as a complementary cumulative probability
distribution function. For easy implementation in a spreadsheet, this can be determined
from the cell edge probability (ε) and the standard deviation in the area (σ ), as shown in
Equation 2.3.
LNF = −NORMINV(ε, 0, σ ) = σ × Q(ε)
where

Q(ε) ∼
=

∞
√
ε

1
2×π

× e−λ /2 d(λ)
2

(2.3)
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Figure 2.6 Cell edge conﬁdence versus cell area probability, as a function of path loss exponent
(a) and standard deviation (b)
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Table 2.5

Standard deviation per land use category

Land use category

Suburban
Urban
Dense urban

Practical range for
standard deviation [dB]
4–8
8–10
10–12

2.3.1.18 Handover Gain
On the Uplink, the handover gain can be seen as a reduction in the LNF. This assumption
is valid if we consider that the paths to the different cells serving a call are independent,
or have a limited correlation. Path independence for cells from different sites is obvious,
because the geographical locations of the receiver lead to independent path obstructions.
For cells of the same site, as in the softer handover case, paths could have greater correlation, resulting in a reduced statistical handover gain. The Link Budget does not take this
into account, because it is partly compensated for by possible soft combining. Assuming that both paths are equal, the combining gain would be 3 dB for both directions.
Equation 2.4 estimates the handover gain for 50% correlation.

√
Gain H O = NORMINV (ε, 0, σ ) − NORMINV (1 − 1 − ε, 0, σ )


8−σ
× 1.6 −
(2.4)
10
2.3.1.19 Diversity Gain
Diversity gain is set to 0 dB in this Link Budget because it was included in the Eb /Nt
requirement. Including two-pole diversity in the Eb /Nt requirement is a standard practice. Two-pole diversity can be achieved either with two spatially separated and vertically
polarized antennas or with a single cross-polarized antenna. However, if sufﬁcient signal
decorrelation cannot be achieved, then vertically polarized antennas must be separated
by a minimum of 10 wavelengths to achieve reasonable decorrelation. Separating the
antennas even more will further improve decorrelation. For cross-polarized antennas in
a macrocellular network, the decorrelation achieved in dense suburban or higher density
environments yields a diversity gain comparable to space diversity (10 λ). For morphologies with few manmade obstructions, such as rural environments, the cross-polarization
gain can be reduced by up to 2 dB, compared to urban and dense urban environments [8].
Table 2.6 shows how the various adjustments affect antenna diversity gain.
2.3.1.20 Car Penetration Losses
Car penetration losses depend on car type and construction, as well as local regulations.
Historically, for network design, car penetration losses were set between 3 dB and 6 dB.
For newer car materials, such as heat-efﬁcient glass, this value can be increased up
to 10 dB.
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Table 2.6 Diversity gain adjustment for different morphologies and diversity techniques
Morphology

Space diversity

Polarization
diversity

20 λ or over 10–15 λ 5 λ
Rural
Suburban
Urban

Reference

−0.5

−1

−2
−1
0

Many countries have regulations that ban cell phone use while driving unless a handsfree kit has been installed. The location of this car kit equipment causes great variation
in car penetration loss.
Taking all these factors into account, the conservative value for car penetration loss is
6 to 10 dB.
2.3.1.21 Building Penetration Losses
Building Penetration Loss (BPL) is discussed in Chapter 8. In our sample Link Budget,
BPL is a single number, although in reality the value depends on the area of expected
coverage. Values below 20 dB are usually sufﬁcient to cover the ground ﬂoor area immediately inside the outermost walls of the building. Values up to 45 dB would be required to
cover 95% of the ground ﬂoor space. This amount of coverage may require other deployment scenarios, such as microcells or an indoor solution, to overcome the interference
created by the external building walls.
2.3.1.22 Body Loss
Body loss is affected by the evolution of handsets and how people use them. With handsfree kits, the UE can be located anywhere on the user, not necessarily close to the head.
This could cause large variations in body losses, but no deﬁnitive characterization has
been done.
For video-telephony applications, body loss can be ignored or reduced as compared to
voice applications, because users will be holding the UEs at arm’s length away from their
bodies.
For PS data usage, the body loss depends on both the UE and the application. For
mini-browser applications, the UE is held in the hand so the user can navigate the built-in
browser. Body loss is assumed to be similar to that in video-telephony applications. In
contrast, for mobile ofﬁce applications on a UE with a Personal Computer (PC)-card,
equipment loss is a greater factor than body loss. The loss created by this equipment
depends on the type of antenna (ﬁxed integrated, swivel integrated, or external) and the
computer to which the card is connected.
The 3 dB value in the Link Budget can be considered conservative. Measurements can
reveal attenuation from 2 to 5 dB for a UE held at head-level, depending on the UE
antenna design and its direction relative to the main server.
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2.3.1.23 Propagation Components
In a Link Budget, the penetration losses and user-related losses are similar: both represent
additional attenuation that affects signal and interference equally. Thus, penetration losses
and user-related losses can simply be added together.
2.3.1.24 Maximum Allowable Path Loss
The MAPL can be calculated from the Effective Radiated Power (ERP ), the Receive
sensitivity (Rxsens), the received attenuation and gain (Rxgain+loss ), and the propagation
components (Propagation gain+loss ), using Equation 2.5:
MAPL = ERP − Rxsens + Rxgain+loss + Propagation gain+loss

(2.5)

2.3.2 Downlink Link Budget for CPICH
Downlink coverage varies according to the mechanism by which a UE accesses a Universal Mobile Telecommunications Systems (UMTS) network. Figure 2.7 presents a simpliﬁed diagram of the access procedure, from turning on UE power until a bearer is
established and the UE is in Idle Mode.
This diagram shows three distinct coverage states: system acquisition, access probability, and maintaining a dedicated channel (DCH).

Figure 2.7

Simpliﬁed ﬂow diagram from UE power on to Idle Mode
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• System acquisition. During system acquisition, coverage can be deﬁned as the probability that the system will be acquired when the UE is powered on. Four channels must
be acquired or demodulated in the following order: Primary Synchronization Channel
(P-SCH), Secondary Synchronization Channel (S-SCH), CPICH, and Primary Common
Control Physical Channel (PCCPCH). The acquisition or demodulation of any of these
channels depends on their assigned power, the channel conditions, and the performance
of the UE. A Link Budget can be written for each of these. Since none of these channels
is power-controlled and the entire process relies only on Downlink channels, this is a
good deﬁnition of coverage for a Downlink Link Budget representing the maximum
extent of cell coverage.
• System access. During system access, system coverage can be deﬁned as the probability
of successful call termination or call origination. Deﬁning a Link Budget in this case
is not practical, because both Uplink and Downlink channels affect the overall results.
• Connected state. Connected state corresponds to the Link Budgets deﬁned in Section
2.3.1 for Uplink and Section 2.3.3 for Downlink, with the log-normal margin accounting
for the random nature of the process. In the Connected Mode, the CPICH should be
monitored at all times, because handovers are based on CPICH measurements.
Because CPICH is required for system acquisition and must be monitored at all times
afterwards, it would be natural to use this channel to deﬁne the maximum possible coverage. This idea is further justiﬁed when we consider Idle Mode processes. CPICH-measured
values are compared to broadcasted thresholds to evaluate the need for reselection or to
declare out-of-service area occasions, indicating that the UE is outside the coverage area.
Having established that a Link Budget based on the CPICH would represent an absolute
Downlink coverage, Table 2.7 presents a CPICH-based Downlink Link Budget example.
When evaluating the coverage of WCDMA services, the coverage for all the common
channels is assessed to ensure proper acquisition, reselection, and access. This assessment
can be made using the CPICH Link Budget for channels that are not demodulated (Synchronization channel mainly), and the Downlink service Link Budget for channels that are
demodulated (Acquisition Indicator Channel [AICH], Paging Indicator Channel [PICH],
PCCPCH, and Secondary Common Control Physical Channel [SCCPCH]). The target
Eb /Nt for any of the demodulated channels should be known and combining gain should
not be considered. Using soft handover (macrodiversity) for any of the channels used in
Idle or Access state assumes that reselection works perfectly and the UE can instantaneously reselect to the stronger server. If the reselection process is delayed, notably when
using long Treselection (see Chapter 4), this assumption is not valid and handover should
be set to 0 dB.
The most important parameters in this Link Budget are the minimum RSCP and the
target Ec /No ; we recommend that they be set to Qrxlevmin and Qqualmin, respectively.
(Chapter 4 explains the reason for this.) This Link Budget assumes that the values correspond to the edge of coverage deﬁnition of a fully loaded Code Division Multiple Access
(CDMA) system. Once the minimum RSCP is known, the MAPL can be calculated and
used to compare Uplink and Downlink coverages.
2.3.3 Downlink Link Budget for Various Services (Connected Mode)
Table 2.8 shows a Link Budget example for the Downlink that illustrates the effects of
coverage and interference. Interference is estimated by comparing the achieved Eb /Nt to
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Table 2.7 Absolute downlink link budget, based on CPICH
Reference

Parameter

Log
values

33.0
−10.0
−3.0

d
e
f
g
h
i
j
k
l
m
n

CPICH transmit power
CPICH Ec /Ior
Cable, connector, combiner
losses
Transmit antenna gain
CPICH ERP
HPA max transmit power
Maximum ERP
Target load (power)
ERP at target load
Thermal noise density
Information full rate
Receiver noise ﬁgure
Thermal noise
Ioc /Iˆor

o

Ec /No

p
q
r
s
t

Minimum Ec /No
RSCP from target cell
Minimum target RSCP
Receive antenna gain
Cable, connector, combiner
losses
Rx attenuation and gain
Cell edge probability
Standard deviation
Log-normal fading
Handover gain
Diversity gain
Car penetration losses
Building penetration losses
Body loss
Propagation components
Maximum Allowable Path
Loss
Target RSCP counting
propagation components

a
b
c

u
v
w
x
y
z
aa
ab
ac
ad
ae
af

Units

Formula (uppercase represents
linear units; lowercase
represents log values)

dBm
dB
dB

Input
=a−f
Input

dBi
dBm
dBm
dBm
dB
dBm
dBm/Hz
dB-Hz
dB
dBm/Hz

Input
=a+c+d
Input
=f +c+d
Input
=g+h
See Table 2.1
10 × log(3840000)
Input
=j +k+l

3

dB

−14.8

dB
dB
dBm
dBm
dBi
dB

Input
E/ AE
=
N ×i
M+
AE
Input
= e − ae + ad
Input
Input
Input

0.0
0.9
8.0
−10.3
4.1
0.0
0.0
−20.0
−3.0
−29.2
128.8

dB
%
dB
dB
dB
dB
dB
dB
dB
dB
dB

=s+t
Input
Input
See Table 2.1
See Table 2.1
Input
Input
Input
Input
= x + y + z + aa + ab + ac
= e − r + aa + u

−81.8

dBm

= q − ad

17.0
47.0
43.0
57.0
0.0
57.0
−174
65.8
7.0
−101.2

−16.0
−111.0
−111.0
0.0
0.0
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Table 2.8 Downlink Link Budget example based on Downlink-Dedicated Physical Channel
(DL-DPCH)
Reference
a
b
c
d
e
f
g
h
i
j
k
l
n
o
p

q
r
s
t
u
v
w
x
y
z
aa
ab
ac
ad
ae

Description
Maximum DPCH Power
Minimum DPCH Ec /Ior
Cable, connector, combiner
losses
Transmit antenna gain
Maximum DPCH ERP
HPA maximum transmit
power
Maximum total ERP
Thermal noise density
Information full rate
Receiver noise ﬁgure
Ioc /Iˆor (1/geometry)
Beta (combining gain)
Achieved Eb /Nt
Required Eb /Nt
Sensitivity, discounting
interference, and
propagation components
Maximum Allowable Path
Loss, without interference
Received power from target
cell
Other-cell interference
power density, Ioc
Sensitivity
Receive antenna gain
Cable, connector, combiner
losses
Rx gain and losses
Log-normal fading
Handover gain
Diversity gain
Car penetration losses
Building penetration losses
Body loss
Propagation gain and losses
Maximum Allowable Path
Loss

Values

Units

29.3 dBm
−13.7 dB
−3.0 dB
17.0 dBi
43.3 dBm
43.0 dBm

Formula
Input
b =f −a
Input
Input
e =a+c+d
Input

57.0
−174.0
40.9
7.0

dBm
dBm/Hz
dB-Hz
dB

g =f +c+d
See Table 2.1
See Table 2.1
Input

3.0
3
8.9
8.9
−117.2

dB
dB
dB
dB
dBm

Input
Input
Per [10] and equation 2.7
Input
p =h+i+j +o

160.5 dB
−103.5 dBm

q =e−p+w
r =g−q

−163.4 dBm/Hz s = r + l + k − 10 × log(3840000)
−112.0 dBm
0.0 dBi
0.0 dB
0.0
−10.3
4.1
0.0
0.0
−20.0
−3.0
−29.2
126.1

dB
dB
dB
dB
dB
dB
dB
dB
dB

= 10 × log(10((h+j)/10) + 10(s/10) ) +
i+o
Input
Input
w =u+v
See Table 2.1
See Table 2.1
Input
Input
Input
Input
ad = x + y + z + aa + ab + ac
ae = e − t + w + ad

www.4electron.com

40

WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects

the required Eb /Nt . Coverage is estimated from the MAPL, which directly depends on
the assigned Dedicated Physical Channel (DPCH) transmit power.
Many entries in Table 2.8 are the same as those described for the Uplink Link Budget
and are described in Section 2.3.1. The following sections explain the entries that are
different 1 or added for the Downlink.
2.3.3.1 Maximum DPCH Power
Unlike for the Uplink, in which the maximum transmit power is standardized for each UE
class, this value is conﬁgurable by the operator for the Downlink. The value can be set as
an absolute power or as a value relative to the CPICH power. Depending on the vendor
implementation, this value could be the same for all Radio Bearers or settable according
to the type of Radio Bearer: voice, CS64, PS data. Setting a value for each Radio Bearer
is more adaptable. The power assignment can change to match the desired coverage at
the target BLER, or to limit the coverage for a given Radio Bearer to favor capacity.
The setting in this sample Link Budget was chosen to meet the Eb /Nt requirement, given
all the other assumptions described below. This resulting value is not necessarily the
recommended maximum DPCH power – the recommendation should consider extreme
cases and capacity, as described in Chapter 4.
2.3.3.2 Minimum DPCH Ec /Ior
This value is not directly used in our Link Budget example. We mention it nonetheless
because it is a common output of link-level simulators. In such simulators, required transmit powers are not usually speciﬁed in absolute values, but as fractions of the maximum
transmit power. This emphasizes the fact that Downlink transmit power is set mainly
to compensate for interference, rather than to compensate for path loss. If a link-level
simulator is used to determine the DPCH transmit power, the Link Budget could be
modiﬁed to accept the minimum Ec /Ior as an input. Then the maximum DPCH transmit
power could be calculated from the maximum High Power Ampliﬁer (HPA) power and
the minimum Ec /Ior .
For example, Figure 2.8 shows the required Ec /Ior for several geometries and channels,
based on a link-level simulator.
2.3.3.3 HPA Maximum Transmit Power
The vendor determines the maximum transmit power at which the HPA is driven. This
value is used only to estimate the Downlink interference.
2.3.3.4 Receiver Noise Figure
The Receiver Noise Figure value should reﬂect the minimum performance of the UE
deployed in the network. Typical values range from 6 to 9 dB.
2.3.3.5 Other- to Same-Cell Interference Ioc /Îor
The Link Budget example uses the ratio of other-cell interference to same-cell contribution
(Ioc /Iˆor ) rather than the better-known term geometry, G, which denotes its inverse, as
shown in Equation 2.6 [9].
Ioc /Iˆor = G−1
(2.6)
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Channel case
AWGN
0

1

2

3

Required Ec/Ior [dB]

−5

−10

−15

−20

−25

−30
Geometry = −3 dB

Geometry = 0 dB

Geometry = 3 dB

Geometry = 6 dB

Figure 2.8 Simulated minimum Ec /Ior required for various channel conditions, based on a
link-level simulator

In this ratio, Ioc (other-cell interference) represents the total received interference spectral
density for cells not in soft handover. This can be determined from the effective transmit
power for all the cells not in soft handover, and the path loss from these cells to the location
of interest. This deﬁnition shows that Ioc depends on how well the coverage of the cells
not in handover is contained. The coverage overlap between cells should be limited as
much as possible, to minimize other-cell interference. Alternatively, Ioc can be controlled
by including all the cells detected in the area of interest in the Active Set, but this reduces
efﬁciency. Iˆor represents the received power spectral density of the Downlink of all cells that
are in soft handover, that is, that contribute to the link. Both terms consider the total transmit
power of the cell at a given time. Hence, the ratio depends on the current load situation.
Figure 2.9 illustrates how Ioc /Iˆor evolves within a cell. It presents the geometry, G, estimated through Monte Carlo simulation, under a full and evenly loaded hexagonal grid
network. In this type of network, the most signiﬁcant improvement is achieved when the
Active Set size is increased from 1 to 2 (about 3 dB). When the Active Set size is further
increased to 3, the geometry at the edge improves by about 1 dB. Increasing the Active Set
size from 3 to 4, not presented in the ﬁgure, yields only marginal improvements, typically
less than 1 dB. This observation implies that an Active Set size of 3 should be sufﬁcient,
assuming handovers are performed without delays and the overlap between cells is well
contained.
Geometry cannot be computed easily from ﬁeld measurements. From the same Monte
Carlo simulation, Figure 2.10 compares the geometry to the combined Ec /No . Table 2.9
shows the average geometry and the 5th and 10th percentile tail of the geometry distribution
for the AS = 1 through AS = 4. The mean geometry can be used in a Link Budget to
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−9
−10

Combined Ec /Io [dB]

−11
−12
−13
−14
−15
−16
−17
−18

−5

0

5
Geometry AS1

10
Geometry [dB]
Geometry AS2

15

20

Geometry AS3

Figure 2.9 Geometry distribution for different Active Set sizes under even loading

estimate coverage, while the 5th or 10th percentile can be used to determine the maximum
DPCH required. The percentile used should match the expected probability of service, also
known as the cell area conﬁdence, to ensure that the Downlink will not drop because of
insufﬁcient DPCH power.
2.3.3.6 Beta (Combining Gain)
On the Downlink, the combining gain represents the possibility that the multiple DPCHs
in the Active Set can be combined. This reduces the required transmit power from each
leg in soft handover. Using the maximum ratio combining equation [10] and assuming
that the paths to the different serving cells and the loading are equal, the combining gain
can be calculated as 2 (3 dB) for two servers and 3 (4.8 dB) for three servers.
2.3.3.7 Achieved Eb /Nt
Achieved Eb /Nt (DCH Eb /Nt ) can be estimated using Equation 2.7, given the following:
•
•
•
•
•

The portion of the total power used for the DCH (DPCH Ec /Ior )
The chip and information bit rate
Combining gain (β)
The relative weight of the multipath components (ai )
The geometry (Ioc /Iˆor )

www.4electron.com

RF Planning and Optimization

43

20

Geometry [dB]

15

10

5

0

−5

0
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Figure 2.10

0.3

0.4

0.5
0.6
Relative distance

Geometry AS2
Log. (Geometry AS2)

0.7

0.8

Geometry AS3
Log. (Geometry AS3)

0.9

1

Geometry AS4
Log. (Geometry AS4)

Geometry versus distance for different Active Set sizes under even loading

Table 2.9 Geometry for different handover parameter settings
Conditions
AS
AS
AS
AS

size = 4, AS threshold = 3
size = 3, AS threshold = 3
size = 2, AS threshold = 3
size = 1

Mean [dB]
7.6
7.5
7.0
4.9

10th percentile [dB]
2.5
2.4
1.6
−1.9

5th percentile [dB]
1.8
1.7
0.9
−3

This formula is an extension of the DCH Eb /Nt presented in [10]. For any combining
gain, it is valid only for servers of equal strength.
The formula in Equation 2.7 is estimated in the linear domain and is not practical
for spreadsheet calculations unless equal-power multipaths are assumed. The Link Budget example in Table 2.8 considers two paths of equal strength. To show the effect of
multipaths on the achieved Eb /Nt , Figure 2.11 estimates the achieved Eb /Nt for most
common 3GPP channel cases [1].
Figure 2.11 shows that the channel with two equal paths is appropriate for initial network dimensioning, because it represents the average between case 2 (slow mobility) and
case 3 or 4 (high mobility). This graph also illustrates that the system will be less efﬁcient when multipaths of similar strength are present. With power control, the achieved
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8
7.8

Acheived Eb/Nt [dB]

7.6
7.4
7.2
7
6.8
6.6
6.4
6.2
6
Single path

Case 1

Case 2

Case 3

Case 4

2 equal paths

Channel case

Figure 2.11 Achieved Eb /Nt for different channel conditions

Eb /Nt should converge to the required Eb /Nt . Equation 2.7 can be used to estimate the
required DPCH (DPCH Ec /Ior ) to maintain the required Eb /Nt for a given channel condition.

β × ai2
Eb
DPCH Ec
Chip rate
DCH
×
=
×
Ioc
Nt
Ior
Information data rate
i=1
+ (β − 1) + (1 − ai2 )
Iˆor
(2.7)
L

2.3.3.8 Required Eb /Nt
On both the Downlink and the Uplink, the same variables affect the target Eb /Nt for
a given service. For the Downlink Link Budget, the receiver is a UE, not the Node B
cell. The difference in implementation and power control changes the typical range for
Required Eb /Nt compared to the Uplink values presented in Table 2.3. This difference
is apparent when we consider how the standard deﬁnes the minimum performance for
the UE [3] compared to the Node B cell [1]. For the Downlink, and thus for the UE,
the minimum performances are based on minimum DPCH Ec /Ior rather than on Eb /Nt .

www.4electron.com

RF Planning and Optimization

45

Table 2.10 Minimum Downlink performance in Ec /Ior and Eb /Nt
Minimum requirement
DPCH Ec /Ior [dB]a
Static (AWGN)
Bearer

Speech AMR
12.2 kbps
CS64 kbps
PS64 kbps
PS128 kbps
PS384 kbps
a
b

Estimated required
Eb /Nt [dB] b

Case 3

Target
BLER [%]

DCH Ec /Iˆor

Ioc /Iˆor

DCH Ec /Ior

Ioc /Iˆor

Static
(AWGN)

Case 3

1

−16.6

1

−11.8

3

5.6

8.93

1
10
10
10

−12.8
−13.1
−9.9
−5.6

1
1
1
1

−7.4
−8.1
−9
−5.9

3
3
−3
−6

2.5
2.3
2.2
2.1

4.6
3.9
4.0
4.4

From [3]
Calculated from [3] and Equation 2.7

Equation 2.7 can be used to convert between both values, as shown in Table 2.10. For simplicity, this table presents only the Additive White Gaussian Noise (AWGN) and case 3.
2.3.3.9 Sensitivity Calculation
The sensitivity calculation for the Downlink is similar to the Uplink calculation, but the
Downlink interference is created mainly from the other cells. Interference from other users
is mitigated by their orthogonality.
Figure 2.12 presents a conceptual view of the Downlink sensitivity. On the basis of this
view, we need to estimate other-cell interference, Ioc . Other-cell interference is calculated
in two steps. Discounting any interference, the sensitivity calculation is similar to the
calculation used for Uplink. The sensitivity is used to estimate the receive power from the
main server at the cell edge. With this value, the other-cell power density (interference)
can be calculated using the geometry. Receiver sensitivity can then be calculated by
comparing the total noise and interference (Nt ) with the target Eb /Nt .
For simplicity, the Link Budget does not include the effects of nonorthogonal signals in
the same cell on the Downlink. Instead, Figure 2.13 shows the impact of the orthogonality
factor on the total interference density. The baseline is Ioc , as included in the Link Budget.
For a nondispersive channel, the orthogonality would be close to 1, without ever reaching
1, because the synchronization channels (P-SCH and S-SCH) are nonorthogonal to the
other channels [11]. The orthogonality factor (α = 1- orthogonality) is generally used to
estimate same-cell interference.
2.3.3.10 Handover Gain
In addition to the combining gain used for the achieved Eb /Nt estimation, the macro
diversity (handover) offers the same reduction in LNF margin as seen in the Uplink.
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Eb: bit energy for a
single user received
at the cell
Power control will vary Ec, in
such a way that Eb/Nt is kept at
the required value (required
Eb/Nt) for the current channel
conditions and BLER target

After de-spreading, the
bit energy to chip energy
has a ratio equal to the
chip rate to bit rate ratio:
this is the spreading gain

Noise floor increase due to:
Ioc, other cell interference,
impacted by the total
transmit power of other
cells
lsc, non-orthagonal
same cell signal. Impacted
by SCH (never orthagonal)
and other channel in a
dispersive channel
condition.

N t: total noise
N th + I oc + I sc
N th: thermal noise
kTW + NFRx
Ec: chip energy for
a single user received
at the cell

Sensitivity: The minimum
recieved power at the cell
(contribution of a single user)
to maintain the required E b/N t
This value can be below Nt,
as this value is considered
before de-spreading

Figure 2.12 Downlink sensitivity: conceptual view
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Figure 2.13

Baseline

Effects of orthogonality on total interference power density and sensitivity
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2.3.3.11 Diversity Gain
For the Downlink, the Eb /Nt requirement does not consider diversity. Receive diversity is
not yet widely used for the Downlink because of the added cost and complexity it would
impose on the UE. When UE receive diversity becomes available, that gain should not
be used in the initial dimensioning until this feature is commonly available. By that time,
transmit diversity should also be available, so both transmit and receive diversity could
be considered together.
2.3.4 Uplink and Downlink and Service Comparison
So far we have deﬁned Uplink coverage for voice service, CPICH coverage, and Downlink
coverage for voice services. Comparing the MAPL for CPICH (LMAPL,CPICH ) and for voice
service (LMAPL,DL ), the CPICH coverage exceeds service by about 3 dB. This unbalance
is typical and allows the CPICH of a given cell to be monitored accurately well before
it becomes the best cell. More importantly, the Uplink and Downlink MAPL (LMAPL,UL
and LMAPL,DL ) should be compared.
Comparing LMAPL,UL calculated from Table 2.1 and LMAPL,DL calculated from
Table 2.8, the Uplink is limited by about 3 dB. This result is consistent with the concept
that Uplink is the limiting link in a WCDMA system or, more generally, in a cellular
system. This result depends on several assumptions, some optimistic, mainly on the
Downlink. One of the assumptions relates to geometry, which can be limited in a real
network, compared to the ideal network used for the Link Budget calculation.
From the Link Budget comparison, the Uplink and Downlink can be balanced by
decreasing the LMAPL,DL . The CPICH power is set to 30 dBm to balance the CPICH
and voice service Downlink MAPL. This supports the minimum RSCP, but the achieved
Ec /No could be lower than the minimum target previously deﬁned. In that case, the maximum HPA power is reduced to 40 dBm to maintain a constant maximum Ec /Ior for the
CPICH. Alternatively, the target Ec /No is reduced, and proper UE operation is veriﬁed.
Considering the minimum performance requirement [12] for the UE, measurement accuracy is deﬁned for the CPICH Ec /No level as down to −20 dB. Decreasing the target to
that level will not hinder UE operation. It is important to ensure that common and DCHs
can still be demodulated correctly, meaning they are unchanged in terms of absolute
power.
In a commercial implementation, any change in CPICH power should be accompanied
with increasing the ratio between CPICH and other common channels of the same value. If
the CPICH power is reduced from 33 to 30 dBm, the ratio between CPICH and PCCPCH
should be increased by 3 dB.
Before going to the extreme of adjusting all the common control channels to balance
the coverage, we need to review the initial assumptions to determine if the Uplink or the
CPICH coverage is limiting in all cases.
For the Uplink, class 3 UE is considered, but class 4 is currently more common. This
difference increases the LMAPL,UL by 3 dB, which balances the links for UE class 4 voice
services.
The Uplink Link Budget is calculated without TMA. If TMAs were used, the gain
would be seen ﬁrst on the Receiver Noise Figure, then on the cancellation of the receive
feeder losses. This would cause the Uplink MAPL to increase by 4 to 5 dB, and the
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Downlink will become limiting. In this case, the CPICH power should not be increased
to match the Uplink coverage because this will adversely affect the capacity. This is
explained in Chapter 3, which discusses capacity. When coverage is unbalanced in favor
of the Uplink, power control ensures that the UE transmit power is limited to the required
value, to save UE battery life.
In summary, the CPICH Link Budget can be used for an initial pass at link balancing.
This link balancing matches the CPICH to the Uplink coverage for the least limiting
service. A full analysis should be done to ensure that the link balancing remains valid for
all the considered services.
In an Uplink Link Budget, the following parameters primarily determine the difference
between voice and other services:
• Information full rate. This variable increases up to 64 kbps for both CS and PS data.
Other rates, 128 or even 384 kbps, are available for PS data, but are rarely implemented.
This increase in information rate is the main factor in the Link Budget, because of the
reduced spreading gain. Compared to voice, for which the spreading gain is 25 dB,
PS data at 64 kbps has a spreading gain of less than 18 dB. Because of the higher
coding scheme available, this 7 dB difference is only partially compensated for by the
reduction of required target Eb /Nt .
• Required Eb /Nt . Table 2.3 shows sample Eb /Nt requirements for the main bearers.
The higher coding available for data service can reduce the required Eb /Nt by 3.8 dB
on an average, for all channel conditions. Each case should be considered individually,
but this average shows that the decrease in spreading gain cannot be offset by the turbo
coding capabilities available for high-speed service. During dimensioning, Eb /Nt can
be affected not only by the type of service but also by the mobility and speed of the
users.
Table 2.11 compares Uplink MAPL for three types of services (AMR voice, CS64,
and PS64) and two channel conditions (AWGN and case 3). For static channel conditions, all services have a similar footprint, with a slight advantage for voice as compared
to the other services. Case 3, in contrast, has greater footprint differences between the
services, while retaining an advantage for voice. This illustrates the importance of fully
understanding how each service will be used, to avoid over- or under-designing the
network.
On the Downlink, a service-dependent Link Budget (as deﬁned in Section 2.3.3) and
the absolute coverage deﬁned in Section 2.3.2 should be considered. For link balancing,
the required DPCH power to meet the path loss corresponding to the CPICH coverage
Table 2.11 MAPL for Uplink, for different services and channel conditions
Service [dB]

AWGN

Case 3

AMR voice
CS64
PS64

125.8
125.0
125.2

123.7
119.9
120.3
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should be set for each service. Similar to the Uplink, several Downlink factors affect the
required DPCH power for each service.
Table 2.12 is based on the Downlink Link Budget presented in Section 2.3.3. Given
the CPICH absolute path loss, the table shows the required DPCH for each service to
achieve this coverage. In the static case (AWGN channel), all services could be achieved
over the service area, but the required power for high-speed services would be expensive.
For case 3, data rates should be restricted to 128 kbps because the required power for
384 kbps is higher than the −3 dB limit on Ec /Ior that is typically observed on commercial
equipment. The required power listed in this table does not consider capacity limitations;
consequently, the resulting values are not recommendations for power settings. Furthermore, the results are only for two scenarios, while a recommendation should account for
all typical cases.
On the basis of the assumptions discussed so far, the Uplink is limiting for all services.
Unless the coverage of the Downlink is reduced using a less powerful HPA, coverage
balancing would require Uplink changes such as TMA or higher order diversity.
On the Downlink, service areas can be equalized by increasing the DPCH power.
Service in this context means a type of trafﬁc rather than a data rate. For PS data in
particular, service means the availability of a PS data bearer at any data rate. A high
data rate might not be available over the entire area, depending on geometry and channel
conditions. On the Uplink, this power balancing is not possible because of the limited
UE power. Therefore, the network plan should be designed to accommodate the limiting
service, typically CS64.
Before comparing Uplink and Downlink coverage, both links should be balanced, with
similar path loss and interference. Downlink path loss can be estimated from measured
RSCP, and interference can be estimated from the Ec /No . On the Uplink, the only available measurement at the UE is transmit power. Power control affects this value by either
path loss or interference. Ideally, to determine whether the links are balanced, a planner should compare the UE transmit power to both the RSCP and Ec /No to ensure that
path loss and interference are similar on both links. A more practical method of verifying the Downlink interference is to compare the best server RSCP to Ec /No . In a
well-planned network, this curve should match that shown in Figure 2.14. In this ﬁgure,
the upper limit corresponds to a single cell with low load (CPICH Ec /Ior = −3 dB)
and the lower limit corresponds to three equal cells, fully loaded (CPICH Ec /Ior =
−10 dB).
Table 2.12 Downlink Link Budget comparison for different services and channel conditions
Service
CPICH path loss [dB]
Required DPCH voice [dBm]
Required DPCH CS64 [dBm]
Required DPCH PS64 [dBm]
Required DPCH PS128 [dBm]
Required DPCH PS384 [dBm]

AWGN

Case 3

128.8
28.9
30.7
30.5
33.4
38.1

31.6
32.8
32.1
35.2
Not possible (over 40 dBm)
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Figure 2.15 Verifying link balance by comparing UE transmit power and received CPICH RSCP
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After verifying the Downlink interference, the UE transmit power and CPICH RSCP are
compared to estimate the presence of Uplink interference. The performance requirements
for the UE [3] specify its minimum and maximum transmit power, as well as the maximum
and minimum CPICH RSCP level. These values represent the upper limit for link balance
veriﬁcation. The lower limit must consider the maximum load expected in the network,
typically 75% on the Uplink, as represented in Figure 2.15. In this example for voice,
the trend of UE transmit power versus CPICH RSCP is within the boundaries, indicating
that the links are balanced. For services other than voice, the slope of the curve should
be modiﬁed to follow the change in spreading gain. For a given path loss, as estimated
by the CPICH RSCP, the UE transmit power should be higher for a low spreading gain
service (PS data for example) than it is for voice.

2.4 Network Planning Tools
A network planning tool estimates coverage on the basis of a set of assumptions and inputs.
The assumptions are similar to the entries used in the sample Link Budget. Other inputs
include maps representing the terrain, clutter, trafﬁc, and similar information. From this, a
path loss can be calculated between each transmitter and each location, where location is
deﬁned as a square of a given size (Bin), from a few meters to hundreds of meters. From
the path loss information, several other variables can be calculated. The most commonly
used variables are received signal power, interference (or Ec /No ), and required transmit
power.
For WCDMA, calculating only location-based Link Budgets is not sufﬁcient. As seen
in the Link Budget section, network loading affects the ﬁnal results. WCDMA network
planning tools must also include a trafﬁc distribution module. The trafﬁc distribution module, often referred to as a Monte Carlo simulation, randomly distributes users according
to modiﬁable rules. These rules distribute trafﬁc according to known trafﬁc density maps
and known trafﬁc proﬁles.
Table 2.13 summarizes WCDMA network planning tool options.
2.4.1 Network Planning Tool Input
Network planning tools require several inputs. Each is discussed in the following sections,
in the same order they would be applied when setting up a project.
2.4.1.1 GIS Data: Projection and Coordinates System
Maps are two-dimensional representations of the earth surface, which is a complex
shape commonly idealized as an ellipsoid. Projection, the process of converting a threedimensional shape into two dimensions, introduces some errors. Because of earth’s irregularities, the extent of these errors varies from location to location. Historically, localized
projections have minimized errors at the expense of larger errors at distant locations.
Table 2.14 shows sample local projections and the areas where they apply. This table
includes two worldwide projections: transverse Mercator and Universal Transverse Mercator (UTM). These projections divide the earth into 60 zones, minimizing the error in
each zone. To completely deﬁne a coordinate system, the ellipsoid and datum are required.
Local ellipsoids give a localized idealization of the earth surface, while datum gives the
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Table 2.13 Network planning tool selection criteria
Criteria

Priority

Compatibility with GIS data

Medium to high

Compatibility with site data

Low to medium

Compatibility with trafﬁc data

Medium to high

Compatibility with RF Model

Low (for 900
MHz model)
Medium (for 1800
MHz model)

Coverage predictions

High

WCDMA predictions

High

Trafﬁc modeling

High

Monte Carlo simulations

Mandatory

Comment
Compatibility with existing GIS data is
important mainly for inter-system
planning
Ability to export from an existing
network planning tool and import into
the WCDMA network tool reduces the
need for both tools to be fully
compatible
Compatibility with 2G trafﬁc data is
mitigated by the potential difference
with 2G trafﬁc (PS data mainly)
RF model tuned at 900 MHz cannot be
directly reused
RF model tuned at 1800 MHz can be
reused initially, if properly adjusted
for the frequency difference
At least RSCP coverage should be
available. Path loss prediction
availability is a good complement
Speciﬁc WCDMA predictions should be
available for accurate service area
prediction. Main plots in this category
will include CPICH Ec /No , Uplink
and Downlink achieved Eb /Nt , and
handover-related predictions
PS trafﬁc modeling is the main
differentiator between network
planning tools
Monte Carlo simulation is the only way
to accurately predict capacity

Table 2.14 Earth projections and applicable areas
Projection

Area where
applicable

Comments

ED 50
Lambert Conformal Conis
Transverse Mercator

Western Europe
North America
Worldwide

UTM

Worldwide

Further divided into zones
Mercator projection also widely used
Further divided into zones and locally
associated with datum and ellipsoid
Further divided into zones and locally
associated with datum and ellipsoid
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precise measurement of a point of reference. With the ubiquity of Global Positioning
System (GPS), the World Geodetic System (WGS) 84 datum and its associated ellipsoid are commonly used. The coordinate system should match the one used to create
the map, support any local reporting requirements, and be compatible with measurement
devices.
2.4.1.2 GIS Data: Terrain Data
Site-to-site distance is an important consideration during network planning. For the best
prediction, the Geographic Information System (GIS) data resolution should be at least 10
times higher than the minimum site-to-site distance. A maximum resolution of 50 meters
is acceptable. The more typical 30-meter resolution is suitable for general predictions.
If microcells are included, the resolution is increased to a maximum of 10 meters. At
that resolution, building data is usually available. It is important to understand what is
included in the terrain data. Ideally, only the terrain should be available, with building
height data on a separate layer. In the RF prediction, the terrain elevation mostly affects
diffraction and the effective antenna height.
2.4.1.3 GIS Data: Clutter
After terrain elevation, the second most important piece of data about a geographical
area is surface utilization. The classiﬁcation of how the surface is used is known as land
use categories, or clutter categories. These categories are not standardized among map
providers, and can have very different meanings among countries. For example, suburban
morphology would consist of low density one- to two-story buildings in the United States,
but would consist of low-to-medium density high-rise buildings in other countries. The
discussion of resolution, as it applies to terrain data in Section 2.4.1.2, also applies to
clutter information. In addition, the number of clutter classes must be deﬁned. The need
for a high number of classes depends on how the clutter information will be used – for
RF prediction or trafﬁc distribution. For RF prediction, the RF model might inﬂuence the
required number of clutter classes.
2.4.1.4 GIS Data: Vector
Vector maps are commonly used and present linear features such as rivers, roads, and
administrative boundaries. These items are generally grouped under the name of vector
data. The vector layer has two main purposes: verifying site positions relative to the street
layout, and determining trafﬁc distribution. For verifying site position, only the location
accuracy of the vector is important. For trafﬁc distribution, accuracy is less critical but
different vector categories, such as those that correspond to different street widths, should
be available. This allows trafﬁc to be weighted differently.
2.4.1.5 GIS Data: Trafﬁc
A trafﬁc map can provide subscriber density or trafﬁc density. Either density can be used
if the call model is deﬁned properly. For subscriber density, the call model should reﬂect
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the expected trafﬁc per subscriber. For trafﬁc density, the call model should reﬂect a
trafﬁc of 1 Erlang.
2.4.1.6 GIS Data: Area
Several user areas are deﬁned during a network planning project. The following are usually
necessary:
• Target area. A target area deﬁnes the extent of the network area to be planned. It
may extend over a city, a region, or a country. This reference area is used to calculate
whether the simulation results meet the target.
• Clusters. The target area could be divided into clusters to divide the work into manageable entities. Clusters should be drafted so that they are isolated from each other.
Alternatively, clusters may include sites in similar countiguous morphologies.
• RNC/LA/RA boundaries. Boundaries are used to balance trafﬁc between areas and
should be set in low trafﬁc area to minimize ping-pong effect. The Radio Network
Controller (RNC), Location Area (LA), and Routing Area (RA) boundaries might not
be deﬁned initially. Unless dictated by existing constraints, boundaries are best drafted
after some RF planning has been done.
2.4.1.7 RF Models
In the early phase of detailed design, accurate RF models tuned for an individual cell may
not be available. RF models based on drive tests of a limited number of sites are more
likely to be available. Because of the limited number of sites driven, only a few models,
typically two to ﬁve, will be available. These models can be accurate with a mean error
close to 0 dB and a standard deviation ranging from 8 dB for a good model to 10 or
higher dB for a limited accuracy model. Despite the average accuracy of such generic
models, local errors can still be detected.
2.4.1.8 Equipment: Cell-Related Parameters
Table 2.15 lists the main parameters that affect network planning simulations. The parameters set during simulations should be consistent with actual parameter settings. Some of
these parameters may also be tuned, or optimized, during the design process. However, it
is preferable to tune these parameters to improve system performance after the RF conﬁguration has been optimized. This ensures that parameters are not set to mask RF issues,
but are set to provide the best level of service given the best possible RF conﬁguration.
During network design, any parameter optimization will be limited because of the static
nature of the simulation, and because a network planning tool cannot fully model network
behavior.
2.4.1.9 Equipment: Antenna and Antenna Near Field
This category includes antennas, TMA, and feeders. Some network planning tools might
include additional equipment in this category, such as Remote Electrical Tilt, but these
usually have little or no effect on the simulations. The antenna should include the main
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Table 2.15 Cell parameters that affect network planning simulations
Parameters
Frequency carrier
Receiver noise ﬁgure
PSC
Maximum power
CPICH power

Setting
Consistent with spectrum
allocation
Consistent with manufacturer
speciﬁcation
–
Consistent with manufacturer
speciﬁcation
33 dBm typical

P and S-SCH power

Consistent (±3 dB) with CPICH
power

PCCPCH

Consistent with UE performance
characteristics (Idle and Access)

SCCPCH

Consistent with UE performance
characteristics (Idle and Access)
and used SF

AICH

Consistent with signaled
setting, −5 to −7 dB compared
to CPICH typical

PICH

Consistent with signaled setting
and number of PI per frame, −6
to −7 dB compared to CPICH
for 18 PI per frame
–

Neighbor list

Comment
–
–
Can be automatically assigned by
the tool
–
Can be optimized during design to
balance Uplink and Downlink
coverage and capacity
Setting should consider the tool
implementation; i.e., if the time
multiplexing with PCCPCH is
taken into account
Could be optimized during design
to ensure satisfactory UE
performance in Idle and Access
state
Could be optimized during design
to ensure satisfactory UE
performance in Idle and Access
state
Effective power of this channel
varies with load, because no
power is transmitted if no
information is sent
Effective power of this channel
varies with load, because no
power is transmitted if no
information is sent
Should be optimized during
design, typically automatically
generated by the tool

antenna used for the project. It is typically 65 degrees, 16 to 18-dBi gain, with a few alternatives for speciﬁc cases. Speciﬁc cases include wide and narrow beamwidth, high and
low gain, and different sized antennas to accommodate special site acquisition requirements. For antennas that have continuously variable tilt, the pattern should be available
in single degree increments because network planning tools can accurately estimate only
mechanical tilt effects, not electrical tilt effects. The antenna pattern should be available
using some type of null ﬁll to avoid unrealistic shadowing in close proximity to the site.
Other pieces of equipment or their effects can be effectively conﬁgured, mainly in terms
of noise ﬁgure and attenuation, can be set at the cell level.
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2.4.2 Coverage Considerations during Network Planning
The main approach to estimate coverage with a network planning tool is to evaluate the
RSCP of the received CPICH power at the UE. The ﬁrst step of coverage analysis does
not consider load and service, but only CPICH transmit power and path loss. It can be
scaled up or down to represent different coverage levels, corresponding to factors such
as building penetration losses. Figure 2.16 illustrates this concept. The simplicity of this
method, however, is also its main drawback: Uplink and Downlink services cannot be
estimated, nor can the impact of load on the coverage.
Coverage prediction starts with placing sites to provide continuous coverage, on the
basis of the CPICH Link Budget. In this process, clutter, terrain, and achievable antenna
height determine whether a regular grid design can be maintained. Most likely, the result
will be an irregular network.
After continuous coverage in terms of RSCP is achieved, the interference level must be
veriﬁed and optimized. The interference level can be determined from the best server
CPICH Ec /No . Although the RSCP calculation includes a margin, including such a
margin for Ec /No yields a pessimistic view of the network. This can be explained
by using Equation 2.13 to estimate the Ec /No . Figure 2.17 illustrates this conceptually.
If only one of the servers is affected by fading (10 dB in the ﬁgure), that server drops
from the best server list and, at the same time, the Ec /No of the best server improves,
as less interference is observed. At the other extreme, if all links are affected by 10 dB
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Best server RSCP = −105 dBm through −95 dBm.
Best case when no link is shadowed.
Worst case when all links are shadowed.
Best Ec/N o = −14.77 dB through −14.85 dB.
Best case when no link is shadowed.
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33 dBm

Figure 2.17

Effect of margin on RSCP and Ec /No

fading, the relative interference between servers is preserved, and the Ec /No remains
approximately constant, even if the RSCP has dropped. If all path losses increase, the
thermal noise becomes more important and would lead to degradation of Ec /No .
Our example Link Budget arbitrarily deﬁned the minimum RSCP as −111 dBm. This
value is based on several assumptions, the ﬁrst one being the criteria for a good design.
In a regular grid pattern with perfectly contained cell coverage, the worst case would be
the detection of three equal cells. Cells should be spaced so that signals from any of the
three detected cells are equal to the thermal noise, as shown in Equation 2.8, where Pj
represents the power received from a given cell, Nf represents the noise ﬁgure, and kTW
represents thermal noise:
 
 
Pj
Ec
Ec
=
×
(2.8)
Io j
Ior j kT W + Nf + 3 × Pj
Assuming a fully loaded system where CPICH is set at 10% of the total power (Ec /Ior =
−10 dB) and Pj ∼ kTW + Nf , Equation 2.9 can be solved as follows:


 
1
Ec
= −16 dB
(2.9)
= −10 + 10 × Log
No j
1+3

www.4electron.com

58

WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects

To estimate the RSCP, we need to estimate the value of Received Signal Strength
Indicator (RSSI), which can be assumed to be equal to Io , as shown in Equation 2.10:
RSSI = kTW × Nf + 3 × Pj = kTw × Nf (1 + 3 × Pj/kTW × Nf )

(2.10)

Knowing the thermal noise and the noise ﬁgure (7 dB for example), and assuming that
Pj is equivalent to the thermal noise, Equation 2.11 can be solved as follows:
RSSI = −108.13 + Nf + 10 × log(1 + 3) = −95.1 dBm

(2.11)

With Ec /No and RSSI, the RSCP can be calculated as in Equation 2.12:
RSCP = Ec /No + RSSI = −16 − 95 = −111 dBm

(2.12)

This value cannot be compared directly with the minimum DPCH RSCP value of
−117 dBm deﬁned in the standard [3]. The standard considers absolute sensitivity in the
absence of other-cell interference, a highly unrealistic case for ﬁeld deployment.
Once the minimum RSCP is deﬁned, it should be derated for different building penetration losses and LNF. If the last two values can be included in the prediction, based on
clutter type, the coverage veriﬁcation can be done for all clutter types at once.
In areas where the coverage is deﬁcient (lower than the expected value), coverage can
be improved in a limited number of ways. The main techniques are discussed below,
based on the example in Figure 2.18 and assuming that the RF model has been tuned.
Each technique has unique advantages and different implementation costs.
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(b)

Figure 2.19 Antenna pattern examples: (a) horizontal pattern and (b) vertical pattern

• Reorienting sectors. Reorienting can be used only when the coverage deﬁciency is
located outside the boresight of the antenna. The possible correction depends on the
antenna pattern. For the antenna pattern in Figure 2.19, reorienting the Site1108 3
antenna would yield a maximum improvement of about 20 dB.
• Changing antenna tilt. To improve coverage, tilting the antenna is less effective
than reorienting it. This can be explained by looking at the vertical pattern shown
in Figure 2.19. In this example, gaining 20 dB would be possible only in the immediate vicinity of the sites and in the boresight, where a tilt greater than 10 degrees
would compensate for the antenna null. Antenna tilt is used more often to reduce the
interference caused by a site rather than to increase its coverage.
• Increasing antenna gain. Antenna gain can improve coverage only over a given area.
The gain of an antenna is directly related to its number of elements, and thus to its
physical dimensions, or size. A high gain, large antenna changes the beamwidth. Since
the antenna concentrates the energy only in one direction (but does not amplify it),
any increase in gain in a given direction reduces the beamwidth: horizontal, vertical,
or both. As a result, any improvement at a given location might produce degradation
in all the areas off the boresight.
• Increasing antenna height. In a COST-Hata-type model, increasing the antenna height
decreases the path loss exponent, as seen in Figure 2.20. The path loss exponent is
reduced because higher antennas increase the line-of-sight area and tend toward free
space loss. Raising the antenna height increases the coverage of the cell. This increased
coverage increases interference to distant cells. Changing antenna height is recommended only when it reduces the standard deviation of the antenna height (height
above average terrain) distribution. It is easier to control interference during planning
when all the antennas are approximately of the same height.
• Moving the site. Moving the site is a drastic change, and it can be difﬁcult to acquire
a new site. Moving the site closer to the source of trafﬁc could improve coverage and
capacity in the corresponding area, but such reconﬁguration is expensive.
• Increasing power. Of all the coverage enhancement methods, increasing CPICH power
is the least preferred. Increasing CPICH power, while keeping the maximum HPA
at the same level, effectively reduces the capacity of the system. Coverage is also
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compromised because increasing one channel, or increasing total HPA power, creates
imbalances in the other areas.
• Ignoring the coverage deﬁciency. If the cost to overcome the deﬁciency is not balanced
by future gains, or if the coverage assumptions are known to be inaccurate, coverage
deﬁciency can be ignored. In this case, local knowledge of trafﬁc patterns and subscriber
expectations is invaluable.

2.5 Interference Considerations during Network Planning
Designing a network based on RSCP is only the ﬁrst step. The network plan must also
account for interference. A level of interference that will ensure proper network performance without having to run Monte Carlo simulations for every minor change of RF
conﬁguration (antenna tilt, azimuth, height, etc.) is used.
This can be achieved by using CPICH Ec /No , assuming that the design thresholds are
consistent with loading. Unless a Monte Carlo simulation is run, only the unloaded condition, in which the common control channels are present, can be accurately known.
Equation 2.7 can be used to determine the unloaded CPICH Ec /No . To do this, the
CPICH Ec /Ior must be determined ﬁrst. Table 2.16 shows the average powers for all
common control channels. This averaging is necessary during network planning because
networkplanning tools do not offer dynamic simulations, and some of the channels are
only intermittently active.
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Table 2.16 CPICH Ec /Ior estimation based on Common Control Channel only
Channel

Typical power
assignment
dBm/W

Duty cycle

Average
power
dBm/W

CPICH
SCH

33/2
30/2

100
10

33/2
20/0.1

PCCPCH

30/2

90

29.5/0.9

SCCPCH
AICH

30/1
27/0.5

100
–

30/1
–

PICH

27/0.5

–

–

Total

NA

NA

36/4

Comment

–
Typical power setting range
28–33 dBm
Typical power setting range
30–33 dBm
Typical setting for SF 128
AICH active only in the presence of
trafﬁc
PICH active only in the presence of
trafﬁc
Typical unloaded CPICH
Ec /Ior = −3 dB

With the estimated CPICH Ec /Ior in unloaded condition being −3 dB, the target Ec /No
for an un-loaded condition is −9 dB according to Equation 2.7. When load increases, up
to a maximum CPICH Ec /Ior of −10 dB, Ec /Io degrades correspondingly; therefore, the
target Ec /No in a loaded condition should be set to −16 dB.

2.6 Topology Planning
Our previous discussion on network planning assumed that all cells were from a single
layer. This section considers the planning of microcells within the macronetwork.
When planning picocells, microcells, and macrocells, use of proper equipment characteristics (transmit power, number of channel elements, number of RF carriers, etc.) and
proper RF propagation model is ensured.
The following points are reviewed to ensure that all cells integrate into the network:
• Coverage. When microcells are used to ﬁll coverage holes that cannot be addressed
by macrocells, both overall coverage and individual cell coverage are considered. For
individual cell coverage, the overlap between cells is checked. Adding a microcell
could introduce further cell fragmentation and handover. In a high mobility trafﬁc area,
the UE perceives fragmentation as interference when reselection or handover does not
have time to complete.
• Interference. Overlap between cells affects the level of interference (CPICH Ec /No ).
In the immediate vicinity of the microcell, Ec /No is expected to improve, especially
when the microcell is placed in a high trafﬁc area. The presence of a dominant server
decreases the total transmit power (Iˆor ) at the surrounding sites, improving Ec /No over
the associated coverage area. At the periphery of the microcell, further lack of dominance may be detected if micro- and macrocell coverage is not coordinated properly.
Because of the static nature of the simulation, a network planning tool would not detect
interference caused by reselection or handover delays and failure.
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• Handover area. The limited ability of network planning tools to detect interference
can be compensated for by handover plots, or (even more relevant) a plot showing the
number of servers within the handover threshold. This plot could show the areas where
servers are strong, but cannot be included in the Active Set; in other words, areas of
Pilot pollution.
While TDMA/FDMA network planning tools can perform some level of Hierarchical
Cell Structure (HCS) planning, this feature is not supported in WCDMA network planning
tools. This is largely due to the one-to-one frequency reuse, which would require dynamic
simulations of UEs moving at various speeds over deﬁned trajectories. Monte Carlo
simulations cannot be considered dynamic, because each UE is distributed to a ﬁxed
location.

2.7 Parameter Settings and Optimization during Network Planning
In addition to determining the RF conﬁguration, which is the main goal of network
planning, a limited number of parameters can be estimated. These are only estimations;
network planning tools usually do not support dynamic simulations, which provide more
accurate parameter settings. The parameters that can be estimated with a network planning
tool, and their limitations, are listed below. These parameters can be estimated only after
the RF conﬁguration has been optimized.
• Maximum DPCH setting. During network planning, the maximum DPCH power can
be estimated by observing the reason for failure during a Monte Carlo simulation.
Failure caused by insufﬁcient achieved Downlink Eb /Nt indicates that the Downlink
DPCH power is set too low. Setting this value in a network planning tool may produce an inaccurate estimate of the required Eb /Nt . The network planning tool usually
does not estimate Eb /Nt target values; instead, they are set manually on the basis
of an expected channel condition. The parameter setting affects both coverage and
capacity. An optimal value for this parameter would result in a similar probability of failure due to either “insufﬁcient Downlink Eb /Nt ” or “cell power limitation”.
The target Eb /Nt for different channel conditions should be taken from the minimum
performance requirement, as done in Section 2.3, or determined from a link-level simulator.
• Active set threshold (or event 1a reporting range). This parameter ensures that the
strongest cells at any given location are included in the Active Set, up to the maximum
Active Set size. The accuracy of the threshold setting is limited in static simulations,
because fast-rising servers usually cannot be considered in a network planning tool.
For a given maximum DPCH power, the optimal setting would be the lowest possible
Active Set threshold that does not affect the call success rate.
• Maximum active set size. This parameter ensures that all the overlapping sectors
in a prediction can be admitted to the Active Set. During network planning, this
parameter setting depends mainly on the Active Set threshold. The resulting value
of the Active Set size does not consider the dynamic changes typically observed in
a network, and is likely to be underestimated. Once the Active Set threshold is set,
Active Set size can be determined by observing the Monte Carlo simulation results.
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The optimal value would be the lowest possible value that does not affect the call
success rate.
• PSC setting and neighbor relationship. These parameters are standard in most
WCDMA network planning tools and can be considered as RF conﬁguration parameters.

2.8 RF Optimization
No matter how extensive the network planning is, RF optimization must be the ﬁrst step of
network optimization. There are many reasons for this. During network design, coverage
and capacity were optimized on the basis of network planning tools. Estimating how the
network will actually perform is limited by the accuracy of both the RF model and the
input data. The terrain model is accurate to about 10 to 20 meters. The building model,
when used at all, considers the outline of the building but not the building structure and
construction materials. Long-term statistical RF models are accurate overall, but short-term
statistics usually ﬂuctuate around the mean, by several dBs. The list could be extended
and more inaccuracies could be uncovered for each model. After all the careful planning,
the actual deployment adds its share of inaccuracy. For example, feeders could be longer
or shorter, causing more or fewer losses due to actual routing, or antenna orientation may
be based on magnetic north, rather than true north.
RF optimization can be seen as the ﬁrst, and perhaps only, opportunity to observe the
system in its entirety, under known conditions. During this exercise, the effects of various
inaccuracies can be observed and the actual settings known. Corrections can be introduced
to align coverage and capacity expectations with the network plan.
RF optimization for a WCDMA system should verify the coverage (RSCP) and minimize interference (Ec /No ) over the intended coverage area. Interference takes priority
over coverage because interference affects both the usable area and, in the long term, the
capacity of the system.
In WCDMA, coverage can be seen as the area where the CPICH is higher than the
speciﬁed quality and signal strength thresholds. In Idle Mode, the quality threshold is
known as Qqualmin, or Ec /No . The signal strength threshold is known as Qrxlevmin, or
RSCP. Each of these is deﬁned in Chapter 4, along with other related parameters. The
signal strength RSCP is easier to understand and estimate because it depends only on the
power allocated to the CPICH, and the path loss between the cell and the UE. Increasing
coverage based on CPICH RSCP requires only increasing the power or reducing the path
loss. Given ﬁnite HPA power, increasing the CPICH power reduces capacity and is not a
good long-term solution. On the other hand, reducing the path loss can be achieved only
by reducing the site-to-site distance, possibly affecting quality, or Ec /No . This is where
controlling interference comes into play.
When site-to-site distances decrease, the risk of overlap increases. Unless the coverage
of cells is properly controlled, there is a risk of reduced Ec /No , which creates a ripple
effect. In Idle Mode, the UE must acquire and measure the CPICH and read all the System
Information Blocks (SIBs). Lower Ec /No affects the demodulation of the PCCPCH, unless
its power is sufﬁcient to maintain the required Eb /Nt . This is also noticeable when accessing the system. When only a single server is used, low Ec /No directly correlates with low
geometry, which increases the transmit power needed to meet the Eb /Nt requirements of
PCCPCH, SCCPCH, PICH, and AICH. It is possible to increase the power assignment
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for these control channels, but this would reduce the power available for DPCH and,
therefore, reduce capacity.
In Connected Mode, handover can partly compensate for low RF performance. With
handover, the geometry and the required Ec /Ior are not directly related to the CPICH
Ec /No of the individual server, but to the combined CPICH Ec /No of all the servers in
the Active Set. The required Eb /Nt of the DPCH can be met by combining the energy
from multiple links.
Although handover is one of the main advantages of WCDMA in terms of code channels
or from a power perspective, handover also can affect capacity. The effect of handover on
code channels is most visible for low Downlink spreading factors (Orthogonal Variable
Spreading Factor [OVSF] codes). This is shown in Figure 2.21, which plots the capacity
per cell, for PS384 bearers, in Erlangs, against the handover overhead factor. The handover
overhead factor, also called Handover Reduction Factor (HORF), is the average number
of connections serving a call. It can be used to gauge the efﬁciency of the network,
when all other metrics are equal. A network with a lower HORF can carry more trafﬁc.
Capacity decreases sharply as the HORF increases because of the properties of Erlang
theory, illustrating the connection between handover and capacity. As the example in
Figure 2.21 shows, an HORF higher than 1.5 signiﬁcantly reduces capacity.
Channel rate switching can compensate for the code tree limitation or for capacity
limitations due to DPCH power. This is most effective for PS data applications. Channel
rate switching can downgrade a bearer to a lower data rate when the DPCH power
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increases beyond a speciﬁed threshold. With channel switching, the throughput responds
to changes in geometry, as shown in Figure 2.22. In this ﬁgure, geometry varies from −6
to 9 dB. For all the bearers (PS64, PS128, and PS384), the maximum DPCH is limited to
−7 dB Ec /Ior . Rate switching should be favored in areas of degraded geometry (i.e., cell
edge), where best throughput is achieved with PS64. In this example, switching from 384
to 128 kbps should occur around a geometry of 1 dB. Switching from 128 to 64 kbps
should occur around a geometry of −4 dB. In an actual network, rate switching would not
be triggered by geometry, but by reaching a DPCH power or reported Ec /No threshold.
The gain provided by using handover to compensate for poor Ec /No is offset by the
total consumed power per connection [4]. The total consumed power is the sum of the
DPCH power for all the handover links serving a given connection, expressed in terms
of Ec /Ior . This value is compared to the expectation of the average active cell size E{N}.
Figure 2.23 illustrates the handover gain per link by the monotonic decrease of per-link
DPCH power, represented as DPCH Ec /Ior . As the mean Active Set size increases, the
DPCH required per-link decreases. The total consumed power, or per-Active Set power,
initially decreases, corresponding to the area of maximum handover gain, but then the perActive Set power increases. In that region, the handover gain is not optimal, ultimately
wasting Downlink resources. This observed sweet spot is a function of the quality of
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Figure 2.23 DPCH power comparison by link and Active Set

the RF optimization. At equal parameter settings, the best RF optimization results in the
lowest average Active Set size.
These examples illustrate the importance of optimizing the RF conﬁguration when the
CPICH Ec /No is maximized at the given load. This ensures that the remaining optimization
will be as efﬁcient as possible.
2.8.1 Quantitative Optimization
In the early phases of overlaying an existing network with a new technology, the new
network must compete with established networks that may have reached a very high
level of service after years of continuous optimization. Achieving the same QoS upon
commercial implementation of the new network is neither practical nor economical. For
this reason, a limited set of practical optimization objectives should be applied to attain
the design objectives and provide acceptable QoS to the end users. At each stage of
the optimization process, objectives can be set through corresponding Key Performance
Indicators (KPIs).
KPIs should be deﬁned for each step of the optimization process, starting with a particular preoptimization task and successively increasing in scope with each subsequent
step. Later sections discuss this in detail. Table 2.17 and Table 2.18 list the KPIs for
preoptimization and RF optimization.

www.4electron.com

RF Planning and Optimization

67

Table 2.17 Preoptimization KPIs
Task

KPI

Network planning review

CPICH Ec /No
CPICH RSCP

Single site inspection

Site installation and
commissioning
Site operation

Site veriﬁcation
Basic feature veriﬁcation

KPI target

Call access performance in
controlled RF environment
Call retention performance in
controlled RF environment

> −9 dB over 95% of the area
> design target over 100% of
the area, considering
appropriate margins
All sites in the tested area
installed and commissioned
All sites in the tested area
processing calls
>99% for all services
>99% (or <1% call dropped)
for all services

Table 2.18 RF optimization KPIs
Task

RF optimization

KPI

Measured RSCP
Measured Ec /No
Cell overlay
Qualitative distribution

KPI target
example
> −88 dBm (for 20 dB BPL) over 97%
of area
> −9 dB over 95% of area
<3 cells within r1a over 95% of area
No cell overshoot
Minimal cell fragmentation
Minimal change in best server
Minimal differences between prediction
and measurements

The RF KPI examples in Table 2.18 should be reviewed for each optimization project,
according to the network planning. The RSCP threshold can be calculated from the minimum acceptable RSCP, then derated according to any margin or loss in the Link Budget,
as Table 2.19 shows. The link margin (especially LNF) is not directly included when measurements are performed; it is indirectly factored as the probability of measuring a value
below the threshold. Link margin should be consistent with the area coverage probability,
assuming that the standard deviation corresponds to the value used for planning.
The threshold used for Ec /No and the cell overlay should be consistent with the value
used during network planning. An important parameter for the Ec /No calculation is actual
loading at the time each cell is tested. This can be calculated using Equation 2.13, which
estimates the Ec /No of a given server, j , from one of these two options:
• The total transmit power (Iˆor ) and path loss (L), or
• The RSCP and the loading (Ec /Ior ) of each server
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Table 2.19 Calculation of RSCP optimization threshold
Line item

Minimum RSCP
Body loss
Link margin

Building penetration loss
Antenna gain
Antenna cable loss
Calculated RSCP optimization threshold

Value
[dB] or [dBm]
−111
3
0

20
−3
3
−88

Comment

Corresponds to Qrxlevmin
Per design, for worst service
Not considered for the measurement
threshold; used only for coverage
probability
Per design
Typical for omni mag mount antenna
Corresponds to 4 m of RG-58 cable

Although their values are equivalent, the second option is more convenient because it
does not require knowing the path loss, only the RSCP. The Ec /Ior used in this equation
should be measured or read from the network element, but when no users are present, it
can be estimated from the sum of the control channel powers.
 
RSCP j
RSCP j
Ec
n
n
=
=
(2.13)
No j kTB + Nf + i=1 (Ior )i × Li
Nth + i=1 RSCP i × (Ec /Ior )i
Although the number of servers is reﬂected in the Ec /No calculation, it is a good idea
to count the number of servers within the reporting range independently. The number of
servers can be used to estimate the overhead factor, which will ultimately affect system
capacity. Although the Ec /No and number of server KPIs are important during optimization, they do not completely portray the quality of the network. Qualitative criteria can
complement these metrics, as discussed in the next section.
2.8.2 Qualitative Optimization
The qualitative metrics discussed in this section inﬂuence system performance in the long
term, but might not be immediately obvious from looking at Ec /No , RSCP, or the number
of servers within a few dB.
• Cell overshoot (boomer). Cell overshoot is usually generated by boomer cells, namely
cells that are taller than the average terrain height. Figure 2.24 shows a cell overshoot
of Site1080 1 from either the best server plot or the RSCP plot. From the best server
plot (Figure 2.24(a)), cell overshoot can be detected as the best server at locations that
extend beyond the ﬁrst tier of the originating cell. From the RSCP plot (Figure 2.24(b)),
a cell overshoot can be detected in which strong RSCP occurs beyond the ﬁrst or even
second tier of the originating cell Site1080 1. The best server plot will not show cell
overshoot as reliably as the individual RSCP plot, because a server could extend outside
its intended coverage area yet not be the strongest server. Cell overshoot causes several issues in a network. In particular, overshooting cells have large handover areas that
exhaust resources. Once resources are exhausted, call origination in this area fails and
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Figure 2.24 Network planning example of cell overshoot (Site1080 1 pointing north)
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resource requests for handover are denied. When handovers are denied, cell overshoot
could affect the quality of the connection. When handover is not granted, a call experiences lower geometry due to a strong cell that is not in the Active Set. When the
geometry degrades further and additional power cannot be allocated to the DPCH, the
quality (BLER) degrades and eventually the call drops.
• Cell fragmentation. Cell fragmentation can be deﬁned as the noncontinuous area
where a cell is detected as the best server. Cell fragmentation can be a direct consequence of cell overshoot, but may also be detected in areas of weak cell coverage, such as obstructed areas or areas with antenna of different heights. Handover
is affected by cell fragmentation. Speciﬁcally, fragmentation usually increases Active
Set size. The increase in Active Set size, or HORF, varies according to the handover parameter settings. This affects reselection and, possibly, call origination performance. The effect on cell reselection depends on the Treselection parameter and
user mobility. Figure 2.25 illustrates CPICH Ec /No measurements over time, measured by a Pilot scanner for various observed cells. This example shows that at speeds
higher than 50 km/hr, and a distance of 600 meters, a Treselection setting above 1 sec
prevents the UE from reselecting to cell 1007 2; it remains on cell 1008 2. The
Ec /No of cell 1008 2 could fall below −20 dB, at which point call origination is
likely to fail unless all the control channel powers are set to overcome such channel
conditions.
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Figure 2.25 Cell fragmentation example, as observed with a Pilot scanner
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• Frequent change in best server. Unlike cell fragmentation, in which a UE selects a
given server multiple times, frequent change in best server is characterized by selecting
(or attempting to select) different servers. This can be caused by a high density of
cells, or by the absence of a dominant server due to imperfect optimization. High cell
density should not cause problems if coverage for each cell is well contained, and
if the reselection parameters and handover parameters (to a lesser extent) are set to
accommodate a rapid change of best server. For reselection, this means minimizing
Treselection while accommodating the mobility of users in the area. Frequent change
in best server due to the absence of dominant servers is more critical because this
reduces Ec /No . Low Ec /No affects call access and retention.
• Differences between prediction and measurement. While minor differences between
predicted and actual measured behavior are expected, any major differences in server
performance or expected values (RSCP or Ec /No ) should be analyzed and resolved.
Differences in detected servers usually indicate installation issues, swapped cables,
obstruction in the antenna near the ﬁeld causing reﬂection, or pattern distortions.
2.8.3 Idle Mode Optimization
The RF optimization discussion in Section 2.8 assumed that only a Pilot scanner could
be used. After the early stages of RF optimization are complete, it is helpful to employ
a UE in Idle Mode to estimate UE reselection performance.
Chapter 4 details the trade-off between reselection parameters and performance.
Table 2.20 shows the main performance criteria for Idle Mode.
Table 2.20 Idle Mode performance criteria
Performance criteria

Target

Comment

Reselection rate

Variable, depends on
mobility

Camp cell Ec /No

−9 dB over 95% of
area

Tail of Ec /No
distribution

> −16 dB over 97%
of the area.
Percentage should
be consistent with
coverage area
probability
0

During reselection, the UE consumes more
power; thus, a low reselection rate is
desirable
Reselection should still be dynamic enough to
ensure that the UE camps on the best
possible cell
Metrics similar to the Ec /No KPI deﬁned for
RF optimization. Only difference is that this
metric is measured by the UE for the cell it
camps on
Minimize poor coverage

Number of
Out-of-Service
(OOS)
conditions

An OOS condition indicates that a UE lost
service for an extended period of time
(>12 sec); this would affect call delivery
performance
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All criteria except number of Out-of-Service (OOS) conditions can be estimated from
Layer 1 measurements, available from a test UE. Measure and compare performance over
multiple tests using different parameter conﬁgurations to determine the optimal setting.
The ﬁrst step is to ensure that the UE detects no OOS condition. This condition cannot be
extracted from Radio Resource Control (RRC) messages. It can be detected only by a test
UE and logging software that can output low-level messages. The standard [13] deﬁnes
an OOS condition as the inability of the UE to acquire a serving cell when it wakes up
from a Discontinuous Reception (DRX) cycle.
After all the OOS conditions are eliminated from the system, the other metrics should be
considered together because they are interdependent. For example, slow reselection may
cause a UE to camp on a cell that is not the best one, thus affecting the measured Ec /No .
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3.1 Basic UMTS Trafﬁc Engineering
Trafﬁc engineering has been in existence almost as long as telecommunication itself. In
fact, the unit used to measure trafﬁc is named after the ﬁrst engineer to summarize trafﬁc
in an equation, A.K. Erlang, who originally published his work in 1909.
The Erlang theory can be used to estimate the probability of blocking when a given
amount of trafﬁc is carried over a limited number of resources. Equation 3.1 shows the
Erlang B formula.
AN
B = Pr(Blocking) =
(3.1)
N Ai
N ! × i=0
i!
In Equation 3.1, the blocking probability B can be calculated from the trafﬁc intensity,
or offered trafﬁc A, and the number of servers N .
The probability of blocking can also be expressed in relation to Grade of Service (GoS),
as in Equation 3.2:
B = 1 − GoS
(3.2)
By extension, Erlang theory can calculate any one of the following when the other
two are known: blocking probability, number of resources, and trafﬁc. This calculation is
normally done during the initial design, to determine the number of resources required to
carry the assumed trafﬁc while maintaining the expected GoS.
In a Wideband Code Division Multiple Access (WCDMA) network, the Erlang formula
can be used almost directly in the circuit switched (CS) domain, because resources are
dedicated to a user for the duration of a call. The main difference between WCDMA and
Frequency Division Multiple Access (FDMA)/Time Division Multiple Access (TDMA)
WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects
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Iu-CS

RNC

1 resource on Iub
(Node B interface)
per Node B
supporting the call
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Figure 3.1

Uu

UE

Resource deﬁnition in a WCDMA system

technology is the multiple deﬁnitions of resources, as illustrated in Figure 3.1. As the
ﬁgure indicates, resources should be deﬁned and planned for each component of the
WCDMA network.
• At the Mobile Switching Center (MSC). Resources are assigned for the duration of
the call; Erlang theory can be applied directly. Trafﬁc assumptions, when given, are
typically for user trafﬁc, which is equivalent to MSC trafﬁc. All types of trafﬁc are
included at this point, regardless of the terminating point.
• At the Radio Network Controller (RNC). Resources should be deﬁned for the Iu
and Iub interfaces. Erlang theory can be applied directly for the resources on the Iu
interface and for the common resources, shown as the combining/splitting function in
Figure 3.1. For the Iub resources, the Erlang theory can also be applied, but the amount
of trafﬁc should be multiplied by a factor that represents soft handover. At the RNC,
additional resources can be deﬁned, but would generally be implementation-dependent.
For a generic architecture [1], the resources would still be divided between common
(i.e., one per call) and dedicated (i.e., one per Iub) resources.
• At the Node B. The main capacity-associated resources to dimension are carriers (deployment of single or multiple frequencies), channel elements, code channels, and power.
In addition, the dimensioning should be done in such way that the Uplink noise rise
has a limited impact on the cell coverage. Channel elements are the easiest resources
to dimension because one is needed per call, per Node B, regardless of the percentage
of softer handover. Proper channel elements dimensioning is nevertheless important to
ensure that they will not introduce hard blocking in either the Uplink or Downlink. The
code channels must be dimensioned according to softer handover; one code channel is
required per handover leg. The power required per link depends on the Radio Frequency

www.4electron.com

Capacity Planning and Optimization

75

Voice activity
MSC

MSC resource utilization
Node B, 1

Channel element, Node B 1, utilization
Node B, 2

Channel element, Node B 2, utilization
Cell 1
Node B, 1

Code channel, cell 1, utilization
Cell 2
Node B, 2
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Figure 3.2 Resource utilization and soft/softer handover

(RF) conditions and the handover state. Dimensioning should be done through simulations
for a given set of assumptions. Both the code channel and power resources mainly limit
the Downlink, while the Uplink noise rise limits the Uplink trafﬁc.
Figure 3.2 illustrates these resource utilization concepts. Cell resource utilization (Dedicated Physical Channel (DPCH) power or Uplink noise rise) cannot be estimated for a
given time; instead, it should be based on average resources. For the DPCH power, this
average depends on the average channel conditions, the minimum and maximum settings
of DPCH power, and the utilization of discontinuous transmission (DTX).
In this section, we shall ﬁrst estimate user trafﬁc, or the trafﬁc requirements of the
system. Then we shall estimate the Uplink and Downlink capacities of a WCDMA system
to determine the limiting link for trafﬁc dimensioning.
3.1.1 Capacity Requirements
In the CS domain, the trafﬁc requirement is deﬁned in terms of Erlangs, during the busy
hour. However, this may not always correspond to marketing considerations. In addition,
such a deﬁnition is not practical for network planning because it does not show the
distribution of users within the given area.
The approach is based on a generic trafﬁc requirement, adjusted for busy hour requirements and to account for geographical distribution, as required for network planning
purposes.
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Table 3.1

Example of trafﬁc assumptions used during initial planning

Subscriber

Voice-centric

Data-centric

Corporate

1000000
40%
1000

1000000
10%
1000

1000000
20%
2000

10

100

200

Target population
Target penetration
Per-subscriber monthly
Minutes of Use (MOU)
Per-subscriber monthly (MB)

The easiest way to estimate trafﬁc for a commercial application is with monthly Minutes
of Use (MoU). Service to end users is commonly sold in terms of MoU quotas. These
quotas vary by type of user, as shown in Table 3.1.
Network planning requirements must be expressed for the busy hour because it is
the limiting factor in a network. To reconcile coverage-versus-capacity trade-offs when
a network is implemented, requirements should be distributed over distinct areas rather
than expressed for the entire network.
The geographic distribution of subscribers can be estimated from demographic information. In some countries, such data for populations of entire cities is readily available from
the census bureau. In addition, this information is becoming more available from public or
commercial databases, sorted by postal code and, possibly, by socio-economic categories.
Because population distribution can be estimated from these data sources, the remaining
task is to translate monthly MoU data into busy hour data, based on an estimated service
penetration.
Busy hour requirements can be estimated from monthly MoU by calculating the interday and intra-day peak-to-averages. The intra-day peak-to-average is the difference in
trafﬁc loading between the busy hour and the average hour (using system-wide statistics).
This typically ranges from 2 to 6. The inter-day peak-to-average is the difference between
the busiest day and the average day (again using system-wide statistics). This has a
narrower range, from 1.2 to 3. With this information, the trafﬁc per subscriber can be
calculated using the formula shown in Equation 3.3.
BusyHourTrafﬁc =

MonthlyTrafﬁc
× Peak-To-AverageInter -Day
30 × 24
× Peak-To-AverageIntra -Day

(3.3)

With the adoption of bundled calling plans, which offer large numbers of minutes for
a ﬁxed cost plus steep discounts for nights and weekends, both the intra-day and the
inter-day peak-to-averages have reduced considerably in the last few years.
An alternative way to estimate busy hour trafﬁc from monthly MoU is to assume
that the trafﬁc is Poisson distributed. This method can be applied to estimate an uneven
trafﬁc distribution, even if no actual peak-to-average ratio is known. Using the simpliﬁed
probability function of the Poisson distribution [2], busy hour loading can be determined
by ﬁnding n that solves Equation 3.4.
n

e−λ × λi
i=0

i!

≤ (1 − GoS)

(3.4)
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In this formula, λ represents average loading, and GoS represents the desired GoS of
the system, or the probability that a given user experiences blocking. In this case, n is
consistent with the unit used for λ, either MoU at busy hour or milliErlangs (mErl) at
busy hour.
MoU should be translated into mErl, the value more commonly understood by network
planners. This conversion is easy: 1 Erlang corresponds to 1 resource utilized for the
entire period of observation. During busy hour, the period of observation is 1 hour, or 60
minutes. Consequently, 1 Erlang = 60 MoU, or 1 MoU = 16.66 mErl.
Figure 3.3 shows a numerical example of the indicated distribution. The example
assumes the following:
All calls are served in random order.
An inﬁnite number of resources are available.
Holding time is constant or exponential.
All blocked calls are cleared.
Monthly traffic assumptions: 300 MoU per subscriber
Average traffic per hour: 0.41 MoU
On the basis of 30 days a month
On the basis of 24 hours a day
Equivalent average traffic (mErI) per subscriber: 6 mErI
Plotting the function probability for the Poisson distribution for l = 7 (mErI)
yields the following graph.
0.16

0.14

Probability of occurrence

•
•
•
•

0.12

0.10

0.08

0.06

0.04

0.02

0.00
0

5

10

15

20

25

30

Traffic [mErl or MoU]
Average busy hour of month, mErl

Figure 3.3

Poisson distribution of trafﬁc to estimate busy hour usage from monthly usage
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In Figure 3.3, Equation 3.4 is solved for n = 12, meaning busy hour trafﬁc of 12 mErl
is assumed for network planning. This corresponds to a peak-to-average of 1.7. This
example assumes that trafﬁc is evenly distributed across all days. However, it is more
accurate to assume that trafﬁc is unevenly distributed over the days of the week [3]. As for
other trafﬁc distributions, a Poisson distribution can be assumed. In this case, a two-step
process can be followed to determine expected trafﬁc per day and expected trafﬁc at busy
hour. On the basis of the above calculation, trafﬁc per subscriber during the busy hour of
the busy day is expected to be 19 mErl. This is based on a day-to-day peak-to-average
of 1.6, and an intra-day peak-to-average of 1.6.
Another way to determine trafﬁc requirements is to use existing network information.
In this case, the entire network trafﬁc requirement per cell, including geographical distribution, is known. For CS (voice) trafﬁc, extrapolating WCDMA trafﬁc from another
network is valid as long as charges for service are consistent. For packet switched (PS
data) trafﬁc, the extrapolation is less valid because trafﬁc tends to depend on the service
offered (maximum data rate).
While GoS depends on speciﬁc goals deﬁned by service operators, GoS values for
voice services are usually 2% for high-mobility users and around 1% for low-mobility
users (Wireless Local Loop (WLL) services). This GoS should not be mistaken for the
probability of success for a call; GoS only considers blocked calls (calls for which no
resources are available), while the probability of success includes any type of failure.
3.1.2 Uplink Capacity Estimation
For the Uplink, the upper boundary of the capacity (Npole ) of a WCDMA carrier can be
estimated using the standard Uplink capacity equation [4], as shown in Equation 3.5. This
widely accepted formula is derived from early Code Division Multiple Access (CDMA)
work [5,6] and applies to WCDMA if variables are set properly. Equation 3.5 estimates
the capacity of a single cell from the spreading bandwidth (W ), the radio access bearer
(RAB) bit rate (Rb ), the required Energy per bit-to-Total Noise ratio (Eb /Nt ), the activity factor (ν), and the interference factor (α). To estimate the capacity of a Node B,
sectorization gain must be included. This gain is typically estimated at 2.55 for a threesector cell.
W/Rb
Npole =
(3.5)
Eb /Nt × ν × (1 + α)
The results of this equation vary according to the supplied assumptions and approximations [7]. Before we discuss the limitations of this equation, let us consider the following
factors that inﬂuence the pole capacity of the system.
• W (Spreading bandwidth). The spreading bandwidth of the system is ﬁxed by the
standard at 3.84 megachips per sec.
• Rb (Radio access bearer bit rate). Table 3.2 shows typical bearer bit rates for selected
applications. Capacity can be increased only by using applications that require a lower
bearer bit rate. An example for voice is using an Adaptive Multirate (AMR) of 7.95
rather than the typical AMR of 12.2. Because this change degrades the perceived voice
quality, all choices must be evaluated before applying it.
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Table 3.2 Typical bearer bit rate for selected applications
Application

Voice

Typical bearer
bit rate [kbps]

Comment

12.2

Other supported codec [8,9] rates (not necessarily
implemented) are: 10.2, 7.95, 7.4, 6.7, 5.9, 5.15, 4.75
H.324 video codec [10,11] can work with a bearer rate
as low as 32 kbps, but 64 kbps is considered the
minimum bearer bit rate for acceptable quality on a
QCIF display
Higher bearer bit rates typically are not used on the
Uplink even if deﬁned up to 384 kbps [12]

Video-telephony

64

PS data service

64 or 128

Table 3.3 Uplink Eb /Nt requirement for Speech AMR, 12.2
Bearer

Speech AMR
12.2 kbps

Target BLER [%]

1

Minimum requirement [dB]
Static (AWGN)

Case 1

Case 2

Case 3

Case 4

5.1

11.9

9.0

7.2

10.2

• Eb /Nt (Energy per bit-to-total noise ratio). As mentioned in Chapter 2, Eb /Nt is
largely inﬂuenced by the data rate, channel conditions, channel coding used, the target
Block Error Rate (BLER), and the hardware implementation. The effect of channel conditions and channel coding can be estimated from the Node B minimum performances
listed in Table 3.3. The effect of hardware implementation, considered in the minimum
performance as an implementation margin, cannot be estimated; therefore, the RF engineer should rely on vendor information for proper planning. The test case conditions
shown in this table refer to multipath proﬁles, shown in Table 3.4. Additional cases are
deﬁned in the standard [13], but are not discussed here.
• ν (Voice activity factor). The voice activity factor depends on the type of vocoder used,
channel coding, and the actual application. For voice, including a one-way monologue,
actual voice activity is typically only 85% [14]. Because two-way dialogue is more
common, the per-user voice activity is 40 to 45% at the Application Layer. To translate
this into the voice activity factor, the vocoder and coding scheme must be included.
The vocoder is important because silence and background noise are also coded, but
at a lower data rate. The coding scheme is important because the Transport Channel
can handle only a ﬁnite number of formats, to which the signaling bearer is added.
Once this is factored in, the practical voice activity factor is in the range of 58 to 67%,
with a possible peak of up to 85% if echo cancelers are not used [15]. Considering this
range, mobile-to-mobile voice activity requires a higher voice activity factor, compared
to mobile-to-land trafﬁc. For PS data applications, an activity factor, also referred to as
efﬁciency factor, can also be deﬁned and will depend both on the type of application
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Table 3.4 Multipath proﬁles used for performance evaluation, per 25.101
Case,
per 25.101

Case 1,
speed 3 km/hr

Case 2,
speed 3 km/hr

Case 3,
speed 120 km/hr

Case 4,
speed 3 km/hr

Relative Relative Relative Relative Relative Relative Relative Relative
mean
delay
mean
delay
mean
delay
mean
delay
[ns] power [dB] [ns] power [dB] [ns] power [dB] [ns] power [dB]
First detected
path
Second
detected path
Third detected
path
Fourth detected
path

0

0

0

0

0

0

0

0

976

−10

976

0

260

−3

976

0

NA

NA

20,000

0

521

−6

NA

NA

NA

NA

NA

NA

781

−9

NA

NA

(e-mail, web browsing, media streaming) and the channel switching mechanism implemented. Table 3.17 expands on this and shows that the activity factor in the PS domain
can range from a few percentage points up to 70%.
• α (Interference factor). The interference factor depends mainly on the quality of
network planning, because it represents other-cell interference. The interference factor is directly affected by the overlap between cells, and by the ability of a cell to
power-control calls. This last point is signiﬁcant when Active Set sizes are artiﬁcially
limited, or when handover is delayed (notably through the use of long Time-to-Trigger
or high Cell Individual Offset). Values for α range from 0.55 to 0.65 [16]. This range
represents an optimized network with minimal cell overlap. Unfortunately, this optimization is not always compatible with the high building penetration loss expected
in current networks. Figure 3.4 shows the effect of building penetration loss, antenna
tilt, and Active Set size on α where the interference factor is estimated for different conﬁgurations, based on regular site orientation, ﬂat terrain, and simulation using
a commercially available network planning tool. In commercially available network
planning tools, α is not directly available. Usually the quantities available in a network
planning tool are either the frequency reuse factor or the frequency reuse efﬁciency.
These quantities can be estimated from the total received power and the same-cell
contribution. The quantities can then be correlated with α, as shown in Equations 3.6
and 3.7 [7].
F = Frequency reuse factor = 1 + α =
Ff = Frequency reuse efﬁciency =

Total Rx power
Rx power from same cell

(3.6)

Rx power from same cell
1
=
(3.7)
1+α
Total Rx power
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Figure 3.4
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Figure 3.4 How network conﬁguration inﬂuences the interference factor: (a) Antenna tilt,
(b) BPL, (c) Active Set size
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Figure 3.4

(continued )

Figure 3.5 illustrates the concept behind Equation 3.5.
The resultant pole capacity has no practical application; each user transmits at maximum
power to overcome the noise, while the Uplink coverage is reduced to nothing. From the
pole capacity, a practical capacity (Nuser ) for a system can be calculated after the Uplink
Eb: bit energy for a
single user received
at the cell

After de-spreading, the
bit energy to chip energy
has a ratio equal to the
chip rate to bit rate ratio:
this is the spreading gain

Power control will vary DPCH E c, in
such a way that Eb/Nt is kept at
the required value (required
Eb/Nt) for the current channel
conditions and BLER target

Nth + RoT ~ N t: total noise

Noise floor
increase with the
received power
from all users

N th: thermal noise = kTW + NFRx

Ec: chip energy for
a single user received
at the cell

Sensitivity: the minimum
received power at the cell
(contribution of a single user)
to maintain the required Eb/N t
This value can be below N th,
as this value is considered
before de-spreading

Figure 3.5 Uplink loading and capacity concepts
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loading (η) operating point has been determined, as shown in Equation 3.8.
Nuser = Npole × η

(3.8)

The maximum Uplink loading is selected to ensure that the network remains stable
and that coverage is not adversely affected. As discussed in Chapter 2, the Uplink Link
Budget is affected by the Rise Over Thermal, which is directly dependent on the loading,
according to Equation 2.2. The trafﬁc mix also affects the Uplink loading, mainly when
PS data is predominant, because PS data services are asymmetric.
The capacity calculated from Equations 3.5 and 3.8 represents the number of resources
available on the Uplink radio link, and not the capacity in Erlangs. To derive the capacity
in Erlangs, the Erlang B formula is used (Equation 3.1) after setting the GoS.
Other resource dimensioning is considered later in the planning process, after the Uplink
and Downlink capacity estimations are known. All calculations are based on these limiting
factors.
On the Downlink, code space is a limiting factor, as we will see later. On the Uplink,
it is assumed that code space can never be limiting, because users have their own code
spaces to distinguish different channels (Dedicated Physical Control Channel (DPCCH)
or Dedicated Physical Data Channel (DPDCH)). In addition, every user is differentiated
by means of scrambling codes [17]. Therefore, Uplink capacity is limited by scrambling codes rather than by channelization codes. With 224 scrambling codes available, no
limitation is expected.
3.1.3 Estimating Downlink Capacity
Unlike Uplink capacity, which can be easily – if not perfectly – modeled analytically, it
is better to use simulations to estimate Downlink capacity. Two factors make it difﬁcult
to analyze the effect of each user on overall Downlink capacity. First, users experience
unique radio conditions, including unique orthogonality, at their various geographical
locations. This results in a unique power being consumed by each user, which leads to
the second limitation: power is shared among users, making the capacity dependent on
the location of, and the RF conditions seen by, the users.
An analytical deﬁnition of Downlink capacity estimates the required power per user,
because High-Power Ampliﬁer (HPA) is the most limiting Downlink resource. As seen in
the Link Budget deﬁned in Chapter 2, DPCH power is mainly affected by system loading
(DPCH Ec /Ior ), interference (expressed in terms of geometry), the required Eb /Nt , the
channel conditions that inﬂuence the achieved Eb /Nt , and handover state.
Path loss in this Link Budget does not affect capacity directly because DPCH power
on the Downlink is set to overcome other-cell interference primarily, and, to a lesser
degree, other-user interference. Path loss and building penetration loss in particular affect
the signal and the interference equally; thus they have a minimal effect on capacity.
The Link Budget presented in Chapter 2 showed how the variables discussed above
affect the DPCH power and, therefore, the capacity. Table 3.5 presents the results.
The following conditions apply to the results shown in Table 3.5.
• Loading. Capacity is estimated when loading is set to 100%; loading is expressed as
the fraction of HPA power used. As loading decreases, absolute power per channel
decreases, but the per-channel Ec /Ior remains almost constant.
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• Geometry and handover state. Handover gain and geometry are considered together.
As demonstrated in Chapter 2, geometry depends on the handover state. When handover
is disabled, or prevented through the use of parameters, the mean geometry in the system
degrades.
• Channel condition. Channel conditions affect both the required Eb /Nt and the multipath condition. With AGWN, no multipaths are considered. This improves the achieved
Eb /Nt , as discussed in Chapter 2.
Table 3.5 includes an estimated number of users. This number is based on total HPA
power, power for all control channels, and the required estimated DPCH power. In this
table, a maximum HPA power of 43 dBm and a Common Control Channel (CCCH) power
of 36 dBm are assumed, leaving 15 W available for trafﬁc.
The estimated number of users in table 3.5 generally does not include a voice activity
factor. Voice activity affects Downlink capacity because transmit power is reduced during
DTX. If DTX is used in a voice call, only the control portion of the channels is transmitted
during idle periods. However, what is actually transmitted during DTX, as well as the
respective power levels of the control and data parts of the transmission are considered.
On the Downlink, this concept is important for accurately predicting power resource
utilization, as shown in Figure 3.6.
During DTX, average transmit power is reduced according to the power offset and
the slot format. For any slot format [18], Equation 3.9 can estimate the power difference
between DTX and non-DTX frames, using the number of bits (Ndata , Ndata2 , NTFCI , NPilot )
and the different power offsets (PO1, PO2, PO3), expressed in linear units.
Reduction DCH PowerNo

DT X

=

Ndata1 + Ndata2 + NTPC × P O2 + NTFCI × P O1 + NPilot × P O3
NTPC × P O2 + NTFCI × P O1 + NPilot × P O3

(3.9)

For the voice example – Case 3 in Table 3.5 [13], with handover and 100% loading – the required DPCH is 27.1 dBm for 31 supported users. With DTX and a voice
activity factor of 60%, the average transmit power becomes 25.7 dBm, and the estimated
number of users increases to 43. Unlike the Uplink, for which the activity factor can be
derived directly from added users, on the Downlink, the relationship between the voice
activity factor and the increased number of users is not linear.
Table 3.5 Effect of selected parameters on Downlink capacity
Simulation conditions
Voice, Case 3, HO, 100% loading
Voice (60% activity), Case 3, HO, 100% loading
Voice, Case 3, HO, 70% loading
Voice, Case 3, HO, 50% loading
Voice, Case 3, no HO, 100% loading
Voice, AWGN, HO, 100% loading

Mean DPCH [dBm]

Estimated users per cell

27.1
25.7
25.5
24.1
31.9
22.6

31
43
28
23
10
88
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PO1, 2, and 3 have values ranging from 0 to 6 dB.
Only PO3, Power Offset Ppilot-DPDCH is signaled to the UE during the RRC Connection Setup.
Number of Bits (DPDCH and DPCCH) varies according to slot format.
Assuming slot format 11 and PO1 = PO2 = PO3 = 0 dB, power in a DTX slot is reduced
by (40 / 12 =) 3.33 or 5.22 dB.

Figure 3.6 Average transmit power during DTX

3.2 Effect of Video-Telephony and PS Data on Trafﬁc Engineering
The previous section discussed how voice services affect capacity engineering. For 3G
systems, estimating capacity involves other services as well. Video-telephony and PS data
services are important differentiators for 3G carriers. This section compares voice service
to video-telephony and PS data services.
3.2.1 WCDMA Trafﬁc Engineering and Video-Telephony
Video-telephony and voice are both CS services; therefore, minimal differences are
expected between them. Of the factors that affect voice capacity, the following also
affect video-telephony:
• Target Eb /Nt . The target Eb /Nt changes for both the Uplink and Downlink, as mentioned in Chapter 2. The BLER target selected for this service affects the required
Eb /Nt .
• Voice activity factor. During a video-telephony call, the codec adjusts the quality of
the transmission (mainly the picture quality) to the available bandwidth. Therefore, the
activity factor for video-telephony is expected to be 100% at all times.
• Bit rate. Video-telephony services are currently carried over 64 kbps CS RAB, thus
inﬂuencing the capacity of both the Uplink and the Downlink.
Table 3.6 compares capacity for voice and video-telephony services on the Uplink and
Downlink. Uplink capacity is calculated directly from Equation 3.5. Downlink capacity
is estimated on the basis of average geometry, as presented in Table 2.9, and following
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Table 3.6 Capacity comparison between voice and video-telephony services
Condition

Voice capacity
[users per cell]

Video-telephony capacity
[users per cell]

61
43

15
16

Case 3, Uplink, Ff = 0.65
Case 3, Downlink, HO, 100% loading

the process discussed in Section 3.1.3. This comparison shows that the reduced Eb /Nt
for video-telephony does not compensate for the higher bit rate.
• Overall, compared to voice, video-telephony capacity is reduced by a factor of 2.5 to
4 for the air interface.
• On the Iub and the interface above it, the capacity difference relates to data rate only.
In this case, at equal bandwidth, video-telephony capacity is reduced by a factor of 5
to 9, when considering the voice activity factor.
When adding video-telephony service to commercial systems, the capacity for videotelephony as compared to voice services should be weighed carefully. For the air interface
alone (usually the costliest of all interfaces), video-telephony capacity could cost two to
three times more than voice capacity.
3.2.2 WCDMA Trafﬁc Engineering and PS Data
PS data is bursty. This key characteristic greatly affects WCDMA trafﬁc engineering
for PS data services, where resources are not assigned for the entire duration of a
data exchange, but are allocated and deallocated dynamically, according to the data.
To understand how PS data trafﬁc affects bearer occupancy and how the bearers should
be dimensioned, the variables [19] involved in PS data trafﬁc (also shown in Figure 3.7)
are ﬁrst considered.
• Session occurrence. If a session is deﬁned as a dataﬂow between applications [20],
several sessions could be open at the same time on a given terminal. A session could last
a few seconds or a few days. The deﬁnition of a session also depends on what needs to
be dimensioned. When the Core Network (CN) and the GPRS Gateway Support Node
(GGSN) for General Packet Radio Services (GPRS) must be dimensioned, the session
can be deﬁned as the entire time the Packet Data Protocol (PDP) context is active. In
terms of the actual occupation of radio resources, the session should be deﬁned as the
period during which the end user application is active (used) rather than the time the
application is open. Figure 3.7 shows the difference between these session deﬁnitions.
For either deﬁnition, the probability of occurrence of a new session can be considered
independently of existing sessions and could be modeled with a Poisson distribution.
For a given user, this Poisson distribution would use the average number of sessions
per unit of time as the parameter (λ in Equation 3.4).
• Data volume within the session. For the entire session space, this is a random variable that could take any value from a few bits to several megabits. The data volume
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Packet Data Protocol (PDP) context active
Simultaneous
number of
PDP contexts
active used
to dimension
GGSN

FTP
Overall data
volume, all
applications,
all users,
used to
dimension
common
interfaces
and resources

E-mail
Web browsing

Packet Data Call

Packet Data Call
Reading Time

Volume of information
and time to transfer
the data is used to
dimension the air
interface in terms of
power

Packets (Datagrams) burst

Duration of the packet data
call plus any timer for
CELL_DCH to CELL_FACH
transition used to dimension
the air interface in terms
of codes

Inter-burst time

Figure 3.7

Packet data session, call, and associated terminology

per session can then be modeled as a Poisson distribution, with the average volume
per session as the parameter; however, this does not fully account for the packet
aspects of the service. To account for those, the session is further divided into its
basic blocks.
• Number of packet calls per session. The number of packet calls within a session can
be deﬁned as the distinct period when data is exchanged among the distant terminals.
Example: for reading Web-based e-mail, the session is the time the e-mail application
is open, while each packet data call is the data exchanged to open a single message.
For Web-based e-mail, reading time is an issue; depending on the application, this
time could be longer than the packet data calls. From a dimensioning perspective, the
resource associated with a given packet call is the code channel.
• Idle time between packet call and reading time. The reading time affects code channel
usage. Ideal systems would use no resources during reading time, because no data
is exchanged. In current systems, this is controlled mainly by the CELL DCH to
CELL FACH timer. This timer artiﬁcially prolongs the packet data call to minimize
the number of transitions and the associated signaling. If the reading time is less than
this timer, the entire session is considered a single packet data call, in terms of resource
usage.
• Data volume in a packet call. This variable can be expressed in terms of the number
of packets (or datagrams) in a session and the packet size. Data volume and data rate of
the bearer affect the capacity in terms of HPA power. This represent to the WCDMA
PS data trafﬁc for most air interface planning purposes.
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The above deﬁnition of PS data trafﬁc is suited for true packet data trafﬁc but may be too
complex for WCDMA, because of limitations on resource assignment. The resources for
a true packet data service, such as 802.3 for local area network or High-Speed Downlink
Packet Access (HSDPA) for wide area network, are shared among all users and are used
only when a packet is transmitted. Such trafﬁc has multiple levels of randomness that can
be modeled [21,22].
In WCDMA Release 99, resources are not dynamically assigned. The burstiness of trafﬁc is affected mainly by the CELL DCH to CELL FACH transition (or to a lower state),
an inherently slow process. To address this limitation, PS data trafﬁc can be dimensioned
by using the trafﬁc volume and efﬁciency factors. The efﬁciency factors represent wasted
capacity (resources), caused by inefﬁcient switching between modes. The following factors
apply to busy hour dimensioning.
• Data volume at busy hour. This can be estimated from the monthly volume, as was
done for CS domain services. This data volume is used to dimension the interfaces, Iu,
Iub, and above.
• Channel elements and code channel. In the PS domain, the channel elements and code
channel utilization are affected by the same variables as in the CS domain. In addition,
they are affected by CELL DCH to CELL FACH (and CELL FACH to CELL DCH)
channel type switching. Once a channel efﬁciency factor is deﬁned, data volume should
be increased in proportion to this factor.
• Power. When the user equipment (UE) is in CELL DCH mode but not transmitting
data, the DCH power may average to a lower value if DTX is used. Applying the
deﬁned channel efﬁciency factor can decrease the estimated transmit power. Unlike the
channel elements and code channel, this effect is not direct because Control Channel
information must be transmitted continuously, as mentioned in Section 3.1.3.
The channel type switching mechanism conserves resources during reading time by
preserving the PDP context and releasing physical resources. In addition, channel rate
switching affects resource usage. This mechanism can be set to either limit the power
used by a single user, or adjust the bearer rate according to the needs of the application.
The former is more widely implemented. It increases the spreading factor (SF), thus the
coding gain, when RF conditions degrade. The latter method uses the Orthogonal Variable
Spreading Factor (OVSF) code tree more efﬁciently by assigning a Radio Bearer rate that
corresponds to application requirements.
To circumvent this multivariable process, and because PS data services are commonly
implemented as best effort services, a model that accounts for delay has been deﬁned.
Latency can be estimated if the data service is an M/M/1/∞ queue (commonly referred
to as M/M/1). This model has the following features:
• The channel is considered as a single resource (the 1 in the M/M/1) that serves requests.
• The arrival and departure of the requests can be modeled as Markov processes (the
“M”s in M/M/1).
This queuing theory estimates the latency, L, (or delay) to serve a request from the
arrival rate, λ, and the serving rate, µ, according to Equation 3.10.
L=

λ
µ−λ

(3.10)
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At the cell level, the arrival rate can be estimated by averaging the number of requests
from all the users of a cell. This can be derived from the monthly usage and any peak-toaverage or trafﬁc proﬁle information, divided by the number of cells in the network. The
serving rate depends on the channel characteristics and the request size. Equation 3.11
estimates the serving rate.
Channel throughput
µ=
(3.11)
Request size
In Equation 3.11, channel throughput represents the throughput supported by the air
interface, regardless of scheduler characteristics or arrival rate of the request. This corresponds to the aggregate throughput of all users performing File Transfer Protocol (FTP),
or similar downloads. The request size varies for each application, but an average request
size can be determined, on the basis of trafﬁc proﬁle. The bearer efﬁciency also varies by
application, but mainly affects the code channel, channel elements, and upper resources,
and not the air interface resources.
Bearer efﬁciency is deﬁned as the ratio of the arrival rate over the serving rate; however,
this deﬁnition is not very useful. A better method calculates it using Equation 3.12, to
ensure that the delay, L, is acceptable to the end user. This delay measures only the time
between a request from the user and the initiation of the download; it does not include
the time to complete the download. To estimate the total delay, the download (or data
transfer) time is added, which is controlled mainly by the assigned Radio Bearer and the
radio conditions.
ρ
L=
(3.12)
µ × (1 − ρ)
Equation 3.12 can be reformulated as Equation 3.13 to estimate efﬁciency on the basis
of the user requirements (L) and the supported data rate of the channel (µ).
ρ=

L×µ
(1 + L × µ)

(3.13)

The following example on numerical latency calculation clariﬁes these concepts. From
these calculations, we can estimate what serving rate the channel can support (µ) and how
much the channel should be loaded (ρ), thus indirectly ﬁnding the arrival rate (λ) that a
cell can support. Knowing the total number of requests to serve for all users of all cells,
and the average arrival rate per cell, we can easily calculate the number of cells.

Table 3.7 Downlink capacity estimation for different PS data rates
Data rate
Case 3, 64 kbps, 100% activity
AWGN, 64 kbps, 100% activity
Case 3, 128 kbps, 100% activity
AWGN, 128 kbps, 100% activity
Case 3, 384 kbps, 100% activity
AWGN, 384 kbps, 100% activity

Downlink [users per cell]

Cell throughput [Mbps]

19
27
9
14
3
5

1.2
1.7
1.1
1.8
1.1
1.9
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Numerical Example of Latency Calculation, Single Session
This example assumes an average request size of 480 kbytes over a single WCDMA
channel with a channel throughput of 900 kbps.
From the request size and the channel, the serving rate (µ) can be estimated using
the following equation:
µ=

Channel throughput
Request size

µ=

900[kbps]
= 0.34[request/sec]
480[KB /request]

The utilization efﬁciency can be calculated to ensure that system delays are less than
5 seconds:
Lµ
5 × 0.34
ρ=
=
= 0.63
(1 + Lµ)
1 + 5 × 0.34
From the utilization efﬁciency and the channel throughput, cell throughput can be
calculated as follows:
Design cell throughput = ρ × Channel throughput = 0.63 × 900 = 567[kbps]
In this example, a cell can transfer 567 × 8 × 3600/1024 = 15.9 [MB] of data at busy
hour with a maximum delay of 5 seconds to serve a request.

To complete the dimensioning process, channel throughput must be estimated on the
basis of the number of simultaneous users, as was done for CS services.
Table 3.7 summarizes the calculated capacities for different Radio Bearer rates.
The cell throughput in column three is estimated from Equation 3.14.
Cell throughput = Number of bearers × bearer rate

(3.14)

In all cases, the code tree is not a limitation. Capacity is limited by DPCH power,
which in turns depends on interference. Table 3.7 shows that, for all channel conditions
the cell throughput improves when using a higher data rate bearer.

3.3 Multiservice Trafﬁc Engineering
3.3.1 Multiservice Capacity
So far, we have estimated Uplink and Downlink capacities for a single service only. This
is a necessary step, but it does not reﬂect an actual system in which all services are
offered simultaneously. Estimating Multi service capacity requires an understanding of
how resources are shared when multiple services need different levels of resources.
To understand resource sharing better, the code channel can be considered. Because the
code channel does not depend on any other parameters (RF conditions, channel conditions,
etc.), it provides a simple illustration of the relationship among services, based the OVSF
length. Table 3.8 lists the minimum OVSF length and the number of OVSFs available
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Table 3.8 Code channel availability for different services
Service

Voice, AMR
CS 64
PS 64
PS 128
PS 384

Minimum
OVSF length

Number of
OVSF available

Carried Erlangs
@ 2% GoS

Trunking
efﬁciency

128
32
32
16
8

125
31
31
15
7

112
22
22
9
3

90%
71%
71%
60%
43%

Cch, 1, 0
SF 1 (not used)

SF 2 (not used)
SF 4 (not used in
current implementation)
SF 8 (used for PS 384)
SF 16 (used for PS 128
and HSDPA)
SF 32 (used for PS
or CS 64)
SF 64 (not often used)

SF 128 (used for voice)

Cch, 256, 1

Cch, 256,

Cch, 256, 0

255

SF 256 (common or
dedicated control channels)

Or
Or
S-CCPCH

SF and code channel
implementation dependent,
SF = 128 or 256, typically

Figure 3.8

AICH

PICH

Fixed SF but
code channel
implementation
dependent

P-CCPCH

CPICH

Fixed SF and code channel

Downlink OVSF code tree with optional and mandatory common channels

for each service. For each service type, the carried Erlangs are estimated, assuming a
2% GoS.
This example covers only the Downlink. On the Uplink, each UE has its own code tree,
so the code tree is not a limiting factor in that direction. On the Downlink, the number
of OVSFs available for each dedicated channel is reduced, because multiple common
channels must be supported. Figure 3.8 summarizes the mandatory Downlink channels
and the mandatory (or implementation-dependent) values of their OVSFs. It also shows
optional Downlink common channels.
In the OVSF code tree structure, one PS 384 connection uses the same resources as four
PS 64 connections or 16 voice connections. However, in terms of the SF, the probability
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of having SF = 8 free channels is not just 4 (or 16) times less than the probability of
having one SF = 32 (or SF = 128) free, because the equivalent SF = 32 (or SF = 128)
free channels must be contiguous and start at a speciﬁc position.
Therefore, the availability of an OVSF of a speciﬁc length is determined by the number
of OVSFs of same length or shorter that are used, as well as by the number of longer
OVSFs used. The OVSF allocation algorithm at the Node B normally manages the availability of consecutive OVSFs. This algorithm also allocates and optimizes the code tree
to maximize the availability of shorter OVSFs.
For multiservice dimensioning, it is important that sharing resources among services
does not impair the individual service performance, or lead to over-dimensioning.
Figure 3.9 helps us understand resource sharing better. For single-service dimensioning
(which is simply a visual description of the Erlang theory), it must be kept in mind that
trafﬁc may vary during the observation period.
A voice example with a 2% GoS and 125 resources can support 112 Erlangs. If trafﬁc
takes an average of 112 resources, the system must be over-dimensioned to 125 to ensure
that no more than 2% of the calls are blocked, on the basis of trafﬁc distribution.

For service 1 (voice), blocking occurs if the average trunk utilization is greater than a threshold N1

For service 2 (data), blocking occurs if the average trunk utilization is greater than a threshold N2

For service 1 (voice), blocking occurs if the average trunkutilization is greater
than a threshold N1

For service 2 (data), blockingoccurs if the average
trunk utilization is greater thana threshold N2
For multiple services sharing a pool of resources, both conditions
should be met to optimize efficiency and reduce resource utilization

Figure 3.9 Conceptual view of different services sharing the same resources
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Using the same example for PS 384, to carry three calls with a 2% blocking probability,
the system must be over-dimensioned to seven resources. To provide both services, each
must be over-designed to ensure that the blocking probability for both is limited even
at peak trafﬁc. It is not practical to assume that one service will be at low trafﬁc to
compensate when another service is at peak trafﬁc.
A simple way to address these issues during dimensioning is to divide resources linearly
among services. In the case of OVSF, the division is done on the basis of OVSF length:
one PS 384 call (OVSF 8) is equivalent to 16 voice calls (OVSF 128), or 4 video-telephony
calls (OVSF 32).
Figure 3.10 illustrates this for three services. Using an example of 3 OVSF = 16 to
support the PS 384 data trafﬁc, if 10 OVSF = 32 are required for CS 64, then only 41
resources are available to support voice (OVSF = 128). Because of the nature of the code
tree, this graph is a step function rather than a line.
The information in Figure 3.10 would be more useful if it were translated into Erlangs,
as shown in Figure 3.11. Using the same example, with 3 OVSF = 16 for PS 384, only
0.602 Erlangs can be supported; with 10 OVSF = 32, 5.08 Erlangs are supported along
with 31.9 Erlangs for voice. Obviously, the trunking efﬁciency in this case is greatly
reduced, compared to all the resources used for any of the individual services. From this
number of available resources, the corresponding carried Erlangs at the desired blocking
probability can be estimated, as Figure 3.11 shows. To do the dimensioning, the operating
point on Figure 3.11, which presents the trafﬁc ratio among the different services, relative
to the trafﬁc ratio at the network level, is determined.
Once the trafﬁc mix is stated in terms of Erlangs, we can locate the operating point on the
curve. The operating point is the closest point on the curve presenting the same ratio among
the services. Because of the curve’s discrete nature, for the more demanding resources (in

120

Available OVSF = 128

100

80

60

40

20

0
0

5

OVSF = 16: 0
OVSF = 16: 5

10

OVSF = 16: 1
OVSF = 16: 6

15
Available OVSF = 32
OVSF = 16: 2

20

OVSF = 16: 3

25

OVSF = 16: 4

OVSF = 16: 7

Figure 3.10 Resources available with code tree sharing among three services
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120

Erlangs supported by OVSF = 128

100

80

60

40

20

0
0

5

10

15

20

25

Erlangs supported by OVSF = 32
OVSF = 16: 0
OVSF = 16: 1.66

OVSF = 16: 0.02

OVSF = 16: 0.223

OVSF = 16: 2.28

OVSF = 16: 0.602

OVSF = 16: 1.09

OVSF = 16: 2.94

Figure 3.11 Carried Erlangs with code tree sharing among three services, assuming 2% blocking
probability

this example, the shorter OVSF) only the closest approximation–not an exact ratio–can
be found. Using this graph would assume that the code channel utilization is the limiting
factor, rather than power. In most deployment scenario, power, in particular for high data
rate service is the limiting factor. To portray this, we can construct the same graph with
resources based on the average power used per service and the available power for trafﬁc.
Figure 3.12 illustrates this, using the Case 3 channel assumptions deﬁned in Table 3.4.
16

Supported Erlangs for VT at 2% GOS

14
12
10
8
6
4
2
0
0

5

10

15

20

25

30

35

40

Supported Erlangs for voice at 2% GOS
No PS 384 users

Up to 1 simultaneous PS 384 user

Up to 2 simultaneous PS 384 users

Figure 3.12 Carried Erlangs per cell, with DPCH power sharing among three services
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Table 3.9 Multiservice dimensioning example, part 1
Service

Required trafﬁc over entire system

Voice
Video-telephony
PS Data

1000 Erlangs
300 Erlangs
1 GB

Table 3.10 Multiservice dimensioning example, part 2
Service
Voice
Video-telephony
Total

Required number of cells
152
181
181 cells required, for the most limiting service

Let us look at an example of multiservice dimensioning. For a network with the trafﬁc
requirements shown in Table 3.9, how many cells are required?
By ﬁrst assuming that one PS 384 resource will be sufﬁcient, we can estimate the
per-cell capacity from Figure 3.12 to be 6.61 Erlangs for voice and 1.66 Erlangs for videotelephony. With this per-cell capacity, Table 3.10 shows the number of required cells.
We can verify the number of cells sufﬁcient for PS trafﬁc. For best effort, one PS 384
resource can carry 168 MB of data at busy hour. For all cells, it can carry 30 GB, which
meets the capacity requirement. Dimensioning for data should also consider latency, as
described in Section 3.2.2.
3.3.2 Uplink and Downlink Capacity Comparison
So far, we have estimated the Uplink and Downlink capacities for each service, and the
effect of multiple services on overall cell utilization. Now we can compare the Uplink
and Downlink for a call model rather than for services. In this process, we will also see
how the call model (or trafﬁc) affects coverage. Coverage and capacity are interdependent
in a WCDMA system.
Table 3.11 summarizes the capacity ﬁgures estimated in the previous sections.
For most cases, the Downlink is limiting the capacity of the network. One of the
limitations of such estimates, for PS data in particular, is that they are based on 100%
Table 3.11 Uplink and Downlink capacity comparison, per service
Condition

Voice capacity, 60% activity
Video-telephony capacity, 100% activity
PS 64, 100% activity
PS 128, 100% activity
PS 384, 100% activity

Case 3, Uplink,
Ff = 0.65 [users per cell]

Case 3, Downlink
[users per cell]

61
15
17
10
3

43
16
19
9
3
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Table 3.12 Average throughput and activity factor for selected applications
Application

Average throughput
Uplink/Downlink
[kbps]

Activity factor
Uplink/Downlink assuming
64/384 bearer, no
channel switching [%]

Uplink/Downlink
trafﬁc ratio

5/23

8/6

22%

6/29
6/113

9/8
9/30

21%
5%

Web-based e-mail
(example 1)
Web browsing
Video streaming

activity for both Uplink and Downlink. This assumes that channel and rate switching
perfectly track user needs, as Chapter 5 explains. Without channel or type switching,
activity can be as low as 6%, per the examples given in Table 3.12.
In Table 3.12, the activity factor for selected applications is experimentally determined
in the absence of channel rate and type switching. The efﬁciency factor is estimated
using Equation 3.15.
Average throughput
Activity factor = Bearer throughput
(3.15)
A more conservative efﬁciency factor, when channel switching is implemented, is about
50% in the Downlink. For the Uplink, the stated activity factor is affected by the channel
type switching only, because PS data rates lower than 64 kbps are not usually implemented, even though the standard supports them.
To redeﬁne the Uplink and Downlink capacity estimates in terms of simultaneous users,
we can assume that an average user has the properties summarized in Table 3.13. On the
Downlink, DPCH power is reduced during DTX. The power resource can support 20
users, but in reality it is limited to 15 due to code channel availability (OVSF length 16
required for PS 128). The Uplink is limited by the activity factor and can support over
200 users. Obviously, the Downlink is limiting.
For peer-to-peer service, the Uplink and Downlink potentially have equal trafﬁc, eliminating the imbalance among trafﬁc, capacity, and utilization.
Now let us look at loading. In the previous sections, capacity was estimated for 100%
loading, or pole capacity for the Uplink. On the Downlink, pole capacity is not used often
because a theoretical limit on capacity cannot be drawn in the Downlink as it can for the
Uplink. When estimating coverage for a call model, Uplink loading is a key factor. We
Table 3.13

Typical user proﬁle for PS data services

Property
Average Uplink throughput
Average Downlink throughput
Uplink activity factor
Downlink activity factor
Uplink to Downlink trafﬁc ratio

Value for average user
6 kbps
55 kbps
8% (assuming 64 kbps bearer and no channel switching)
40% (assuming 128 kbps bearer and no channel switching)
15%
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can estimate this from Tables 3.11 and 3.13. The results vary by call model, because each
service has a different trafﬁc balance. Comparing the Uplink and Downlink capacities for
the services, yields the following results:
• Voice service. An Uplink loading of 70% is realistic.
• For PS data. Loading depends on the assigned Radio Bearer and the application.
• Video streaming. If carried over a 64/128 Radio Bearer, the Uplink is limited to 5%.

3.4 Capacity Planning
As described in the previous sections, many factors complicate network capacity planning:
the supported services (CS or PS), applications, assigned Radio Bearers, and the radio
environment. Furthermore, the network planner must rely on assumptions and estimations.
Network planning tools can help with capacity planning, assuming the tools support
3G. This section explains how to use network planning tools and describes the limitations
associated with them. We will ﬁrst review the inputs required for capacity planning, then
discuss how these inputs can be used in a network planning tool.
3.4.1 Input for Capacity Planning
A network planning tool uses trafﬁc modeling to simulate the effects of user and trafﬁc
distribution over the area of interest. It then veriﬁes that, for each service, the desired GoS
can be achieved. Each service deﬁnes its own requirements, but ultimately the collective
effect of all the services should be determined.
Because most network planning tools evolved from voice-only tools, they expect the
planner to provide the probability of trafﬁc for each basic area, or Bin. For voice,
this is easily estimated by setting a user distribution and a trafﬁc assumption for each
subscriber. However, this basic method of estimating trafﬁc requirements is not well
suited for PS data because resources are dynamically assigned and vary for different applications.
The following sections concentrate on the trafﬁc per subscriber for the CS and PS
domains, and describe a simple user distribution.
3.4.2 Capacity Planning for the CS Domain
For voice services, or the CS domain in general, trafﬁc can be simulated fairly accurately
from user distribution and trafﬁc per user. The distribution of trafﬁc for WCDMA is
much more critical than in FDMA/TDMA systems, because WCDMA capacity is limited
not by the physical resources but by interference. In other words, it is limited by the
geometry.
How trafﬁc per user is deﬁned affects capacity planning when all resources are considered: channel elements, code channels, and power. To estimate all the resources for
the CS domain, in addition to the Erlang load per user, the activity factor and handover
state should be known. The handover state affects the channel element and code channel
resources, but it is not covered here in detail because the network planning tool determines
this from the user location and local conditions.
Table 3.14 summarizes how soft Handover Reduction Factor (HORF) and Softer Handover Reduction Factor (Sf HORF) affect the various physical resources. Trafﬁc puts
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Table 3.14 Relationship between average physical resource usage and soft/softer handover reduction factor
Resources
MSC resource
Iu resource
RNC resource
Iub resource
Channel element
Code channels

Affected by:

Comments

1 per call
Typically 1 per call
Vendor implementation, typically 1 per call
Sf HORF
Sf HORF
HORF

Reference trafﬁc: T
Trafﬁc = T × 1
Trafﬁc = T × 1
Trafﬁc = T× Sf HORF
Trafﬁc = T× Sf HORF
Trafﬁc = T× HORF

additional constraints on dimensioning. For example, RNC dimensioning cannot be limited to carried trafﬁc only; it should also include busy hour call attempts (BHCA), signaling
load, and the number of connected Node Bs. These dimensioning considerations vary by
vendor implementation and are not addressed here.
Both HORF and Sf HORFs can be deﬁned as the average number of resources per
call, assuming that multiple resources are used during handover. The difference between
softer and soft reduction factor supports the estimation of resources that will or will not
be shared during a call. Even though the vendor implementation determines the resource
sharing at the Node B, we can simplify the approach by stating that channel element
and Iub resources are shared only during softer handover, while MSC and Iu resources
are always shared. All other resources are never shared; each segment of a call uses a
different resource.
Equation 3.16 shows several simple equations to calculate the soft HORF or Sf HORF
as a function of the various handover state probabilities, which can be easily determined
from the network planning tool.
Softer handover reduction factor
Sf HORF = p1 + p2 + p3 + (2 ∗ p4) + (2 ∗ p5) + (2 ∗ p6) + (3 ∗ p7)
Handover reduction factor
HORF = p1 + (2 ∗ p2) + (3 ∗ p3) + (2 ∗ p4) + (2 ∗ p5) + (4 ∗ p6) + (3 ∗ p7)
With
p1 : probability(no handoff )
p2 : probability(2 − way softer handoff )
p3 : probability(3 − way softer handoff )
p4 : probability(2 − way soft handoff )
p5 : probability(3 − way soft/softer), 3 cells from 2 node − B
p6 : probability(4 − way soft /softer), 2 cells each from 2 node − B

(3.16)
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From these equations, we can deduce that the HORF is always greater than Sf HORF,
or that a call consumes fewer channel element resources than radio links.
The relationship between code channel and power resource utilization cannot be directly
established, unless we include the activity factor in the estimation of trafﬁc per user. In
this case, if users are distributed using a Monte Carlo simulation, they are deﬁned as
follows:
• Idle. Not consuming any resources.
• Connected. A call is established, thus consuming all resources, but at a reduced power.
• Connected and active. A call is established and transmitting at full power, for the
given RF conditions.
The ratio of power between a connected user and a connected/active user depends
entirely on the slot format and the power offset (PO1, PO2, PO3) parameters deﬁned in
Section 3.1.3.
CS domain trafﬁc can be deﬁned entirely on the basis of an Erlang value per subscriber
and an activity factor, as summarized in Table 3.15. Deﬁning trafﬁc in terms of calls per
hour and call duration is identical to deﬁning trafﬁc in mErls. It is valid because network
planning tools only perform static simulations and do not account for time.
3.4.3 Capacity Planning for the PS Domain
The PS domain cannot use the same inputs as the CS domain because channel switching
affects system capacity and affects each resource differently. The most easily observed
effect is on the resource itself; various data rates require different DPCH power, channel
element, and code channel resources.
A less obvious effect, and one that is more difﬁcult to estimate or simulate with a
network planning tool, is how the achieved data rate at a given location inﬂuences user
behavior. Would a user employ video streaming as frequently when only a PS 64 RB is
available, compared to PS 384? This question cannot be answered here, but it introduces
the PS domain concept that a user can either send volumes of information or use an
application for a given duration, as summarized in Table 3.16.
It is important to understand the different application types when setting up the user
trafﬁc proﬁle with channel rate switching, as shown in Table 3.17.
Table 3.15 CS domain trafﬁc required for network planning
Parameter
Calls per hour
Mean holding time
mErlangs

Activity factor

Typical value
Assumption or historical data
Assumption or historical data
Assumption or historical data
mErlangs can be estimated
call per hour × mean holding time[s]
mErlang =
3600
Voice: 60%
Video-telephony: 100%
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Table 3.16 PS domain application examples
Application

Planning impact

Streaming (audio or video)
E-mail
Web Browsing

Duration-based application; volume of information depends on
the achieved quality
Volume-based application; duration of session depends on how
fast the data is transferred
Volume- or duration-based application; depends on type of
browsing: searching for speciﬁc information is volumebased; leisurely browsing is duration-based

Table 3.17 Example of trafﬁc proﬁle with channel rate switching
Application

Video streaming

E-mail

Web browsing

RB [kbps] Call
per hr

Mean Activity
holding
factor
time [sec] [%]

Comments

DL 384
UL 64

1
1

300
300

70
16

DL 128
UL 64

1
1

300
300

70
6

DL 64
UL 64

1
1

300
300

70
3

DL 384
UL 64
PS 128
UL 64
PS 64
UL 64

1
1
1
1
1
1

26
26
80
80
160
160

80
20
80
8
80
4

Assumes
Assumes
Assumes
Assumes
Assumes
Assumes

reception
reception
reception
reception
reception
reception

DL
UL
DL
UL
DL
UL

1
1
1
1
1
1

100
100
110
110
130
130

7
10
20
8
35
7

Assumes
Assumes
Assumes
Assumes
Assumes
Assumes

volume-based
volume-based
volume-based
volume-based
volume-based
volume-based

384
64
128
64
64
64

Assumes stream encoded at 300 kbps
Assumes TCP ACK generated trafﬁc,
MSS 576, each segment ACK’ed
Assumes stream encoded at 100 kbps
Assumes TCP ACK generated trafﬁc,
MSS 576, each segment ACK’ed
Assumes stream encoded at 50 kbps
Assumes TCP ACK generated trafﬁc,
MSS 576, each segment ACK’ed
of
of
of
of
of
of

1
1
1
1
1
1

MB
MB
MB
MB
MB
MB

of
of
of
of
of
of

data
data
data
data
data
data

browsing
browsing
browsing
browsing
browsing
browsing

The trafﬁc value in Table 3.17 is not absolute; it is a relative value affected by rate
switching as follows:
• Duration-based applications. For applications that are entirely duration (time) based,
the overall volume of data is reduced when the Downlink Radio Bearer rate decreases.
This decrease in Downlink trafﬁc also decreases the Uplink trafﬁc, but because the
Radio Bearer rate is assumed to be constant, the activity on the Uplink is reduced.
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• Volume-based applications. For volume-based applications (such as e-mail), activity is
expected to be almost constant on the Downlink, mainly due to the slow start and handshake between the client and the server. The high activity factor shown in the example
assumes very efﬁcient channel type switching, which uses delayed switching from
CELL FACH to CELL DCH, and rapid switching from CELL DCH to CELL FACH.
In Table 3.17, the activity factors are estimated from the same experiment as in
Section 3.3.2, but in this case channel switching is simulated. For Web browsing, also a
volume-based application, activity decreases when a higher Radio Bearer rate is used, but
improves the user experience. With a low Radio Bearer rate, page loading is delayed, as
observed from the increased mean holding time per session.
Using this deﬁnition of volume-based or duration-based trafﬁc for PS data, the call
model can be developed in two steps. First, the application based on the example in
Table 3.17 is deﬁned. Then, the Radio Bearer characteristics are deﬁned. The Radio
Bearer characteristics contain the data relative to the target Eb /Nt , bit rate, and power
offset.
These inputs for PS data are sufﬁcient and easier to use than packet-type call models.
In a packet-type call model, an application is deﬁned in terms of the number of packets,
size of the packets, and packet arrival rate. This model is derived from a true PS data
medium, such as LAN. It is useful for estimating trafﬁc across interfaces but it cannot
accurately model radio resource utilization. Nevertheless, packet-type call models are
appropriate for HSDPA planning because resource allocation is dynamic; changes can
occur every 2 ms.
Channel rate switching is a key feature of 3G network planning tools. Without it, Monte
Carlo simulations become drastically unrealistic, thus invalidating any conclusion drafted
by the planner. However, it is not essential that 3G network planning tools include channel
type switching. For Release 99 planning, channel type switching is limited to CELL DCH,
to and from CELL FACH. In the CELL FACH state, all radio resources are released;
therefore it does not affect radio network planning. For HSDPA planning, the activation
of high-speed service is best simulated as type switching, but it could be approximated
with rate switching.
For completeness, trafﬁc should be distributed geographically. This distribution is more
critical for WCDMA than for Global System for Mobiles (GSM), or more generally for
FDMA/TDMA systems, because the capacity of a WCDMA system is affected by the
locations of the users. As discussed in Section 3.4.4.1, geometry is the main limiting
factor for the Downlink. The Uplink is limited mainly by the interference factor, α (see
Section 3.1.2), which also could be linked to geometry. Highly accurate trafﬁc distribution
can address this limitation, by ensuring that the geometry is optimized for the locations
of the users. Several methods can be applied to create the trafﬁc density, with varying
degrees of accuracy. These methods are summarized below:
• From existing network measurements. Trafﬁc measured on existing networks is accurate in terms of trafﬁc, but must be scaled up or down according to the projected user
uptake. Accuracy is limited by the unknown factors that must be applied for different
domains: trafﬁc from an existing network is either voice only, or voice and low-rate
PS data. The voice trafﬁc per subscriber can be considered constant when migrating to
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a newer network, but the PS data trafﬁc should be scaled to consider the new services
enabled by the higher data rate is considered. Even the trafﬁc distribution may change
with the newer services, especially audio streaming and mobile TV. Accuracy is also
limited by the number of sites in the existing network. Trafﬁc measured at a speciﬁc
cell is distributed over the entire cell area; therefore, the resolution of the demand map
is limited by the number of cells. In addition, accuracy is limited by the accuracy of
the RF model used to determine the coverage. The error is less evident for co-located
cells, because both the existing and the new system are subject to the same variations.
This method is best suited for microcells or indoor systems, which cover a limited area.
Their precision allows the creation of accurate distribution maps, even if microcell or
indoor systems were not considered in an early phase of WCDMA deployment.
• From census data. This method gets the population density from census data or similar sources. Census data is readily available, and thus can be used even by greenﬁeld
operators. On the other hand, it does have some limitations. Census data collects information for large populations over a potentially large area, typically by postal code,
or a similar administrative region. In addition, census data provides information only
about the population, not subscribers or trafﬁc. Depending on the data source, this
type of information might include the residential population only, thus omitting trafﬁc
generated by temporary occupants of businesses or commercial areas. The population
should be converted into subscribers based on marketing assumptions such as mobile
subscriber penetration and market share, or even time of day. From this, one can
project trafﬁc per subscriber based on assumptions of wireless habits by socio-economic
class. Additional population information, such as income, increases the accuracy of this
method.
• From clutter distribution. Both of the above methods of estimating trafﬁc density
distribution can be supplemented by weighting the data on the basis of clutter, roads,
or any geographic information (usually known as morphologies). This weighting relies
on local knowledge. Different markets or operators have different weights. For example,
an operator that targets residential users will assign different weights than an operator
targeting business users.
3.4.4 Capacity Planning with a Network Planning Tool
At the network planning stage, capacity planning involves estimating the different
resources (channel element, code channel, power) used, and adjusting the network
conﬁguration to increase the number of resources. Because network planning tools focus
primarily on the radio aspects, not all resources get equal attention. This section examines
each resource discussed so far, and explains how to estimate or improve it during the
planning phase.
3.4.4.1 DPCH Ec /Ior
The DPCH Ec /Ior resource captures the portion of HPA power required to sustain a
given user in Connected Mode. The resource is deﬁned as a fraction of the total transmit
power to provide scalability. In contrast, an absolute value such as W or dBm would
not be scalable for different values of total transmit power. Another advantage of using
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DPCH Ec /Ior is that it illustrates the fact that increasing the HPA power does not increase
capacity. Instead, it increases interference, requiring higher DPCH power to meet the
Eb /Nt requirement. The following Link Budget parameters affect DPCH Ec /Ior :
• Cell loading. This value is also known as total transmit power, commonly represented
by Ior . Total cell power includes both the Common and the Dedicated Channels. This
is important because any reduction in Common Channel power increases the power
available for DPCH, thus increasing the capacity. One goal of the network planning
process is to achieve a balance between Common and Dedicated Channel power. In a
fully loaded system, the Common Channel power is adjusted until the call fails because
of a failure to satisfy DPCH Eb /Nt or CCCH Eb /Nt , with an equal probability of either
reason being the cause. Although this concept is accurate, its use is limited with most
network planning tools because only the Common Pilot Channel (CPICH) is modeled,
not all the CCCHs.
• Minimum and maximum DPCH power setting. These limits on the DPCH power
control affect overall cell capacity in opposite ways. For the minimum DPCH power,
users in close proximity to a cell will use at least that amount of power, even if the
radio condition would allow a lower value. Ultimately, the minimum DPCH power
setting sets the maximum limit on cell capacity. The maximum DPCH power, on the
other hand, limits how much HPA power a single user, in bad RF conditions, would
consume. By limiting the maximum DPCH power, the lower limit of cell capacity is
effectively set, because the cell has a limited dynamic range, usually to 25 dB.
• Cell geometry. Cell geometry is an important element of network planning. It is
affected by the RF conﬁguration, the handover parameter setting, and the trafﬁc distribution, all of which contribute to the loading of each cell. To optimize the Downlink
capacity of a cell, the geometry must be optimized, but this data is not directly available to a network planning tool. Instead, the combined CPICH Ec /No or the frequency
reuse factor variable can be used. The frequency reuse factor was introduced earlier
(see Equation 3.6), but the concept of combined CPICH Ec /No is new. The combined
CPICH Ec /No can be estimated by summing the Ec /No of all servers in the Active Set,
as shown in Equation 3.17. As this equation indicates, the combined CPICH Ec /No
improves as the Active Set size increases, which is equally true for geometry. Geometry
is also affected by the RF conﬁguration and the overlap between cells. Minimizing overlap between cells during planning limits other-cell interference and improves geometry.
Improving geometry by optimizing the RF conﬁguration instead of handover parameters provides beneﬁts even when the Active Set size is limited to 1, as in the Idle state
or for the HS channels in HSDPA.
Combined CPICH Ec /No = 10 × log

ASsize


10

(Ec /No )i
10

(3.17)

i=1

• Soft handover combining gain. Soft handover combining gain is the reduction in
DPCH power when the Active Set size is unlimited, compared to the DPCH power
required for an Active Set size limited to one. Estimating the combining gain from
this deﬁnition requires running a simulation twice, once with the Active Set size set
as expected, and again with it limited to one. Although the combining gain affects the
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required DPCH, optimizing the combining gain is not a good way to optimize system
capacity, because the combining gain monotonically increases with increased Active
Set size, while the total DPCH power does not, as shown in Figure 2.23.
• Target Eb /Nt . Target Eb /Nt depends on the target BLER and the channel condition,
or multipath proﬁle and mobility. The target BLER can be changed for the PS domain
because users will detect an increase of the BLER target only as a reduction of throughput, not of quality, assuming that Acknowledged Mode (AM) is used. For CS domain
service, Transparent Mode (TM) is normally used; therefore, any increase in the BLER
target degrades voice or image quality. For a given BLER target, the target Eb /Nt for
any service should be set according to the expected channel conditions in the planned
morphology. Therefore, this variable cannot optimize capacity. The only possible optimization is accurately estimating the channel condition (i.e., the required Eb /Nt ) as an
input to network planning.
Although DPCH power is a good measure of individual cell capacity, it should be
balanced with system capacity. Accordingly, total DPCH power serves as a better metric
than individual cell DPCH power, because the total considers all the cells in the Active Set.
As mentioned above, increasing the Active Set size improves geometry and combining
gain, all other parameters being constant. For large Active Set sizes, the combining gain is
not constant for each increase of the Active Set size; instead, it decreases. To compensate
for this during network planning, given maximum loading, all the inﬂuential parameters
are adjusted until a balance between performance and capacity is achieved. To help with
that balancing act, Table 3.18 summarizes the main parameters and performance metrics
that affect capacity.
DPCH power is the most expensive resource to implement. Once the RF conﬁguration
and parameters have been optimized, the only way to increase this resource is by adding
a new cell, either on the same or a new frequency.
3.4.4.2 Code Channels
Code channel utilization in WCDMA relates directly to the Radio Bearer rate use, and
alternately to the activity factor on the assigned Radio Bearer. As it is true for PS domain
applications, a very low activity factor exhausts the OVSF while the DPCH power requirement remains low. Because network planning tools usually rely on static simulations, it
is impossible to tune the channel switching parameters during planning.
The current release of the standard allows the use of secondary code trees, even though
they have not been commercially implemented. In theory, a secondary code tree would
mitigate any code tree utilization issues, by doubling the number of OVSF available. However, a secondary code tree would be implemented using Secondary Scrambling Codes
(SSCs), which do not have the same orthogonality characteristic as Primary Scrambing Codes (PSCs). This nonorthogonality effectively increases intra-cell interference and
ultimately reduces the capacity of the cell.
3.4.4.3 Channel Elements
The concept of channel element varies by vendor implementation. In the ﬁrst-deployed
CDMA system, a channel element was effectively an integrated circuit (IC) capable of
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Table 3.18 Main parameters and performance metrics with their impact on capacity
Eb /Nt target
not met
CCCH power
assignment

Maximum
DPCH
power
setting

Minimum
DPCH
power
setting

Active Set
size and
HO
parameter

Incorrect
channel
switching
parameters

Minimum CPICH
Ec /No not met

DL power
saturation

Code Channel
(OVSF) saturation

Overall cell coverage
CCCH power
Insufﬁcient
should be reduced
can be reduced
CPICH power
by reducing both
to allow more
to overcome the
the HPA and
DPCH power
loading and RF
CCCH power
conditions
assignments
Value set too low;
Value possibly
insufﬁcient
set too high;
verify if any
power can be
individual user
allocated to an
reached the
individual user
maximum
value
Value possibly
set too high;
verify if
DPCH is set to
the minimum
value for
multiple users
Active Set size
Active Set size too
Active Set size too
large and HO
too small or
small or HO
HO parameter
parameters too
parameter too
permissive
too restrictive;
restrictive; user
user cannot
cannot beneﬁt
from HO
beneﬁt from
combining gain
HO combining
gain
Incorrect channel
switching leads to
low utilization of
the RB, with a risk
of running out of
OVSF before other
resources

encoding or demodulating a single code channel. Currently, channel element can refer
either to a physical IC or to a processing capability. In terms of processing capability, it
is easy to understand that a lower SF Radio Bearer uses more channel element resources
than a higher SF.
The number of channel elements is not set during planning. Instead, the required number
of channel elements is estimated on the basis of the trafﬁc carried by each cell, or each
Node B if the channel elements are pooled. In this estimation, it is important to dimension
the channel element pool large enough to ensure low blocking probability.
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3.4.4.4 Iub Resource
The Iub resource, effectively the bandwidth of the Iub interface, can be determined after
RF planning is complete, based on the trafﬁc carried per Node B. Similar to channel
element dimensioning, the Iub resource is planned to ensure low blocking probability,
usually much lower than the expected GoS.
3.4.4.5 RNC Resources
The ability to plan RNC resources is limited because most network planning tools do not
deﬁne RNC as a resource. This is not critical, because the RNC resource dimensioning can
be done after RF dimensioning is complete. It must be kept in mind that RNC resources
are limited by three constraints:
• Number of ports available. This limits either the number of Node Bs or the number
of equivalent backhauls (usually E1 or T1) that can be physically connected to a RNC.
• Total carried trafﬁc. After the number of Node Bs connected to a given RNC is
known, the total carried trafﬁc can be estimated by summing the trafﬁc carried by each
Node B, discounting the handover trafﬁc.
• Busy hour call attempts. BHCA can be estimated from trafﬁc and mean holding time
for CS domain calls. For the PS domain, this estimation does not apply because channel
type switching also can be considered a call attempt. A more complete call model for
the PS domain should consider reading time, an important factor from a user’s point
of view, which affects the need for type switching.
3.4.5 Microcell Issues
Microcells can enhance overall network capacity, if they are planned properly. Any resulting capacity gain is primarily due to propagation conditions. Capacity improves for both
Uplink and Downlink because microcells provide a predominant line of sight, which
means a single path is expected. This lowers the Eb /Nt requirements to nearly Additive
White Gaussian Noise (AWGN) conditions. From this alone, on the Uplink, the capacity
gain is signiﬁcant even if received diversity is not implemented. On the Downlink, the
capacity gain is mainly caused by improved geometry, if proper isolation is maintained
between the micro and the macrocells. Improved geometry reduces the required DPCH,
thus improving the Downlink capacity. For the microcell, the full capacity gain may not
be reached, because the DPCH power settings are likely RNC parameters (in the current implementation) rather than being cell or Node B conﬁgurable. With a single power
setting and a limited dynamic range for DPCH, typically 25 dB, a large portion of the
connection to the microcells would be at the DPCH power ﬂoor.
In addition to the DPCH power limitation, how the microcell is deployed affects its
capacity and the relative capacity compared to the macro layer. For a microcell, capacity
gain on the Downlink relies on isolation between the micro and macro layers. Gain is
achieved either by spatial or frequency isolation. Spatial isolation refers to increasing
the path loss between the macro and the micro layers; frequency isolation refers to using
different WCDMA carriers for the micro and the macrocells. Table 3.19 summarizes the
effects of both.
In Table 3.19, the DPCH Ec /Ior represents the capacity of embedded cells, for a regular
macro network as shown in Figure 3.13, and assuming even trafﬁc distribution. In this
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Table 3.19 Effect of spatial and frequency isolation on cell capacity
Macrocell

Microcell

Average DPCH Ec /Ior [dB]
Macrocell only
Microcell far from Macro
Microcell close to Macro
Microcell middle of Macrocell coverage area
Microcell on separate carrier
Microcell indoor (3 cells, close, middle, and far) on same carrier
Microcell indoor (3 cells, close, middle, and far) on separate carrier

448

449

450

−18.4
−18.4
−18.4
−18.4
−18.9
−18.3
−18.4

451

NA
−15.1
−14.1
−14.5
−20.1
−21.5
−21.7

452

3,640

3,640

Site21

3,639

3,639

Site32

Micro, close

3,638

3,638

Macro
Micro, middle
Micro, far

Site20

Site31

3,637

3,637

448

449

450

451

452

Figure 3.13 Regular network used for micro- and macrocell capacity estimation

simulation, the advantage of representing the capacity by the DPCH Ec /Ior is that trafﬁc
distribution does not have to be assessed.
In all cases, the macrocell capacity is nearly constant, as long as nearby microcells do
not affect the Downlink macrocell’s capacity, in terms of power resources. The emphasis
should be on power, rather than other affected resources; for example, where a microcell is
deployed near a macrocell, microcell users are predominantly in handover, thus affecting
the code channel OVSF resources.
The capacity of the microcell cannot be generalized, but depends on the deployment
options. When microcells are deployed outdoors at the same frequency, capacity increases
only modestly when the microcell is placed at increasing distances from the macrocell.
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The 1 dB difference for DPCH Ec /Ior between the closest and farthest microcell location
translates into a difference of about ﬁve users, since 20% of the power is reserved for
control channels. In other words, increasing microcell capacity by increasing only the spatial isolation has limited results. This must be considered in light of an actual deployment,
especially when microcells are located in coverage holes where the isolation is good.
When microcells are positioned to increase the capacity, frequency isolation provides the best capacity increase. Compared to macrocells, the capacity gain can be
almost one and a half times greater. The main advantage here is that the capacity
increase does not depend on the achieved spatial isolation. In a multicarrier case, soft
handover is not available between carriers and thus has no impact on code channel utilization.
When the microcells are deployed indoors, using a separate carrier does not provide a
signiﬁcant gain over using the same carrier as the macro network. This can be explained
easily: the building penetration loss increases the isolation and reduces other-cell interference.
As seen in Table 3.19 and in the following discussion, a microcell’s capacity greatly
depends on its deployment; thus, accurate placement is very important when planning a
microcell. Accurate placement ensures maximal isolation from the macro network and
places the microcell in high trafﬁc areas. The relative imprecision of trafﬁc demand maps
could produce the following undesirable consequences:
• Increased handover area between micro and macro cells. Capacity is affected
because the geometry is reduced and line-of-sight conditions are less likely to be
present.
• Geometry degradation. If a connection to a single server is achieved (e.g., by modifying parameters), geometry is likely to degrade further, affecting both links.
For best results, the microcells and macrocells are planned simultaneously. Without
proper coordination between layers, any capacity gain provided by the microcell is hindered by potential handover between the layers, assuming a single carrier is used. To
address this, isolation is maintained between the microcells and macrocells.
From the capacity simulation performed, deploying microcells always increases the network capacity, with the greatest gain provided by microcells deployed on a speciﬁc carrier,
either indoor or outdoor. In a deployment, this capacity advantage should be balanced with
overall spectrum utilization strategy: only when a signiﬁcant portion of the trafﬁc is carried by the microcells can a speciﬁc carrier be dedicated to it. In addition, the optimization
of a multicarrier network is more complex when carriers are dedicated to speciﬁc layers
than when all carriers are used for all layers. Inter-frequency reselection and handover
should be optimized to ensure that the transitions happen where and when expected.

3.5 Optimizing for Capacity
During initial optimization, it is difﬁcult to estimate network capacity because it involves
the radio and resource aspects of a network. However, testing an unloaded network can
indicate how much capacity a network can support. This can be achieved by knowing
the trade-offs between coverage (Quality of Service) and capacity. Once this is known,
an unloaded test can estimate how various changes implemented in a network would
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affect capacity. After testing, long-term observation of resource utilization will verify
these assumptions or reveal any needed adjustments.
3.5.1 Coverage and Capacity Trade-offs
Up to now, we have dealt independently with coverage and capacity. For the dimensioning
stage this is reasonable, because the actual site and the subscriber distribution are not
known. This is also acceptable for looking at even distributions in the Downlink capacity
simulation. During network planning, however, subscriber distribution should be known,
or at least approximated. Now the trade-off between coverage and capacity becomes
relevant.
We have seen that Downlink coverage is limited initially by the CPICH and other
CCCH’s power, and secondarily by the maximum DPCH power allocation. Capacity is
affected mainly by the average DPCH power per connection and, to a lesser extent, by the
available DPCH power. In addition, if there is a high probability of having subscribers
at the edge of coverage, the maximum DPCH setting also affects capacity, because a
single user could potentially consume all the available power. On the Downlink, the main
challenge is setting the maximum DPCH power high enough to ensure coverage (Quality
of Service), yet low enough to minimize its effect on capacity.
For voice, which is still the basic service, the maximum DPCH should be set to maintain
the minimum Eb /Nt requirement (up to 13 dB for Case 2) at the cell edge, where the
geometry could reach −6 dB. If these extreme values were used in the Link Budget
deﬁned in Chapter 2, the required maximum DPCH power would be 30.5 dBm, allowing
for no handover combining gain. In other words, cell capacity would be exhausted if these
extreme conditions were applied to 14 users simultaneously, an unlikely scenario. For
voice, planning to provide service over a wide range of channel and geometry conditions
does not signiﬁcantly hinder capacity.
For services that require additional power (such as higher data rate services), Quality
of Service and capacity must be more carefully balanced. For example, consider videotelephony service, typically carried by a 64-kbps Radio Bearer in the CS domain. In the
same extreme conditions deﬁned previously, the required DPCH power would be over
38 dBm, with a resulting capacity of three users. Limiting the available DPCH power
would minimize the risk of running out of capacity, but would greatly reduce coverage.
For instance, if the system were optimized such that the worst geometry is 0 dB, then a
DPCH power of 32.5 dBm would be sufﬁcient. This would ensure that capacity is never
below 10 simultaneous users. This illustrates how vital it is that network planners weigh
all of these factors: RF conﬁguration, the maximum DPCH power, and the number of
served users.
These concepts apply to the PS domain as well, although the results would be worse
because of the reduced spreading gain associated with the low SF used in this domain.
However, the PS domain can apply rate switching to limit the required DPCH power. In
this case, the balance is not between coverage and capacity, but rather between Quality
of Service, expressed in terms of user throughput, and capacity.
3.5.2 Capacity Estimation in a Deployed Network
Tests of an unloaded network can help estimate capacity in several ways, depending on
the available datasets. The estimations should be based on geometry, channel conditions
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from mobile logs, or DPCH Ec /Ior from network logs. The accuracy of the estimations
produced by each method varies.
The following sections review the accuracy of each of these estimation methods. For
all of them, overall accuracy is determined by how and where the supporting data is
collected. To achieve the most accurate estimations, the test data over an area that closely
matches actual user distribution and usage is collected.
3.5.2.1 Geometry
In a deployed system, geometry can be estimated from RF measurements. Equation 3.18
deﬁnes geometry.
Iˆor
Geometry =
.
(3.18)
Ioc
To deﬁne geometry, the following values must be known:
• Energy received from a cell not in soft handover, other-cell interference (Ioc )
• Received signal from the active cell or cells (Iˆor )
These values are not known directly; instead the total received signal power (Io ) and
Pilot Received Signal Code Power (RSCP) for the active cell are measured. From the
RSCP, Iˆor can be calculated, if cell loading is known. In other words, the fraction of HPA
power used for the Pilot (CPICH Ec /Ior ) must be known, as shown in Equation 3.19.
Iˆor =

ASsize

i=1

RSCP i
(CPICH Ec /Ior )i

(3.19)

This value can be calculated from the total cell power, which is available from network logging, and the CPICH power setting. Once (Iˆor ) and Received Signal Strength
Indicator (RSSI) are known, Ioc can be calculated, assuming the thermal noise, Nth , using
Equation 3.20.
RSSI ∼
(3.20)
= Io = Nth + Iˆor + Ioc
Using all the equations in this section, the geometry can be estimated using
Equation 3.21.
ASsize

RSCP i
(CPICH Ec /Ior )i
Geometry =
ASsize
RSCP i
Io − Nth − i=1
(CPICH Ec /Ior )i
i=1

(3.21)

The accuracy of this calculation relies on the accuracy of the CPICH Ec /Ior , which in
turn depends on how the total transmit power is measured in the network. Total transmit
power may be available in real time, or as a counter collected over a long time-interval.
In the latter case, the estimation of geometry is fairly inaccurate, but still usable. In
the real-time collection of total cell power, the accuracy of the geometry is affected by
the synchronization of both logs, which is not a technical issue and can be addressed
procedurally.
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If measurements are performed in unloaded conditions, the CPICH Ec /Ior can be considered constant over the measurement period and uniquely dependent on the CCCH
power settings.
Although difﬁcult to estimate accurately, geometry is still useful when setting the
handover parameter because it accounts for the effect of Active Set size on interference
and resource utilization.
3.5.2.2 DPCH Ec /Ior
If network logging is available, capacity can be estimated from each user’s known power
usage, instead of from the geometry and a full set of assumptions. When using network
logs to determine power usage, power must be expressed as DPCH Ec /Ior –not as an
absolute value–for scalability reasons.
The only exception is when estimating the total consumed power, as opposed to the
per-link power. The total consumed power can be calculated simply as the sum of all perlink power over the entire set. This value is not used directly to estimate the capacity, but
to estimate the efﬁciency of the handover. As the Active Set size increases, because of the
combined gain, the per-link power diminishes. On the other hand, the total transmit power
initially decreases until the efﬁciency of the handover reaches the peak [23]; then the total
transmit power increases. By estimating this value while optimizing handover parameters
(as in the geometry case), the optimal set of parameters can be found by comparing the
total transmit power for different sets and in relation to the Active Set size.
3.5.3 Capacity Monitoring for a Deployed Network
When commercial trafﬁc is present in the network, the best way to monitor capacity is
to collect performance data from network counters. The implementation of a network
counter is vendor-speciﬁc. Therefore, this section discusses only the types of information
that should be collected and how accurately this information represents actual subscriber
trafﬁc and capacity requirements.
3.5.3.1 Total HPA Power
During commercial operation of a network, monitoring the total cell transmit power does
not accurately indicate cell capacity; it reﬂects only the cell’s remaining capacity. The
total HPA power variable should be used both as a long-term average, over an hour or a
day, and as a maximum value. By observing the long-term average, the network engineer
can forecast when blocking will occur in the cell, and take action to prevent it.
For total HPA power, as for most resource utilization indicators, we look at the individual cell data and focus on the most used cells. It is also important to look at a cell’s
value in relation to the other cells. An isolated cell, showing high utilization, is treated
differently than a cluster of cells. For an isolated cell, trafﬁc balancing may be a solution;
for a cluster of cells, a more radical solution (such as cell splitting or addition of a carrier)
may be needed.
3.5.3.2 Code Channel Utilization
In WCDMA systems, code channels are not expected to be a limiting resource unless
channel switching for PS domain services is not properly optimized. Therefore, monitoring
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code channel utilization, even if incomplete, should provide a good indication of the
channel switching efﬁciency. Incomplete indicators reﬂect resource efﬁciency, but not the
user’s experience.
Unless handover states are logged in the network through a different means, code
channel utilization can be used to estimate softer handover, by comparing the utilization
of the code channel (1 per link) and channel elements (1 per Node B). This method still
does not accurately estimate soft handover because data from a common resource (usually
at the RNC level) should also be included.
Code channel utilization is a good indicator of the trafﬁc carried by a sector, especially
if the utilization report covers different OVSF lengths. The OVSF utilization together with
the total transmit power can be used to estimate the average DPCH power and, therefore,
can be used to estimate and forecast cell capacity.
3.5.3.3 Channel Element Utilization
In early network implementations, channel elements are often deployed conservatively
because of their associated high cost. For this reason, channel element utilization must be
monitored along with blocked calls to determine if and when the resource pool should be
increased.
3.5.3.4 Number of Calls at the Node B and RNC Level
The number of calls at the Node B or the RNC level can complement the channel element
utilization value. The difference between the two sets of numbers indicates the probability
of handover. These numbers vary by vendor because they can account for only the number
of call originations, or they count each handover request also as a call. Only the second
method is useful in estimating the handover overhead factor.
3.5.3.5 Average DPCH Power
Average DPCH power can be estimated from code channel utilization and total transmit
power, if it is not available directly. To forecast capacity, this value is considered relative
to the total transmit power. If taken as an absolute, the value would rise with increased
trafﬁc demand because both the same-cell and other-cell interference would rise.
During the commercial operation of the network, comparing the average DPCH power
for all the cells is a good way to identify areas that need RF optimization. In those
areas where RF conﬁguration is not optimal, interference increases, and each call requires
additional power to fulﬁll the Eb /Nt requirement.
3.5.3.6 Handover State
When monitoring the handover state, soft handover (more than softer) does not need to
be monitored to forecast the capacity offered by the radio resource. Other counters such
as DPCH power, channel elements, and code channel more directly address the radio
resources.
Monitoring the handover state is mainly used to ensure that the Iub interfaces are
appropriately dimensioned, using an accurate handover overhead factor. This proper
dimensioning is particularly important for PS domain services because the Iub interface
requirement is at a maximum.
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4
Initial Parameter Settings
Christopher Brunner, Andrea Garavaglia and Christophe Chevallier

4.1 Introduction
Network parameters play an important role in determining the correct behavior of the
system and in achieving target performance. This chapter focuses on the initial settings
for system parameters, to guarantee reasonably good operation of the network at the
beginning of the optimization process or upon the friendly launch of services. For further
insight into optimizing and ﬁne-tuning the parameters, see Chapter 5.
As in many telecommunication systems, the parameters are intended to give the operator enough ﬂexibility to (re)conﬁgure the network according to a speciﬁc strategy and
development stage, without having to modify the corresponding network element software. In UMTS systems, the system parameters are typically stored in the RNC and Core
Network (CN) databases and can be managed via the Operation and Maintenance Center
(OMC). The parameters are then distributed with appropriate signaling to the network
elements, as well as to the UE (user equipment).
Most of the signaling that involves system parameters is done through Layer 3 signaling.
From a UTRAN point of view, the Radio Resource Control (RRC) protocol [1] plays
a major role. The RRC has a control interface for each of the layers and sub-layers
belonging to the Access Stratum (AS) with the capability to start, stop, and conﬁgure all
of them. Other protocols used to set AS parameters are the Medium Access Control (MAC)
protocol [2], the Radio Link Control (RLC) protocol [3], the Packet Data Convergence
Protocol (PDCP) [4], and the Broadcast/Multi-cast Control (BMC) protocol [5]. NonAccess Stratum (NAS) parameters are usually deﬁned in the CN [6] and distributed to
the different network elements of the UTRAN by the RNC over the Iu [7], Iur [8], and
Iub [9] interfaces using the corresponding protocols.
4.1.1 Broadcast of System Information
The RRC is the overall controller of the AS of UMTS, responsible for conﬁguring all the
involved layers and providing the signaling interface to the NAS layer. The RRC is also
WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects
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UTRAN
UE

Core network
RNC

CS CN

PS CN

PS CN broadcast information
CS CN broadcast information
System information message
System information message

Figure 4.1 System information processing in UMTS

responsible for a set of procedures that establish, route, retain, and release the connection
between the UTRAN and the UE.
One of the key RRC procedures for setting parameters is the Broadcast of System
Information. This broadcast transfers the corresponding system parameters to all the UE
present in a cell. As shown in Figure 4.1, system information includes Information Elements (IEs) from both the AS (originated from the UTRAN) and the NAS (originated
from the CN). Both kinds of information are collected by the RNC and distributed to the
UE as System Information messages, using the RRC protocol. The messages are sent on
a logical Broadcast Control Channel (BCCH), which is mapped to either the BCH or the
FACH Transport Channel.
The system information elements are broadcast in System Information Blocks (SIBs).
A SIB groups together system information elements of the same nature. Different SIBs
may have different characteristics in terms of scope (PLMN or cell), repetition rate, and
requirements on the UE to read the SIB. Fast-changing (dynamic) parameters and more
static parameters are grouped into different SIBs to prevent frequent reading of the same
information.
To accommodate SIBs of very different sizes, a System Information message can carry
either several complete SIBs or only a part of a SIB, while always ﬁtting into the BCH
or FACH transport blocks. A total of 11 combinations are allowed, according to the
standard [10], with SIBs that can either be aggregated together in the same message or
segmented into several messages, depending on their size.
Figure 4.2 shows the organization of the SIBs. A single Master Information Block
(MIB) contains the scheduling information for the SIBs. One or two additional Scheduling
Blocks may optionally be included in the MIB to provide schedule information for the
rest of the SIBs. Some IEs are duplicated in different SIBs, for example Cell Reselection
parameters in SIB3 and SIB4 (also grouped in Figure 4.2). SIB3 is used when the UE
operates in Idle Mode, while SIB4, if transmitted, is used in Connected Mode. In this
example, the transmission of SIB4 is signaled by a ﬂag in SIB3, indicating that the UE
needs to read additional information from (in this case) SIB4. To avoid any conﬂict or
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SIB 1

CN information, Timers and Constants

SIB 2

URA identities

SIB 3
Cell reselection
SIB 4

Scheduling
block 2

SIB 5

Common physical channels PCCPCH,
SCCPCH, PRACH

SIB 6

Fast changing parameters for Uplink
PRACH (Uplink Interference)

SIB 7
SIB 8

CPCH information
SIB 9
SIB 10

Dynamic Resource Allocation Control (DRAC)

SIB 11

Measurement information (FACH, traffic
volume, UE internal, IAF, IEF, IRAT)

SIB 12
SIB 13
SIB 13.1
SIB 13.2

ANSI-41 Core network parameters

SIB 13.3
SIB 13.4

TDD only, for open loop power control

SIB 14
SIB 15
SIB 15.1
SIB 15.2
SIB 15.3

Information for location services

SIB 15.4
SIB 15.5

PLMN scope

SIB 16

Handover to UTRAN operation

Expiration timer

SIB 17

TDD only, for shared transport channels

Value tag

SIB 18

PLMN information

Cell scope

Figure 4.2

Structure of system information blocks according to 3GPP standard [10]

undeﬁned behavior, the standard also deﬁnes the default values when speciﬁc SIBs are
missing. In the previous example, if SIB4 is not transmitted, the UE defaults to SIB3.
It can be noted in Figure 4.2 that the legend (bottom left) provides the scope and the
change control method for the different SIBs.
When a UE ﬁrst camps on a cell, it must read all of the broadcast SIBs for that cell
according to the schedule in the MIB, thus retrieving the parameter values. Because of
this process, the SIB scheduling affects the reselection performance, since the reselection
can only be effective after all the SIBs have been read. To mitigate this effect, the UE may
optionally store System Information messages for a given cell so that they can be used
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later when returning to that cell, without having to read them all from the BCH–assuming
none of the parameters has changed since the UE last read the SIBs.
Each SIB has a deﬁned method of change control to allow the UE to quickly determine
if the content has changed. SIBs with more static parameters use a value tag for change
control, distributed by the MIB. When the UE reads the MIB, it compares the value tags
for the scheduled SIBs with the corresponding value tags previously stored; all the SIBs
with new value tags are reread. The MIB also contains a value tag that is sent regularly
by the UTRAN on a static schedule.
More dynamic SIBs use SIB-speciﬁc timers for change control, so rereading the SIB
can be triggered by timer expiration. The UTRAN can also inform the UE of system information changes with a Paging Type 1 message (for the Idle, CELL PCH, and URA PCH
states) or with a System Information Change Indication message (when the UE is in
the CELL FACH state). Finally, the UE must reread the SIBs whenever their scope has
changed, because of moving across cell or PLMN boundaries.
SIBs are not the only way to modify system parameters. In Connected Mode or during the RRC connection process, the UTRAN may change the parameter settings by
means of RRC messages. An example is the Neighbor List and, more generally, handover
parameters. In Idle Mode this information is carried by SIB11 and, potentially, SIB12.
Once the connection is established, the Measurement Control Messages can provide new
information to the UE, for a more dynamic control of the parameters.
4.1.2 Translation between Information Element Values and Engineering Values
The RRC protocol uses a set of messages that are described in Ref [10]. The messages
are encoded by means of Abstract Syntax Notation One (ASN.1) and include a list of IEs
with the corresponding values. For each IE, the standard speciﬁes the characteristics in
terms of validity range and the presence of the element in a given message, and provides
a one-to-one mapping between the encoded values and the engineering values that will
be applied to the system.
To analyze performance and verify the actual settings, it is important to extract the
correct engineering values for the parameters of interest from the encoded messages, as
illustrated in the following example. Consider a Measurement Control Message sent by the
RNC to request the UE for intra-frequency measurement reports for Event 1a (a primary
CPICH enters the reporting range). In Figure 4.3, part of the original encoded message
is reported on the left, and the parameters of interest for the example are highlighted
in bold.
By applying the mapping as speciﬁed by the standard (see Table 4.1), it is possible to
extract the real engineering values of the parameters from the message, as indicated in
the right side in Figure 4.3. Some tools that are used to analyze and set parameters may
be able to convert directly from IE to engineering values, on the user interface.
4.1.3 Over-the-Air Parameter Veriﬁcation
After completing the initial parameter settings, it is a good practice to verify if what
is transmitted over-the-air corresponds to the desired values set in the databases. At
ﬁrst glance, this seems superﬂuous; however, practical experience shows that there are
always cases where the real parameters transmitted by the network elements differ from
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Measurement Control Message
….
measurementCommand setup : intraFrequencyMeasurement
{
intraFreqMeasQuantity
{
filterCoefficient fc2,
….
{
event e1a:
{
triggeringCondition monitoredSetCellsOnly,
reportingRange 12,
w 0,
reportDeactivationThreshold t2,
reportingAmount ra2,
reportingInterval ri2,
},
hysteresis 4,
timeToTrigger ttt200,
….

Figure 4.3

Extracted parameters

t = 289 ms

Triggered by monitored cells
Reporting range = 6 dB
Weighting factor = 0 (best cell only),

Hysteresis = 2 dB
Time to Trigger = 200 ms

Sample mapping between IEs and engineering values for Event 1a parameters

Table 4.1 Speciﬁed mapping between IEs and engineering values for Event 1a parameters [10]
IE value
Triggering conditions

Reporting range

Enumerated {Active Set cells,
Monitored Set cells, Active
Set cells and Monitored Set
cells, Detected Set cells,
Detected Set cells and
Monitored Set cells}
Integer (0–29)

Filter coefﬁcient

Integer (0, 1, 2, 3, 4, 5, 6, 7, 8,
9, 11, 13, 15, 17, 19)

Weighting factor
Hysteresis

Integer (0–20)
Integer (0–15)

Time-to-trigger

Enumerated {0, 10, 20, 40, 60,
80, 100, 120, 160, 200, 240,
320, 640, 1280, 2560, 5000}

Engineering units
Active Set cells, Monitored Set
cells, Active Set cells and
Monitored Set cells,
Detected Set cells, Detected
Set cells and Monitored Set
cells
(0–14.5) dB, in 0.5 dB
increments
0 = no ﬁltering
Otherwise the time constant of
the low-pass ﬁlter is
calculated as
τ = −T/ ln(1–2−k/2 )
T = 200 ms indicates the
intra-frequency measurement
period
(0–2), in 0.1 increments
(0–7.5) dB in 0.5 dB
increments
0, 10, 20, 40, 60, 80, 100, 120,
160, 200, 240, 320, 640,
1280, 2560, 5000 [ms]
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the values set in the OMC. Several factors could contribute to this situation: frequent
parameter updating for various network elements, an upgrade of software versions, or
human error when setting parameters.
A mismatch between desired and actual parameter values could affect a limited number
of cells, entire Radio Network Subsystems (RNS), or even the entire network. The RNS
mismatch case would produce an inconsistency between the values present in a small
group of cells and the rest of the network, which could cause performance degradations
or, in more severe cases, procedure malfunctions.
Here is a suggested way to verify over-the-air parameters:
• Collect measurements and signaling traces with the UE, in Idle and Connected Mode,
in different areas of the network.
• Use suitable tools to extract the parameter values for all visited cells.
• Check the extracted parameters on a cell basis for inconsistencies with the selected
settings.
During this process, it is important to match the proper parameter set to the proper
cell. The difﬁculty is that, in Idle Mode, the UE must read SIBs from both the camping
cell and from any candidate for reselection, but only the identity of the camping cell is
consistently and uniquely reported by optimization tools. To clarify this uncertainty, it
is necessary to rely on low level information from the test UE: either information that
the reselection attempt has started, or information about Rake ﬁnger assignment. In the
ﬁrst case, once the reselection process starts, any SIB reading should be attributed to the
reselection target cell. In the second case, because the Active Set size is limited to 1 in Idle
Mode, whenever ﬁngers are assigned to more than one Primary Scrambling Codes (PSC),
a reselection attempt should be suspected and a SIB reading should be attributed to a
non-active PSC. In either case, once possible errors are identiﬁed, the affected parameters
can be adjusted via the OMC terminal.

4.2 Physical Layer Parameters
Before discussing the main parameters that control the operation of the UE in its different states, we must address parameters related to Layer 1. Here, we include only
the parameters generally considered to be the most important for network planning and
optimization.
4.2.1 Frequency Selection and Management
In WCDMA, the channels are deﬁned in terms of UTRA Absolute Radio Frequency
Channel Number (UARFCN). The relationship between the UARFCN and the frequency
is deﬁned in the standard [11]. UARFCN can be based on a center, Downlink, or Uplink
frequency.
Frequency = UARFCN ∗ 200 kHz
(4.1)
According to Equation 4.1 and the range allowed for the UARFCN (from 0 to 16383),
WCDMA could be deployed over any frequency band lower than 3.2 GHz. The ﬂexibility
to deploy WCDMA in the mobile frequency band of any country is enhanced by the
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Table 4.2 Frequency allocation for land mobile operation
Frequency band
UL/DL [MHz]

Typical frequency
duplex

Used in:

Deﬁned in
the standard?a

190

Yes

80

IMT2000 band, Europe, China,
Korea, Japan
North America

95

Europe

Yes

45

North America

No

45

Europe

No

55

Japan

No

1920–1980
2110–2170
1850–1910
1930–1990
1710–1785
1805–1880
824.02–848.97
869.04–893.97
872.01–914.99
917.01–954.99
887.1–924.99
832.1–869.99
1750–1780
1840–1870
452.5–455.73
462.5–465.73
776–794
746–764
a

90

Yes

No

10

Europe

No

30

North America

No

The standard does not prevent deploying WCDMA in frequency bands not deﬁned in [11].

option of setting the UARFCN Uplink and Downlink independently, which would adjust
the duplex frequency for bands that are not yet entirely deﬁned; see Table 4.2.
As mentioned before, the channel raster for WCDMA is 200 KHz, but the bandwidth is
typically 5 MHz. With the channel raster, the separation between adjacent channels can be
adjusted in a practical range of 4.4 to 5.6 MHz. This adjustment can reduce the adjacent
channel interference when deployment conﬁguration does not allow spatially separating
two different network carriers that border each other.
4.2.2 PSC Planning
PSCs differentiate cells on the Downlink. Codes are generated [12] to ensure that PSCs
are independent of one another. This greatly simpliﬁes PSC planning because the only
requirements are to prevent cells with the same PSC from overlapping and avoid repetition
of a PSC in the Neighbor List. Overlapping should be stringently deﬁned: the Ec /No
(or Received Signal Code Power [RSCP]) from another cell of the same PSC must be
signiﬁcantly below the Ec /No (or RSCP) threshold above which the Rake searcher assigns
a ﬁnger to the path. In practice, this value depends on the UE implementation and is not
deﬁned in the standard. Suggested values deﬁned in Table 4.3 ensure that no overlap
between cells is observed during the PSC planning stage.
To prevent PSC repetition when Neighbor Lists merge (Active Set >1), the condition
should be veriﬁed both on neighbors and second-order neighbors; that is, the Neighbor
List of each member in the Neighbor List.
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Table 4.3 Cell overlap threshold for PSC planning
Quantity

Minimum
performance

Suggested
threshold

Ec /No

−20 dB

−25 dB

RSCP

−117 dBm

−127 dBm

Comment

Typical UE implementations do
not assign ﬁngers for path
below −22to −25 dB
Margin in line with LNF margin,
for (1 – reliability) target

Figure 4.4 Sample parameter settings for PSC planning in a commercial network planning tool

Such a threshold might not be directly usable in a network planning tool, depending
on the tool implementation. For reference, Figure 4.4 shows an example of PSC planning
input.
4.2.3 Power Allocation
Power allocation encompasses power assignments for both common channels and dedicated channels in the Downlink. In contrast to common channels, dedicated channels
are power controlled, so power assignments to dedicated channels set upper (and lower)
transmit power limits.
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Common and dedicated power assignments must be set jointly to ensure that both sets
of assignments meet coverage goals at maximum projected load conditions, as discussed
in Chapter 2. This also implies that if the coverage for common and dedicated channels
is not comparable, power and capacity is wasted.
Of all the power assignments, only the CPICH, AICH, and Page Indicator Channel
(PICH) transmit power values are signaled to the UE.
The transmission of the CPICH transmit power value is for open loop power control. If the CPICH transmit power value is known at the UE, the Downlink path loss
can be calculated from the measured RSCP value and used to determine the Access
probe power in the Uplink, or simply to report path loss when this measurement quantity
is set.
The transmitted value of AICH and PICH Tx power is not used directly by the UE but
is available for veriﬁcation of the assigned power. Both power assignments ensure that
the Downlink indicators are properly decoded [13]. The main difference between them
is that the AICH has a set information rate, but the number of page indicators can vary
from 18 to 144. The recommendations listed in Table 4.4 assume 18 page indicators per
frame; if more page indicators per frames are set, the PICH power must be increased
by 3 dB for each doubling of the page indicator number, to compensate for the reduced
spreading gain.
Chapters 2 and 3 discussed dedicated power settings to fulﬁll coverage or capacity
requirements. Table 4.5 presents DPCH power assignments that yield an acceptable tradeoff between these two requirements.
Table 4.4 AICH and PICH power offset settings
Parameter
AICH power offset
PICH power offset

Setting

Comment

−5 to −7 dB
−6 to −7 dB

Setting is in reference to CPICH
Setting is in reference to CPICH
for 18 PI per frame offset
Increase by 3 dB when PI per
frame doubles

Table 4.5 Typical power assignments for the main Radio Access Bearer (RAB)
Bearer

Setting

Comment

Speech AMR, 12.2 kbps

31.5 dBm

Circuit switched data, 64 kbps

36.5 dBm

Packet switched data, 64 kbps
Packet switched data, 128 kbps
Packet switched data, 384 kbps

36.5 dBm
37 dBm
37 dBm

Reference coverage, in line
with CPICH coverage
Bearer typically used for video
telephony
Match the coverage of voice
service
Coverage continuity over the
entire cell area is provided
by channel rate switching
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4.3 Intra-frequency Cell Reselection Parameters
4.3.1 Introduction
In UMTS systems, one of the key performance metrics is standby time. In Idle Mode,
standby time depends on the implemented cell reselection mechanism and its corresponding parameters. To differentiate their service from others, operators can adjust standby time
and camping cell quality performance by optimizing operator-conﬁgurable cell reselection
parameters.
This section investigates the impact of these parameters, on the basis of diverse ﬁeld
data from different characteristic RF environments collected in commercial networks
(for example: outdoor, indoor, low/high speed, Pilot polluted/not Pilot polluted). In this
section, we will compute performance metrics (camping cell quality, relative standby
time) for different parameter sets, using a simulation platform that efﬁciently employs
over-sampled channel measurements to improve reliability and includes a standby time
model described below. Simulation results illustrate the trade-offs for different parameter
settings in various RF environments. Interestingly, camping cell quality and standby time
do not always move in opposite directions.
The intra-frequency cell reselection mechanism is also used in Connected Mode in all
states except for CELL DCH. Section 4.3.7 brieﬂy addresses how the trade-offs in Connected Mode, especially in the CELL FACH state, compare to the trade-offs in Idle Mode.
4.3.2 Overview of the Intra-frequency Cell Reselection Procedure
In UMTS, according to the cell reselection criterion [14], the UE shall regularly search
for a better cell to camp on. This mechanism ensures acceptable quality and strength of
the camping cell and is necessary to achieve the desired call setup performance. A very
reactive cell reselection mechanism can guarantee a better quality of the camping cell
at the expense of frequent reselections, which decreases standby time. The reselection
criterion is based on parameters provided by the network.
In Idle Mode, the UE operates in Discontinuous Reception (DRX) to improve its standby
time. At the beginning of each DRX cycle, the UE wakes up, reacquires the camping
cell, and reads its PICH. Depending on the measured quality of the camping cell, the UE
may trigger intra-frequency measurements and evaluate the cell reselection criterion. In
particular, measurements are triggered if the common Pilot signal-to-noise ratio (CPICH
Ec /No ) of the camping cell falls below Qqualmin + Sintrasearch . The cell reselection criterion is then evaluated by comparing the quality of the camping cell with that of the
monitored cells. The measurement quantity can be either the CPICH Ec /No or the CPICH
RSCP. The reselection criterion [14] ensures that the UE will reselect to a new cell if
the quality of the new cell is at least Qhyst2s + Qoff set2s,n dB better for Treselection
seconds than the camping cell quality, assuming that Ec /No was chosen as a measurement
quantity.
In GSM, Hierarchical Cell Structures (HCS) have been introduced to minimize signaling. Fast-moving UEs camp on large cells or boomer cells. Slower-moving UEs transition
to smaller cells (macrocells or even microcells). The number of reselections over a ﬁxed
duration allows the UE to decide if it is moving at high or low speed. Small cells offer
the advantage of providing more capacity. And, since only a small share of users move at
higher speeds, only a small fraction of the bandwidth must be dedicated to boomer cells.
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What works well in GSM, though, is less straightforward in WCDMA. Several operators have only two (wideband) carriers (as opposed to many narrowband GSM carriers).
Therefore, dedicating one wideband carrier to boomer cells signiﬁcantly reduces capacity. The standard also supports HCS on a single carrier (boomer cells and microcells on
one carrier). However, that comes at the expense of a signiﬁcant increase in interference.
Hence, using HCS in WCDMA is not recommended, especially over a single carrier, as
detailed in Chapter 3.
4.3.3 List of Intra-frequency Cell Reselection Parameters
Table 4.6 lists all the parameters provided by the standard to tune the intra-frequency cell
reselection mechanism.
If the quality measure for cell selection and reselection is set to CPICH Ec /No ,
Qoffset1s,n and Qhyst1s affect only inter-system reselection. Otherwise, Qoffset1s,n and
Table 4.6 Intra-frequency cell reselection parameters
Parameters

Range, units

Deﬁnitions

Quality measure

CPICH Ec /No – CPICH RSCP

DRX cycle

80 ms to 5.12 sec in discrete
increments

Treselection
Qrxlevmin

0 to 31 sec
−115 to −25 dBm, in 2 dB
increments
−24 to 0 dB

Choice of measurement to use as quality
measure Q for ranking candidate FDD
cells for cell reselection
Periodicity of the paging occasion
corresponding to a given UE in Idle
Mode
Cell reselection timer value
Minimum quality level in the cell
expressed in terms of CPICH RSCP
Minimum quality level in the cell
expressed in terms of CPICH Ec /No
Measure other intra-frequency cells if
CPICH Ec /No < Qqualmin +
Sintrasearch
Hysteresis: used for TDD and GSM cells
and for FDD cells if the quality
measure for cell selection and
reselection is set to CPICH RSCP
Offset between the two cells: used for
TDD and GSM cells and for FDD
cells if the quality measure for cell
selection and reselection is set to
CPICH RSCP
Hysteresis: used for FDD cells if the
quality measure for cell selection and
reselection is set to CPICH Ec /No
Offset between the two cells: used for
FDD cells if the measurement quantity
is CPICH Ec /No

Qqualmin
Sintrasearch

−32 to +20 dB, in 2 dB
increments

Qhyst1s

0 to 40 dB, in 2 dB increments

Qoffset1s,n

−50 to 50 dB

Qhyst2s

0 to 40 dB, in 2 dB increments

Qoffset2s,n

−50 to 50 dB
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Qhyst1s would be shared by intra-frequency and inter-system reselection, not allowing
separate settings for both mechanisms.
If camping cell measurements fall below Qrxlevmin or Qqualmin, procedures are initiated that may lead to an inter-system cell reselection [14]. If another system such as
GSM is available (typically the case), Qrxlevmin or Qqualmin qualify as both intrafrequency and inter-system parameters and, thus, should be optimized for both schemes,
as discussed in Chapter 6. If no other system is available, Qrxlevmin and Qqualmin
should be optimized to avoid premature out-of-service declarations [14] as opposed to
maintaining the minimum cell quality and strength that guarantee the desired call setup
performance.
For the intra-frequency cell reselection simulations, we suggest the following values:
Qqualmin = −18 dB and Qrxlevmin = −113 dBm. With these settings, both Qrxlevmin
and Qqualmin are set slightly lower than the expected Ec /Io and RSCP at the cell edge
for a loaded system, as calculated in Chapter 2. This discrepancy is necessary to offer
some added protection against out-of-service conditions. For instance, because of weak
coverage, the noise component may be larger than in the calculation shown in Chapter 2.
In the initial release of the standard, Treselection was not only used by intra-frequency
cell reselection but was also shared with the inter-frequency and the inter-system cell
reselection schemes as well. So long as UE implementations are based on the latest
standard release, which allows scaling of Treselection for inter-frequency and inter-system
cell reselection, this limitation must be taken into account.
4.3.4 Intra-frequency Cell Reselection Metrics
Camping on a strong cell is only the ﬁrst step in a successful call setup.
• UE-terminated calls start with a page on the Downlink, followed by an Access attempt
on the Uplink before proceeding with call setup.
• UE-originated calls start with an Access attempt on the Uplink before proceeding with
call setup.
Accordingly, the UE must be able to do the following: receive pages on the Downlink
for UE-terminated calls, access the Random Access Channel (RACH) in the Uplink, and
successfully demodulate the ensuing call setup messaging. To facilitate the entire process,
several repetition mechanisms are in place. The pages are repeated on the Downlink if
the UE does not respond to the initial page, either because the page was lost due to a
weak Downlink Channel or because the UE was not in the paging area (i.e., Location,
Registration, or Routing) or was turned off. The Access probe is repeated with increased
power if the Node B is not able to detect the ﬁrst probe. Finally, the probing mechanism
can be repeated if the call setup messages are not successfully exchanged.
Because cell reselection serves call setup, the high-level performance metrics of the
entire call setup scheme–consisting of cell reselection, paging, Access, and call setup
messaging–are the following: UE standby time, call setup performance (latency and success rate) for UE-originated and UE-terminated calls, and the capacity required for the
common control channels involved in the call setup.
If we concentrate on cell reselection, the metrics of interest are UE standby time,
channel strength, and quality during a paging occasion. Section 4.2.3 brieﬂy discussed
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common channel power settings related to paging. Section 4.4 discusses Access-parameter
settings.
To use simple performance metrics in a simulation context, we evaluate camping cell
CPICH RSCP and Ec /No :
• Camping cell CPICH RSCP approximately correlates to the ability to close the Uplink
(Access, Uplink call setup messaging).
• Camping cell Ec /No correlates to the ability to close the Downlink (successful paging
occasions, Downlink cell setup messaging).
The UE standby time model should be ﬂexible enough to apply to any UE implementation. The model described below fulﬁlls this requirement as it considers relative standby
time [15].
The model compares each set of parameters to a reference case, examining the ratio
between the two standby times. The reference case is a stationary UE (i.e., reselection
rate equal to zero) with a DRX cycle length of 2.56 sec.
Let α be the ratio of the current being drawn when the UE is awake and asleep. Let
fa be the fraction of time when the UE is awake. The ratio between the standby times of
the two sets of parameters can then be expressed as:
γ =

ST2
1 + fa,1 (α − 1)
=
ST1
1 + fa,2 (α − 1)

(4.2)

In our simulations, we assumed α = 100. The fraction of time the UE is awake, fa , is
the average awake time per cycle, Tawake , divided by the DRX cycle length:
fa =

Tawake
TDRX

(4.3)

For Tawake , we used the following model:
Tawake = (30 + 250Rrslct )ms/cycle

(4.4)

Rrslct denotes the reselection rate, deﬁned as number of reselections per DRX cycle.
In Equation 4.4, the ﬁrst term models the average awake time per cycle needed by the
UE to reacquire the camping cell, to monitor the PICH, and to evaluate the cell reselection criterion. The second term models the additional awake time due to reselection.
In fact, each time a reselection takes place, the UE must decode the system information
broadcasted by the new cell, thus extending its awake time.
Using an average awake time ignores the fact that the UE can store SIBs of cells
already camped on and, therefore, can reduce the cell reselection delay if already camped
on the cell. This approximation is valid if a new parameter set does not dramatically alter
the following ratio: UE-reselected cells that it has already camped on over UE-reselected
cells that it has not yet camped on.
4.3.5 Intra-frequency Cell Reselection Trade-offs in Idle Mode
Section 4.3.4 discussed the different phases of call setup, including overall call setup
optimization goals: standby time, call setup performance, and the capacity required by
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paging and Access channels. Trade-offs among these goals are possible. For instance,
if we want to improve standby time at the expense of capacity and retain call setup
performance, we can increase the DRX cycle and have the UE wake up less frequently,
but assign more power to the paging and Access indicator channels to compensate for
weaker channels due to reselections taking place less frequently. This approach cannot be
taken to extremes, though, because the maximum UE transmit power is limited; this limits
how much we can improve Access performance and subsequent call setup messaging on
the Uplink. Also, to save resources, Idle Mode coverage should not exceed Connected
Mode coverage.
To maximize the success rate of paging and Access, the channel must be strong during
paging occasions. The rest of this section emphasizes the trade-offs between standby
time and camping cell strength and quality. To illustrate and quantify these trade-offs
in realistic scenarios, we passed ﬁeld measurements through a simulation platform that
accurately models UE behavior to determine the above-mentioned performance metrics
for different parameter settings (see reference [16]).
4.3.5.1 Field Measurements
We collected ﬁeld measurements from three different commercial UMTS networks in
Europe, using a QUALCOMM test phone. In each market, we performed several runs
of data collection along a metric route. We selected routes that best characterized the
speciﬁc deployment scenarios. In Table 4.7, the measurements are classiﬁed in terms
of radio frequency (RF) environment and mobility. Markets X and Z are examples of
macro-deployment scenarios in suburban and urban areas. Market Y is an example of
an in-building micro-deployment scenario. The metric route leads through Pilot-polluted
areas with several Pilot signals of similar strength, areas with fragmented coverage and
frequent changes of best server, and areas dominated by one Pilot.
4.3.5.2 DRX Cycle Length versus Treselection
Let’s ﬁrst study the interaction between DRX cycle length and Treselection. To do this,
we tested the DRX cycle length values of 0.64 sec, 1.28 sec, and 2.56 sec in combination with the Treselection values of 0 sec, 1 sec, and 2 sec. This produces nine sets
Table 4.7 Classiﬁcation of ﬁeld measurement data
Market
(number of runs)

RF environment

Mobility

X (4)

Outdoor; fragmented coverage;
Pilot pollution

Y (3)

Indoor; some Pilot pollution

Z (1)

Outdoor; some fragmented
coverage

Vehicular; 40 min mean time/run; 35 km/hr
mean speed/run; highly variable speeds
from run to run
Pedestrian; 20 min mean time/run; 4 km/hr
mean speed/run
Vehicular; 30 min mean time/run; 25 km/hr
mean speed
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1 percentile of Ec /No [dB]

Figure 4.5 DRX cycles versus treselection for market X; Qqualmin + Sintrasearch = 10 dB; Qhyst2s
+ Qoffset2n = 3 dB

of parameters to test in the simulator: A0, A1, A2, B0, B1, B2, C0, C1, and C2. The
letter indicates the DRX cycle length value: A, B, and C stand for 0.64 sec, 1.28 sec,
and 2.56 sec, respectively. The number indicates the Treselection value: 0, 1, and 2
stand for 0 sec, 1 sec, and 2 sec, respectively. The measurement-triggering threshold is
set to 10 dB (i.e., Qqualmin + Sintrasearch = 10 dB) and the hysteresis is set to 3 dB (i.e.,
Qhyst2s + Qoffset2n = 3 dB).
Figure 4.5 shows the performance of each set of parameters for Market X. A DRX
cycle of 1.28 sec (set B0, B1, and B2) improves the UE standby time by about 20 to
25% with respect to a DRX cycle of 0.64 sec (set A0, A1, and A2), surprisingly without compromising camping cell quality. Of course, the UE wakes up more frequently
with a DRX cycle of 0.64 sec and can adapt more quickly to deteriorating channel conditions. However, more deteriorating CPICH Ec /No measurements are captured if the
reselection process is delayed. As expected, a DRX cycle of 2.56 sec (set C0, C1, and
C2) instead of 1.28 sec (set B0, B1, and B2) improves UE standby time by about 25%
but decreases cell quality by 0.5 to 1 dB1 . The performance of sets C1 and C2 coincide
because the Treselection parameters (1 sec and 2 sec) are smaller than the DRX cycle
period of 2.56 sec. Simulations based on ﬁeld data from Market Y and Z yield similar
results.
1

The DRX cycle is much larger than the reselection delay, producing results in line with expectations.
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4.3.5.3 Effect of Velocity and RF Environment
Next, let us focus on ﬁeld data from Markets X, Y, and Z for a DRX cycle equal to
1.28 sec (sets B0, B1, and B2) and different Treselection values (see Figure 4.6). A Treselection of 1 sec (set B1) instead of 2 sec (set B2) improves the camping cell quality
by about 0.5 to 1 dB at the expense of standby time, which is reduced by less than
2%. A Treselection of 0 sec (set B0) instead of 1 sec (set B1) improves the camping
cell quality by about 0.5 to 0.7 dB at the expense of roughly 5% reduction in standby
time. From Figure 4.9, we can also observe that the UE speed impacts the reselection process. As the speed increases, for a given parameter, the camping cell quality
(as measured by the 1 percentile of Ec /No ) distribution degrades and the stand-by time
degrades.
To analyze the effect of velocity on cell reselection performance, we compare the
fastest and the slowest run from Market X (average speeds of 45 km/hr and 25 km/hr,
respectively), as shown in Figure 4.7. Velocity degrades the reselection performance both
in terms of standby time (by 2%, higher speeds increase the number of reselections over
time) and cell quality (by 0.5 dB). Different velocities do not produce different trade-off
curves. The trade-off curve depends mainly on the RF environment.
DRX cycle = 1.28 sec; standby time versus camping cell quality
70
Trade-off curves
65
Percentage of standby time [%]

Good
B2
B1

60

B2

B1

B2
B1

55

B0
B0

50
B0
45
Bad
40
−19.5

−19

−18.5

−18

−17.5
−17
−16.5
1 percentile of Ec/No [dB]

Market X (4 runs)

Market Z (1 run)

−16

−15.5

−15

Market Y (3 runs)

Figure 4.6 Different treselection values across all markets for DRX cycle = 1.28 sec; Qqualmin
+ Sintrasearch = 10 dB; Qhyst2s + Qoffset2n = 3 dB
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DRX cycle = 1.28 sec; stanby time versus camping cell quality
70

65
Percentage of standby time [%]

Good
B2

60

B1
B2
55

B1

50

B0
B0

45

Impact of speed

Bad
40
−19.5

−19

−18.5

−18

−17.5
−17
−16.5
1 percentile of Ec /No [dB]

Market X, fastest drive run

Figure 4.7

−16

−15.5

−15

Market X, slowest drive run

Highest speed versus lowest speed run for Market X

4.3.5.4 Treselection versus Hysteresis
Treselection and hysteresis (Qhyst2s + Qoffset2n ) are inter-dependent in controlling the
trade-off between cell quality and standby time. This section studies the interaction
between these two parameters, with a focus on DRX cycle length of 1.28 sec. The Treselection values of 0 sec, 1 sec, and 2 sec are tested in combination with different hysteresis
values. In particular:
• The Treselection value of 0 sec is tested with hysteresis values from 1 to 13 dB, in
2 dB increments.
• The Treselection values of 1 sec and 2 sec are tested in combination with hysteresis
values from 1 to 7 dB, in 2 dB increments.
Figures 4.8 and 4.9 show the performance of each set of parameters for Markets X and
Y, respectively. In each plot, the three curves correspond to the three tested values of
Treselection. The data points on each curve represent hysteresis settings. Each data point
is labeled with a letter “h” followed by a number that indicates the hysteresis value (for
example, “h7” represents “7 dB hysteresis”).
Increasing the hysteresis always reduces the reselection rate. While this always improves
standby time, it does not necessarily degrade cell quality. On the contrary, for a given
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Market X, DRX Cycle = 1.28 sec; standby time versus camping cell quality

Percentage of standby time [%]

65
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h11

h7
h5
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h1
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h5
h3

55
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h5

50
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h1
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−18.5

−18

−17.5
−17
−16.5
1 percentile of Ec /No [dB]

Treselection = 0 sec

−16

Treselection = 1 sec

−15.5

−15

Treselection = 2 sec

Figure 4.8 Treselection versus Qhyst2s + Qoffset2n for Market X; in both cases: Qqualmin
+ Sintrasearch = 10 dB
Market X, DRX Cycle = 1.28 sec; standby time versus camping cell quality
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Treselection = 0 sec

Treselection = 1 sec

−16

−15.5
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Figure 4.9 Treselection versus Qhyst2s + Qoffset2n for Market Y; in both cases: Qqualmin +
Sintrasearch = 10 dB
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Treselection, there is an optimal amount of hysteresis that maximizes cell quality by
preventing the UE from making poor reselection decisions in response to large signal
ﬂuctuations; as expected, higher hysteresis is required for smaller Treselection values.
On the basis of simulation results, the minimum recommended hysteresis settings are
7 dB and 3 dB for a Treselection of 0 sec and 1 sec, respectively. Higher hysteresis values
can be used to improve camping cell quality, at the expense of decreased standby time.
Our preferred setting is a Treselection of 0 sec with a hysteresis of 7 to 9 dB, because
this maximizes cell quality without signiﬁcantly degrading the standby time performance.
However, as mentioned in Section 4.3.3, Treselection is shared with the inter-system reselection functionality. Because inter-system reselection is more expensive, a Treselection
larger than 0 sec is suggested. Accordingly, our recommendation combines a Treselection
setting of 1 sec with a hysteresis of 3 dB.
4.3.5.5 Sintrasearch and Qqualmin
The measurement-triggering threshold (i.e., Qhyst2s + Qoffset2n ) should be set to initiate
measurements when the camping cell quality starts to deteriorate and a cell reselection
is desirable. On the other hand, unnecessary measurements should be avoided because
of their negative impact on standby time2 . In the previous simulation, the measurementtriggering threshold was set to −10 dB. Let’s compare four different threshold levels:
−8 dB, −10 dB, −12 dB, and −14 dB. Two different combinations of Treselection and
hysteresis are used: Treselection of 0 sec with 7 dB hysteresis, and Treselection of 1 sec
with 3 dB hysteresis. The DRX cycle length is set to 1.28 sec.
Figure 4.10 shows the simulation results. A threshold of −10 dB maximizes the cell
quality. Threshold levels lower than −10 dB can be used to reduce the reselection rate,
and thus trade camping cell quality for standby time.
4.3.6 Intra-frequency Cell Reselection Parameter Recommendations for Idle Mode
Table 4.8 shows our recommended set of parameters for intra-frequency reselection. This
parameter set works well in all scenarios and achieves a good compromise between
camping cell quality and UE standby time.
Simulation results also show that the cell reselection metrics depend on the deployment
scenario. To achieve the best performance, the parameters can be ﬁne-tuned for a speciﬁc
scenario or, even more aggressively, on a per-cell basis.
4.3.7 Intra-frequency Cell Reselection in CELL FACH State
In Connected Mode, the UE can be in four states: CELL DCH, CELL FACH,
CELL PCH, and URA PCH. These states, mainly used in the PS domain, allow tradeoffs among resource utilization, UE power consumption, and data latency. For instance,
CELL FACH is activated if the data rate is too low to justify the CELL DCH state but too
high for any other state. In all states except CELL DCH, the cell reselection mechanism
manages mobility.
2

The standby time model previously presented does not consider the intra-frequency measurement rate,
because the power required for intra-frequency measurements is negligible compared to the power required for
intra-frequency cell reselection.
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Market X; DRX cycle 1.28 sec; standby time versus camping cell quality
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Figure 4.10
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Treselection = 1 sec, hysteresis 3 dB

Measurement-triggering threshold Qqualmin + Sintrasearch for Market X

Because the UE is in Connected Mode for much less time than it is in Idle Mode, and
because it does not switch to Sleep Mode (DRX) in CELL FACH, standby time is of
less importance in the selection of DRX cycle length. Cell quality is important in Idle
Mode, but even more important in CELL FACH, CELL PCH, and URA PCH states.
The standard addresses these constraints by supporting different parameter settings for
Idle Mode and Connected Mode.
However, we have shown in previous simulations that reducing the DRX cycle from
1.28 to 0.64 sec does not signiﬁcantly improve performance, in terms of cell quality. Therefore, the Idle Mode parameters should be sufﬁcient in all Connected Mode
states.
4.3.8 Inter-frequency Cell Reselection Considerations
The inter-frequency cell reselection scheme shares most of the parameters with the intrafrequency cell reselection scheme. The only exception is the threshold parameter, below
which to measure other cells. The intra-frequency cell reselection parameter is Sintrasearch
and the corresponding parameter for inter-frequency cell reselection is Sintersearch .
Inter-frequency cell reselections are less optimized in terms of power consumption.
Also, the reselection delays are longer than intra-frequency cell reselection delays.
Therefore, inter-frequency cell reselection should take place less frequently. This can
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Table 4.8 Intra-frequency cell reselection parameter recommendations
Parameters

Recommendation

Quality
measure

CPICH Ec /No

DRX cycle

1.28 sec

Treselection

0 sec or 1 sec

Qrxlevmin

−113 dBm

Qqualmin

−16 to −18 dB

Sintrasearch
Qhyst1s

Qqualmin + Sintrasearch
= 10 dB
−2 dB

Qoffset1s,n

−1 dB

Qhyst2s

If Treselection = 1 sec,
Qhyst2s + Qoffset2n
= 3 dB
If Treselection = 0 sec,
Qhyst2s + Qoffset2n
= 7 dB

Qoffset2s,n

Comments
According to [17], the noise and interference
term No of the CPICH Ec /No measurement
quantity is the same for different cells at the
same location. Therefore, intra-frequency
cell reselection performs the same for both
measurement quantities. Qhyst1s and
Qoffset1s,n are not shared and thus are solely
available for inter-system cell reselection
A DRX cycle length of 1.28 sec is preferred
over a DRX cycle length of 0.64 sec,
because it improves the standby time by
∼25% without reducing camping cell quality
If there are no inter-system considerations to
take into account, 0 sec outperforms 1 sec
Typical setting for intra-frequency only.
Different settings may be used, depending
on inter-system aspects; see Chapter 6
Typical setting for intra-frequency only.
Different settings may be used, depending
on inter-system aspects; see Chapter 6

Typical setting for intra-frequency only.
Different settings may be used, depending
on inter-system aspects; see Chapter 6
Typical setting for intra-frequency only.
Different settings may be used, depending
on inter-system aspects; see Chapter 6
Recommendation is given for Qhyst2 +
Qoffset2. Individual settings of Qhyst2 and
Qoffset2 are not considered

be achieved by setting the threshold deﬁned by Qqualmin + Sintersearch lower than the
intra-frequency threshold deﬁned by Qqualmin + Sintrasearch .
Inter-frequency cell reselection serves two purposes. If a second carrier addresses only
hotspots, reselection to the ﬁrst carrier must take place when the UE moves out of second
carrier coverage. If the load on one carrier is high, reselection to another carrier should
take place to achieve load balancing. Inter-frequency cell reselection implicitly takes
care of load balancing between carriers, if the measurement quantity is Ec /No . If one
carrier is not loaded, its Ec /No will be signiﬁcantly larger than that of a loaded carrier
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and reselection to the unloaded carrier will take place. Load balancing can be further
managed during access using implementation-dependent parameters.
Inter-frequency cell reselection considerations should go hand in hand with interfrequency handover considerations. Section 4.5.7 discusses inter-frequency handover considerations.

4.4 Access Parameter Recommendations
Access parameters are used for call access, either call origination or termination, and also
any time the UE communicates on the RACH. This includes any signaling while in Idle
Mode, typically Location Area Update, Routing Area Update, and Cell Update, or any
data transfer while in Connected (but not Dedicated) Mode, typically CELL FACH.
Access takes place on the RACH. The UE sets the RACH preamble initial transmit
power according to Equation 4.5.
Preamble Initial Power = Primary CPICH TX power –CPICH RSCP
+ UL interference + Constant Value

(4.5)

The ﬁrst two terms on the right-hand side represent an estimate of Downlink path
loss. Solving in terms of the Constant Value, and assuming that Downlink and Uplink
path losses are equal, one simply ﬁnds that Constant Value represents the RACH preamble received Ec /No . Therefore, the Constant Value IE should be set to the preamble
target Ec /No .
To allow for occasional decorrelation between Downlink and Uplink, a conservative3
approach is to set Constant Value to the lowest estimated RACH detector, Ec /No .
The preamble duration is 4096 chips, corresponding to a processing gain of ∼36 dB.
When using an energy detector with coherent integration time equal to 4096 chips to
detect the preamble at the Node B, the detection threshold that achieves sufﬁciently low
probability of false alarm (∼ 1 false alarm per second, or 1/750 = 0.0015%) is equivalent
to Ec /No = −25 dB4 . Assuming that the Node B employs such a threshold and has dual
receive antennas, achieving a probability of detection of 50% or better in an Additive
White Gaussian Noise (AWGN) Channel requires the preamble received Ec /No to be
−26 dB or −19.5 dB for 0 km/hr and 150 km/hr, respectively5 .
Figure 4.11 illustrates the Access procedure. Probes are sent at increasing power if an
ACK is not received. After the ﬁrst set of probes is sent, further sets can be sent to
exploit time diversity. The parameters PwrRampStep, PreambleRetransMax, and Mmax
are typically operator-conﬁgurable.
There is a power offset between the preamble and the RACH message control part, as
shown in Figure 4.12. This offset is necessary because the preamble can be received
with more or less power, due to the detection and demodulation mechanism at the
Node B.
3

“Conservative” in this context refers to avoiding excess Uplink interference. The Access procedure (power
ramping) compensates for a potential underestimate.
4
This is an estimate of the Ec /No required to detect that a probe was sent (not necessarily to decode the
probe successfully).
5
The UE speed is relevant because it affects the required detection integration interval.
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step
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Preamble retrans max
(Physical layer)

P p-m

Figure 4.11 Access procedure on RACH

Preamble

RACH message
control part

RACH message
data part

Figure 4.12 Power offset Pp−m

The trade-off in Access is latency versus Uplink interference. Because the Uplink
channel is not known, probes are sent with increasing power until received by the
network.
In unloaded conditions, no more than two probes should be required. In loaded conditions, this number may increase, especially if the Uplink interference value, transmitted
in SIB 7, is not accurate. If the network is loaded, the average number of probes close
to 1 indicates that initial power settings are too high. If the network is unloaded and the
ﬁrst probe is never successful, clearly the initial power settings are too low. Given typical
decorrelation between Uplink and Downlink and a noise rise in the Uplink due to load
limited to 6 dB (75% loading), a step size of 2 to 3 dB ensures that Access can be quickly
completed and interference kept to a minimum, even if the Uplink interference value is
not updated in real time.
In addition to the Layer 1 Access mechanism, a Layer 3 mechanism has been deﬁned
to take over if Layer 1 fails. If an RRC Connection Setup message has not been received
within T300 after sending a RRC Connection Request message, the Access procedure is
repeated up to N300 times.
Table 4.9 lists the main access-related parameters. The Comments column explains the
reasoning for the recommended settings.

4.5 Intra-frequency Handover Parameters
4.5.1 Introduction
In UMTS, intra-frequency handovers are assisted by Measurement Reports from the terminals triggered by Active and Monitored Set Channel measurements. Triggering points
depend on measurement-reporting parameters. Performance metrics (call quality, capacity, Active Set size, measurement-reporting rate) are determined for different parameter
sets, using ﬁeld data to illustrate the effects of different parameter sets.
In contrast to intra-frequency cell reselection, intra-frequency handover is used only in
the CELL DCH state of Connected Mode.
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Table 4.9 Access parameter recommendations
Parameters

Range

Recommended
setting

Comments

Constant
value

−35 to −10 dB

−26 to −24 dB

Power ramp
step

1–8 dB

2–3 dB

Preamble
retrans
max

1–64

6–10

Mmax

1–32

3–6

Power offset
Pp−m

−5 to +10 dB

2–4 dB

T300

100 ms to
8 sec in
discrete
increments

1 sec

N300

0–7

5

This parameter mainly affects the average
number of preambles, because it controls
the power of the ﬁrst one [10].
UE transmit power increases between
subsequent transmissions on the RACH
when no acquisition indicator is received.
Larger values cause the ﬁnal preamble to
be at very high power while smaller
values increase the number of
unsuccessful probes.
Maximum number of preamble
transmissions in one preamble ramping
cycle. Preamble retrans max * power
ramp step should allow the UE to reach
the maximum allowed transmit power,
based on all the other Access parameters.
Maximum number of preamble ramping
cycles. Increasing the number of
preamble cycles within an attempt does
not signiﬁcantly affect the overall call
setup time. In rapidly changing
conditions, a higher setting may be
beneﬁcial compared to higher layer
retransmission (T300 and N300).
Optimization of this parameter mainly
depends on cell detection threshold.
Increase the value if ACKs are detected,
but RRC connection requests fail.
Maximum time from transmission of RRC
Connection Request message to reception
of RRC Connection Setup message.
Compensate for low settings with a high
number of repetitions (N300) to beneﬁt
from time diversity.
Maximum number of retransmissions of the
RRC Connection Request message. From
a user’s point of view, a higher number of
repetitions is preferable to longer delays.

4.5.2 Intra-frequency Handover Procedure
Once the UE is in the CELL DCH state of Connected Mode, the UTRAN sends the
UE a Measurement Control Message [10], which contains the parameters controlling
the intra-frequency, inter-frequency (see Section 4.5.7), and inter-system (see Chapter 6)
handovers. These values update those previously received in SIB11 or SIB12.
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For each type of handover, the UE is informed of the measurement objects (cells),
measurement quantity (CPICH Ec /No , CPICH RSCP, path loss, UTRA Carrier RSSI),
reporting quantities (separately for Active Set cells, Monitored Set cells, Detected Set
cells), reporting criteria (periodical or event-triggered), and Reporting Mode (acknowledged or unacknowledged). When the reporting criteria are fulﬁlled, the UE responds
by sending a Measurement Report Message to the UTRAN. Upon receipt of these measurements, the RNC may update the Active Set (and send an Active Set Update message) accordingly, depending upon resource availability and other internal considerations.
Measurement reporting is controlled by a set of rules deﬁned in the Layer 3 RRC
protocol [14]. For instance, the triggering condition for Event 1a, which indicates that a
cell should be added to the Active Set, is as follows.
Event 1a triggering condition is satisﬁed whenever the quality M of a new cell, that is
for example its CPICH Ec /No , satisﬁes the following condition:
10 log Mnew + CI Onew ≥ W 10 Log

NA

i=1


H1a
+ (1 − W )10 Log Mbest − R1a −
2
(4.6)


Mi

Where:
• Mnew is the measurement result of the cell entering the reporting range.
• CIO new is the individual cell offset for the cell entering the reporting range if an
individual cell offset is stored for that cell. Otherwise it is equal to 0.
• Mi is the measurement result of a cell not forbidden to affect reporting range in the
Active Set.
• NA is the number of cells not forbidden to affect reporting range in the Active Set.
• Mbest is the measurement result of the cell not forbidden to affect reporting range in
the Active Set with the highest measurement result.
• W is the weighting factor, as further deﬁned in the next section.
• R1a is the reporting range constant, in dB.
• H1a is the hysteresis parameter for Event 1a.
Figure 4.13 shows an example of Event 1a reporting, to illustrate the conditions and
involved parameters for a radio link addition. The ﬁgure represents a non-zero Time-toTrigger (TTT) and a weighting factor W = 0. (These are not necessarily recommended
parameters but are used to illustrate the process.)
In Figure 4.13, the quality M of Cell 3 (PCPICH3) increases enough to meet the
triggering condition for Event 1a. After the condition is observed for a time equal to
TTT, the UE starts reporting Event 1a (repeatedly with a time period equal to Reporting
Interval up to a number of Reporting Amount event reports). Presumably, Cell 3 is not
added to the Active Set. Eventually, the quality M of Cell 3 no longer meets the triggering
condition and the UE stops reporting Event 1a.
Event 1b is the counterpart to Event 1a. If triggered, the RNC is asked to remove that
cell from the UE’s Active Set.
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Measurement quantity
PCPICH 1

PCPICH 2

Reporting
range R1a
Hysteresis
PCPICH 3

H1a/2
H1a/2

Time to
Trigger

Reporting
interval
...............

Event 1a
detected

Start reporting
Event 1a

Figure 4.13

Stop reporting
Event 1a

time

Radio link addition (Event 1a)

Event 1c combines the functionality of Event 1a and 1b by replacing an Active Set
cell. The triggering condition occurs if:
MNew ≥ MInAS + H1c /2

(4.7)

Where:
• MNew is the measurement result of the cell not included in the Active Set.
• MInAS is the measurement result of a cell in the Active Set.
• H1c is the hysteresis parameter for Event 1c.
Figure 4.14 shows an example of Event 1c reporting to illustrate the conditions and
involved parameters for a radio link replacement. The ﬁgure represents a non-zero Timeto-Trigger. (This is not necessarily recommended, but helps to illustrate the process.)
PCPICH 1 is replaced by PCPICH 4 in this example.
4.5.3 Intra-frequency Handover Parameters
Table 4.10 lists all parameters provided by the standard for tuning the intra-frequency
handover mechanism. This table covers only the most commonly used events for intrafrequency handover:
• Event 1a. a server is within a dynamic threshold of the best server(s).
• Event 1b. a server is below a dynamic threshold of the best server(s).
• Event 1c. a server is within a dynamic threshold of the cells in the Active Set.
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Measurement quantity
PCPICH 1

PCPICH 2
PCPICH 3

Hysteresis
H1c/2
H1c/2

PCPICH 4

Time to
Trigger

Event 1c
detected

Reporting
interval

...........

time

Start reporting
Event 1c

Figure 4.14 Radio link replacement (Event 1c)

4.5.4 Intra-frequency Handover Metrics
In intra-frequency handover optimization, the following four metrics are commonly evaluated:
• Call quality. Call quality is covered by evaluating the tail of the CPICH Ec /No
distribution. An increase indicates a reduced probability of BLER due to sharp drops
in signal quality and a reduced probability of reaching the maximum transmit power.
• Resource utilization (codes, channel elements). Resource utilization is captured by
calculating the mean Active Set size.
• Signaling (of measurement reports, requires RNC processing power). RNC processing requirements are addressed by evaluating the mean measurement-reporting rate.
• Capacity. To obtain a simple capacity metric, we calculate the total power across
different cells required to serve the terminal; then we normalize that total power and
take the inverse.
Let us discuss the capacity metric in more detail. It applies only to the Downlink. First,
we assume that in soft handover Node Bs are transmitting to a UE with the same power.
Equation 4.8 corresponds to UE receive power. If the strongest link is serving the UE,
the left term applies. If the UE is being served by an Active Set larger than 1, the right
term applies. The receive power must be the same, no matter how many links are serving
the UE.
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Table 4.10 Intra-frequency handover parameters
Parameters
Measurement Report
Transfer Mode
Periodical
Reporting/Event
Trigger
Measurement quantity
Filter coefﬁcient

Range, units

Deﬁnitions

Acknowledged Mode RLC,
Unacknowledged Mode
RLC
Periodical reporting, Event
Trigger

Indicates the type of Measurement
Report Transfer Mode.

CPICH Ec /No , CPICH
RSCP, path loss
0, 1, 2, 3, 4, 5, 6, 7, 8, 9,
11, 13, 15, 17, 19

The quantity the UE shall measure for
intra-frequency measurement.
Equivalent time constant of the low-pass
ﬁlter applied to the CPICH quality
measurements, that is, CPICH Ec /No .
Filtered quality measurements are
used by the UE to evaluate the event
triggering condition and are also
reported in the Measured Results IE
of the Measurement Report message.
Constant in the inequality criterion that
must be satisﬁed for an Event 1a to
occur.
Hysteresis between the condition to
activate and deactivate Event 1a
reporting.
Period of time for which the triggering
condition must be satisﬁed before
transmission of the Measurement
Report message can occur.
Weighting factor applied to the cell
quality in the inequality criterion that
must be satisﬁed for an Event 1a to
occur.
Maximum number of cells allowed in
Active Set in order for Event 1a to
occur.
Maximum number of Measurement
Report messages sent by the UE for
periodic reporting triggered by an
Event 1a.
Transmission period of Measurement
Report messages sent by the UE for
periodic reporting triggered by an
Event 1a.
Constant in the inequality criterion that
needs to be satisﬁed for an Event 1b
to occur.
Hysteresis between the condition to
activate and deactivate Event 1b
reporting.

Reporting Range
(Event 1a)

0–14.5 dB in 0.5 dB
increments

Hysteresis (Event 1a)

0–7.5 dB, in 0.5 dB
increments

Time-to-Trigger
(Event 1a)

0, 10, 20, 40, 60, 80, 100,
120, 160, 200, 240, 320,
640, 1280, 2560, 5000 ms

W (Event 1a)

0–2, in 0.1 increments

Report Deactivation
Threshold (Event
1a)
Reporting Amount
(Event 1a)

0 (= not applicable), 1,
2 – 7 cells in Active Set

Reporting Interval
(Event 1a)

0, 250, 500, 1000, 2000,
4000, 8000, 16000 ms

Reporting Range
(Event 1b)

0–14.5 dB, in 0.5 dB
increments

Hysteresis (Event 1b)

0–7.5 dB, in 0.5 dB
increments

1, 2, 4, 8, 16, 32, 64,
Inﬁnity

Indicates periodical or Event Trigger.
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Table 4.10 (continued )
Parameters

Range, units

Deﬁnitions

Time-to-Trigger
(Event 1b)

0, 10, 20, 40, 60, 80, 100,
120, 160, 200, 240, 320,
640, 1280, 2560, 5000 ms

W (Event 1b)

0–2, in 0.1 increments

Reporting Range
(Event 1c)

0–14.5 dB, in 0.5 dB
increments

Hysteresis (Event 1c)

0–7.5 dB, in 0.5 dB
increments

Time-to-Trigger
(Event 1c)

0, 10, 20, 40, 60, 80, 100,
120, 160, 200, 240, 320,
640, 1280, 2560, 5000 ms

W (Event 1c)

0–2, in 0.1 increments

Replacement
Deactivation
Threshold (Event
1c)
Reporting Amount
(Event 1c)

1, 2–7 cells in Active Set

Period of time the event triggering
condition must be satisﬁed before
transmission of the Measurement
Report Message can occur.
Weighting factor applied to the cell
quality in the inequality criterion that
needs to be satisﬁed for an Event 1b
to occur.
Constant in the inequality criterion that
needs to be satisﬁed for an Event 1c
to occur.
Hysteresis between the condition to
activate and deactivate Event 1c
reporting.
Period of time the event triggering
condition must be satisﬁed before
transmission of the Measurement
Report Message can occur.
Weighting factor applied to the cell
quality in the inequality criterion that
needs to be satisﬁed for an Event 1c
to occur.
Minimum number of cells allowed in the
Active Set in order for Event 1c to
occur.

Reporting Interval
(Event 1c)

0, 250, 500, 1000, 2000,
4000, 8000, 16000 ms

1, 2, 4, 8, 16, 32, 64,
Inﬁnity

PTX (t) max
i

Maximum number of Measurement
Report Messages sent by the UE for
periodic reporting triggered by an
Event 1c.
Transmission period of Measurement
Report Messages sent by the UE for
periodic reporting triggered by an
Event 1c.

1 !  PSHO TX (t) 1
=
Li (t) i∈ASET (t)
N (t)
Li (t)

Where:
•
•
•
•

Li denotes the path loss.
PTX (t) denotes the transmit power from a single Node B.
PSHO TX (t) denotes the transmit power from each Node B of the Active Set.
N(t) denotes the Active Set size.
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According to Equation 4.8, the least power is required if the Active Set size is small,
but it also implies that cells can be instantly swapped as soon as another cell becomes
stronger. The equation is an approximation, because swapping, adding, and deleting cells
from the Active Set requires approximately 300 ms in existing UMTS networks. If the
delayed Active Set change is taken into account, an Active Set size larger than 1 has the
advantage of providing macro-diversity gain, because signals are received from different
sites, but Tx power is wasted if the links have different path loss.
Equation 4.8 captures the relative capacity loss due to links of different path loss.
Because it is very tedious to determine the capacity gain resulting from macro-diversity
(this depends on time and on frequency diversity, which in turn depends on the channel and
on the coding and interleaving schemes), the equation takes into account only the capacity
loss caused by links of different strength. This is accurate for line-of-sight channels
and/or stationary conditions but, of course, is only an approximation for non–line-of-sight
channels in mobile conditions.
The relative loss in capacity at a given point in time, Q(t), is deﬁned as the ratio of
the required transmit power for the best link to the required transmit power across all soft
handover links. It can be easily computed if the Pilot quality of each link is available, as
shown in Equation 4.9:

1
Q(t) =
N (t)

i∈ASET (t)

CPICH i

Ec
(t)
Io

Ec
(t)
Io
Ec
1
PTX (t)
and CPICH i (t) ∼
With Q(t) =
PSHO TX (t)
Io
Li (t)
maxi CPICH i

(4.9)

To obtain the relative loss in capacity over a drive route, integration over Q(t) is necessary.
4.5.5 Intra-frequency Handover Trade-offs
In early deployments, the goal is to maximize call quality and minimize signaling; that is,
to reduce measurement reporting at the expense of capacity and resource usage. Signaling
requires RNC processing power, which may be limited. If several Node Bs are connected
to one RNC, the problem is aggravated. Call quality may suffer from insufﬁcient coverage, especially indoors, and from large delays between sending Measurement Reports
and receiving Active Set Update messages. As deployments become more mature, load
increases and capacity becomes more important.
This section quantiﬁes those trade-offs, allowing the selection of the best solution in
view of the optimization goals.
4.5.5.1 Field Measurements
To illustrate the impacts and trade-offs for different intra-frequency measurement-reporting
parameter sets, we imported channel measurements from a typical route into a simulation
tool, and then calculated a set of performance metrics for different parameter sets.
The selected route presents different conditions, all characteristic of vehicular trafﬁc.
Some sections of the route are relatively well optimized, while others are subject to
Pilot pollution and overshooting cells. We drove the route four times in different trafﬁc
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Table 4.11 Selected handover parameter sets
Set

W

R (1a)

R(1b)

H(1c)

TTT (1a)

TTT (1b)

TTT (1c)

1
2
3
4
5
6
7
8
9
10
11
12

1
1
0
0.5
0
0
0.5
0
0
0
0
0

5.0
4.0
4.0
4.0
3.0
2.5
2.5
3.0
2.5
2.5
2.5
3.0

7.0
6.0
6.0
6.0
5.0
4.0
4.0
4.5
4.0
4.0
4.0
4.5

3
3
3
3
3
2
2
2
2
1
2
3

0
0
0
0
0
0.1
0.1
0.1
0
0.1
0.1
0.0

0.1
0.1
0.1
0.1
0.1
0.64
0.64
0.64
0.64
0.64
0.32
0.64

0.1
0.1
0.1
0.1
0.1
0.1
0.1
0.1
0.1
0.1
0.1
0.1

conditions and at differing speeds. After evaluating the complete route, parameter settings
that work well when averaged over all conditions can be determined. However, the RF
environment affects the trade-offs (e.g., quality, signaling, capacity).
4.5.5.2 Parameter Sets
Handover parameters that are not listed in Table 4.11 remain constant.
The following additional parameters were used for the simulation:
•
•
•
•
•

Filter Coefﬁcient K: 3
Deactivation Threshold: 2
Replacement Activation Threshold: 3
Reporting Amount (Events 1a and 1c): ∞ (inﬁnity)
Reporting Interval (Events 1a and 1c): 1 sec

4.5.5.3 Call Quality versus Capacity
Figure 4.15 illustrates the trade-off between call quality and air-interface capacity for the
parameter sets listed in Table 4.11. The call quality is approximated by the 5th percentile of
the CPICH Ec /No distribution, calculated by combining the cells in the Active Set (ASET).
For the same TTT 1b value, there is a straightforward trade-off between both metrics:
if TTT 1b is increased, the capacity is negatively affected, given the same call quality.
Weak cells remain in the Active Set longer, contribute less to the overall received channel
quality, and interfere with other users.
Sets 1 and 3, and sets 2 and 5 (shown in the circles) perform similarly. In both cases, the
parameter W has been changed from 1 to 0 and the reporting ranges have been adapted:
a larger reporting range is used for W = 1 than for W = 0.
4.5.5.4 Mean Measurement-Reporting Message Rate versus Mean Active Set size
Figure 4.16 shows the relationship between the average rate of Measurement Report
Messages (MRM) and the average size of the Active Set in the UE for the parameter sets
in Table 4.11. A low value for both variables is preferred.
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−7.3

Averaged over multiple runs of a route

13

−7.4

5% ASET combined Ec/No (~ call quality)

−7.5
4
−7.6

12

−7.7
8
−7.8
9

−7.9

5

2

−8
6, 10
−8.1
−8.2

11

−8.3
−8.4
0.855

7
0.86

0.865

0.87

0.875

0.88

0.885

0.89

0.895

0.9

0.905

SHO efficiency (~ capacity)
TTT 1b = 100 ms

TTT 1b = 640 ms

Figure 4.15 Call quality versus capacity

The metrics for parameter sets 1 and 3, and sets 2 and 5 (circled) differ signiﬁcantly
in Figure 4.16, while in Figure 4.15 they show very close performance. The MRM rate
is considerably higher for sets 1 and 2, which are characterized by W = 1, with a beneﬁt
of a slightly reduced mean Active Set size.
An increased TTT 1b provides a signiﬁcantly reduced measurement-reporting rate. This
is relevant if the processing power of the RNC is limited.
It may seem surprising that W = 1 leads to much more measurement reporting than
W = 0. The reason is that when W = 1, the sum over all Active Set cells is compared
to the strongest (Event 1a) neighbor cell (refer to Equation 4.6), or the weakest (Event
1b) Active Set cell. Therefore, a cell may move in and out of the Active Set even if its
quality or strength ﬂuctuates less than the difference between Events 1a and 1b reporting
ranges. This is not the case for W = 0, which compares the best Active Set cell to the
strongest neighbor cell or the weakest Active Set cell.
4.5.6 Intra-frequency Handover Parameter Recommendations
In light of the simulation results shown in the previous two ﬁgures, the recommendations
in Table 4.12 follow the values deﬁned as parameter set 12 in Table 4.11.
4.5.7 Inter-frequency Handover Considerations
Three mechanisms control a transition from one carrier to another:
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Averaged over multiple runs of a route

0.6

2, W = 0, TTT1b = 100 ms
1, W = 0, TTT1b = 100 ms
0.55

Mean MRM rate [%]

0.5
4, W = 0.5, TTT1b = 100 ms
0.45
3, W = 1, TTT1b = 100 ms
0.4

5, W = 1, TTT1b = 100 ms

11, W = 1, TTT1b = 640 ms

0.35

9, W = 1, TTT1b = 640 ms

10, W = 1, TTT1b = 640 ms

7, W = 1, TTT1b = 640 ms

12, W = 1, TTT1b = 640 ms

6, W = 1, TTT1b = 640 ms
0.3
1.36

1.38

1.4

1.42

1.44

1.46

1.48

1.5

8, W = 1, TTT1b = 640 ms
1.52

1.54

1.56

1.58

1.6

Mean ASET size

Figure 4.16 Mean Measurement Report Message (MRM) rate versus mean Active Set
(ASET) size

• Inter-frequency cell reselection
• Redirected RRC setup during call setup: call setup takes place on another carrier
• Inter-frequency handover
The ﬁrst mechanism, inter-frequency cell reselection, was covered in Section 4.3.8. It
takes care of load balancing and loss of coverage on the current carrier.
The second mechanism, redirected RRC setup during call setup, is not equivalent to
inter-frequency handover because the call is set up on another carrier as opposed to being
handed over. To achieve load balancing, it may not be sufﬁcient to rely solely on interfrequency cell reselection. For instance, the UE is unaware of the resource utilization. If
interference conditions are still acceptable but most of the codes are reserved, an interfrequency cell reselection would not take place. Therefore, during RRC Connection Setup,
the infrastructure can reply with RRC Connection Reject and propose another carrier.
The third mechanism is inter-frequency handover. This occurs if a UE leaves coverage
of that carrier and if it is a real-time service.
If it is not a real-time service, it may not be necessary to support inter-frequency
handover in Connected Mode. Instead, it may be more straightforward to allow the call
to drop, in which case cell reselection would move the UE to the stronger carrier and
the call would reestablish. A speciﬁc example would be a situation that offers complete
UMTS Rel-99 coverage on the original carrier and limited HSDPA coverage on a second
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Table 4.12 Intra-frequency handover parameters
Parameters

Recommendations

Measurement Report
Transfer Mode

Acknowledged mode
RLC

Periodical
reporting/Event
Trigger

Event Trigger

Measurement quantity CPICH Ec /No

Filter coefﬁcient

2 or 3

Reporting range
(Event 1a)

3 dB

Comments
Acknowledged mode measurement reporting
ensures quick retransmission of erroneously
transmitted or lost measurement reports,
enhancing reliability at the expense of more
signaling and processing at UE and RNC.
In a loaded network, periodical reporting
generates a high load of measurement
reports on the Uplink, thereby consuming
processing power in the UTRAN. Unless
these measurement reports are used to
optimize the system, the Event Trigger
Reporting Mode is preferred, because reports
are sent only after the UE observed the
triggering condition.
According to [17], the noise and interference
term No of the CPICH Ec /No measurement
quantity is the same for different cells at the
same location. Therefore, intra-frequency
handover performs the same for either
CPICH Ec /No or CPICH RSCP. Because
Pilot power settings are sometimes used to
change cell sizes, for example, for load
balancing, path loss is not recommended as
a measurement quantity.
The time constants of coefﬁcients 2 and 3
correspond to 289 ms and 458 ms,
respectively. Performance at higher
velocities degrades less if the ﬁlter
coefﬁcients are lower. If the RNC can
process frequent measurement reports and
the delay between sending a Measurement
Report Message and receiving an Active Set
update is about 300 ms, a ﬁltering
coefﬁcient of 2 is recommended. Otherwise
a coefﬁcient of 3 is recommend.
If the parameter value is set too large, cells of
relatively poor quality may be included
unnecessarily in the Active Set, thereby
degrading Downlink capacity.
If the parameter value is set too small, cells of
relatively good quality may not be included
in the Active Set, leading to poor call
quality if (Uplink) power maxes out (Pilot
pollution, cell edge), or if Active Set updates
are delayed because of RNC issues. Also,
capacity may be wasted by not tapping into
macro-diversity gains.
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Table 4.12 (continued )
Parameters

Recommendations

Comments

Hysteresis (Event 1a)

0 dB

Time-to-Trigger
(Event 1a)

0 ms

Can be set in combination with reporting
range. However, the only advantage is a very
minor reduction in measurement reporting.
If necessary, measurement reports shall be
delayed by using a larger ﬁltering coefﬁcient
as opposed to increasing the TTT. This
ensures that cells with quickly increasing
power are taken into account quickly, not
after a ﬁxed time.
A small reduction in mean Active Set size can
be achieved at the expense of a signiﬁcant
increase in measurement reporting if W is
increased from 0 to 1 and Events 1a and 1b
reporting ranges are adapted to maintain
capacity and call quality. Given the limited
processing power of current RNCs, this
trade-off is frequently viewed as
unfavorable.
For a larger W and increased Events 1a and 1b
ranges, the second cell is added more
quickly but the third, less quickly. In
Pilot-polluted areas, the strength of the third
cell may rise quickly but it does not become
part of the Active Set until the RNC has
processed the Measurement Report Message
and issued an Active Set update, thus
reducing call quality.
On the other hand, a larger W may lead to
capacity increases in scenarios with large
macro-diversity gains (e.g., no LOS, no time
diversity = low velocity, low BLER targets)
because the second cell is added more
quickly.
If the parameter value is set too small, a cell of
relatively good quality may not be included
in the Active Set. Including that cell would
have been otherwise possible (and desirable)
given the selected Event 1a triggering
conditions. The recommended value may be
further limited by the maximum Active Set
size of the UTRAN.
If the parameter value is set too small, the cell
addition procedure may unnecessarily fail,
for example because of lack of network
resources that is only temporary but extends
beyond the reporting period.

W (Event 1a)

Report deactivation
threshold (Event
1a)

Reporting amount
(Event 1a)

0

>=3

∞(Inﬁnity)

(continued overleaf )
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Table 4.12 (continued )
Parameters

Recommendations

Reporting interval
(Event 1a)

500 ms or 1000 ms

Reporting range
(Event 1b)

4.5 dB

Hysteresis (Event 1b) 0 dB

Time-to-Trigger
(Event 1b)

640 ms

W (Event 1b)

0

Hysteresis (Event 1c) 3 dB

Comments
The interval should exceed the average time
between sending a measurement report and
receiving an Active Set update. If the
interval is too large, an addition may be
unnecessarily delayed.
Must be set larger than the reporting range
(Event 1a). Cells can be retained in the
Active Set by choosing a larger reporting
range (Event 1b) and/or a large TTT (Event
1b). A large TTT has the advantage of
keeping the cells in the Active Set if the
ﬂuctuation rate of the signal increases
because of higher velocities.
Can be set in combination with reporting
range. However, the only advantage is a very
minor reduction in measurement reporting.
Measurement reporting can be reduced
signiﬁcantly by increasing the TTT of Event
1b. In quickly ﬂuctuating environments
(Rician or Rayleigh fading at medium or
large velocities), it is detrimental to quickly
drop a cell (due to a low TTT for Event 1b).
The link might suffer until the RNC includes
the cell after an Event 1a is reported. The
reduction in measurement reporting comes at
the expense of a small loss in capacity as
weak cells remain in the Active Set. If calls
drop because cells are not being added
quickly enough in fast fading scenarios, this
value can be increased.
Here, the same argument as for W (Event 1a)
applies.
If the parameter value is set too large, cells of
relatively good quality may not trigger an
Event 1c and will not replace cells of
relatively poor quality, thus degrading
Downlink capacity. If the parameter value is
set too small, cells of only marginally better
quality than that of an Active Set cell may
trigger an Event 1c, increasing signaling
load without appreciably improving the
combined Active Set cells’ quality.
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Table 4.12 (continued )
Parameters

Recommendations

Time-to-Trigger
(Event 1c)

0 ms

Replacement
deactivation
threshold (Event
1c)

1+Report deactivation
threshold

Reporting amount
(Event 1c)

∞(Inﬁnity)

Reporting interval
(Event 1c)

1000 ms

Comments
If necessary, measurement reports shall be
delayed by using a larger ﬁltering coefﬁcient
as opposed to increasing the TTT. This
ensures that cells with quickly increasing
power are taken into account more quickly,
not after a ﬁxed time.
If the parameter value is set larger than
1+Report Deactivation Threshold IE, Event
1c is prevented from ever occurring. If the
parameter value is set smaller than
1+Report Deactivation Threshold IE, a cell
of relatively low quality, which is not
deemed strong enough for Event 1a
triggering and inclusion in the Active Set,
may be included in the Active Set following
Event 1c triggering.
If the parameter value is set too small, the cell
replacement procedure may unnecessarily
fail, for example because of temporary lack
of processing capability or in the event of
signaling loss.
The interval should exceed the average time
between sending a measurement report and
receiving an Active Set update. If the
interval is too large, an addition is
unnecessarily delayed.

carrier. Cells on the second carrier would not have to provide continuous coverage. It
would be sufﬁcient to deal with hotspots by deploying isolated cells.
If inter-frequency handover is necessary, Event 2a can be conﬁgured to indicate change
of best frequency and Event 2b to indicate that the current frequency is below a threshold
and an alternative frequency is above a threshold. If the UE has only one RF frontend, Compressed Mode must be activated to measure other carriers. Event 2d can be
conﬁgured to activate Compressed Mode and Event 2f to deactivate Compressed Mode.
Because inter-frequency handover is a hard handover, as opposed to a soft intra-frequency
handover, it may affect a real-time application. As a result, it might be preferable to deploy
clusters of Node Bs with a second carrier rather than with isolated cells.
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Service Optimization
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5.1 KPI and Layered Optimization Approach
5.1.1 Main KPI Deﬁnitions
Key Performance Indicators (KPIs) are a minimum set of metrics for tracking system
progress toward a performance target. During network deployment and optimization, several sets of KPIs can be deﬁned. A different set could be used for each optimization phase
described in Chapter 2, as summarized in Figure 5.1.
From this optimization process, three categories of KPIs can be distinguished. Each is
discussed below.
• RF KPIs. Used during initial RF optimization or each time RF conditions change
signiﬁcantly; for example, when a new site is added or a cell is reoriented. RF KPIs
are discussed in detail in Chapter 2 and are summarized in Table 5.1.
• Service KPIs. Obtained through drive tests and used during initial optimization to
estimate system performance. Service KPIs should track all aspects of user experience,
from call origination to call release. Table 5.2 summarizes the relevant service KPIs.
The rest of this section discusses service KPIs for access failures, poor quality, and call
drops. The KPIs in Table 5.2 represent a minimum performance level to support the
design target deﬁned in Chapter 2: a network with cell edge coverage probability of
90% (97% coverage area, assuming σ = 8 dB). For retention and access performance,
the probability of success should correspond to the coverage area. For example, the
call success rate target should be 97%. Expecting higher success would be equivalent
to expecting service in an area where coverage is not guaranteed. Results depend on
how the tests are performed. The case discussed here assumes that the tests are run
over the entire predicted coverage area.
• Operational KPIs. Used once sufﬁcient commercial trafﬁc is carried by the network, when the actual user experience can be evaluated and network growth can be
WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects
 2006 QUALCOMM Incorporated
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RF optimization

Focus on RF configuration and limited
system parameters: PSC assignment,
monitored cell list (neighbor list)

Voice service optimization

Focus on voice performance: Access
and retention probability
Corresponding parameters tuned
Limited tuning of RF configuration

VT and PS service
optimization

Focus on quality and retention
performance
RLC and service specific parameters
tuned
Limited tuning of access, handover and
RF configuration

Optional
Inter-system change
optimization

Focus on improving the retention during
inter-system change
Inter-system reselection and handover
parameters tuned
Limited tuning of intra-frequency
parameters

Figure 5.1 Optimization phases
Table 5.1 RF KPI examples
Task
RF Optimization

KPI
Measured RSCP
Measured Ec /No
Cell overlay
Qualitative distribution

KPI target example
> −88 dBm over 97% of area, measured
outdoors
> −9 dB over 95% of area
<3 cells within the reporting range, Event
1a (r1a) over 95% of area
No cell overshoot
Minimal cell fragmentation
Minimal change in best server
Minimal differences between prediction
and measurements

planned. Operational KPIs should be measured and trended over an extended period
of time. They should be measured with network counters or with a protocol analyzer
attached to a network interface (usually Iub or Iu). Network counters are generally
easier to use than protocol analyzers, but they are limited by each vendor’s implementation.
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Table 5.2 Service KPI examples
KPI
Set up success
rate MO

Set up success
rate MT

Drop rate

Set up latency
MO
Set up latency
MT

Deﬁnition
Access failure: call fails to reach alerting state
Call setup success ratio = (number of calls
reaching alerting state)/(number of calls initiated
by user)
Access failure: call fails to reach alerting state (B
party) after initiation (A party)
Call setup success ratio = (number of calls
reaching alerting state)/(number of calls initiated)
Call drop: unintended release of the radio link after
reaching alerting state
Call drop ratio = dropped calls/(number of
initiated calls − access failure)
Delay between user-originated call and alerting state
Delay between ﬁrst page and reaching alerting state
(terminated side)

Target value
>97%

>95%

<3%

<6 sec for 90% of
the calls
<8 sec for 90% of
the calls

When evaluating the KPIs mentioned above, it should be understood that conﬁdence
levels in the measured performance greatly depends on the number of samples collected.
The number of samples is less important during the initial round of optimization, which
focuses on discovering and resolving the main issues in the network rather than on the
statistical validity of the measurements. In later rounds of optimization, as the network
approaches commercial operation, the number of samples is important to verify that the
target performance is met and to determine whether the measured performance, typically
over a limited drive route, is an accurate statistical representation of the performance of
the entire network. Determining the number of samples needed to statistically validate
the measurements involves statistical theory [1]. Without reviewing the complete mathematical justiﬁcation, the number of samples to satisfy a required conﬁdence level can be
estimated from Equation 5.1.


p(1 − p)
5
2
n = max zα/2 ×
,
(5.1)
e2
(1 − p)
where
n is the number of samples, estimated from the following:
zα/2 is the standard normal distribution, typically 1.96 for 95% conﬁdence
level or 2.576 for 99% conﬁdence level
p is the expected probability of success
e is the acceptable error in the measurement
The second term considered for the maxima ensures that a sufﬁcient number of samples
are reached, allowing the necessary simpliﬁcation for the ﬁrst term to be valid.
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5.2 Voice Service Optimization
5.2.1 Adaptive Multirate Codec
An Adaptive Multirate (AMR) codec [2] is the main speech codec for a number of
services, including voice telephony, Video-Telephony (VT), and Multimedia Messaging
Service (MMS). Its popularity is due to its performance-to-data-rate trade-off and its
compatibility with other popular speech codecs such as Global System for Mobile (GSM)
Enhanced Full Rate (EFR) codec (AMR 12.2 kbps mode), North American Time Division
Multiple Access (TDMA) IS-641 EFR codec (AMR 7.4 kbps mode), and ARIB Personal
Digital Cellular (PDC) EFR (AMR 6.7 kbps mode).
AMR can operate in eight different modes, supporting the variable bit rates shown in
Table 5.3. Choosing among AMR modes involves a compromise between voice quality
and network capacity. Higher system capacity can be achieved by lowering the data rate
of each voice user. Similarly, if there is sufﬁcient network capacity, each user may use a
higher data rate AMR mode for better quality, providing ﬂexible resource management.
In an ideal implementation, network operators should be able to control the balance
between capacity and quality under different situations, but typically only the 12.2 kbps
option is implemented. Even when multirate is implemented, a call would be set up
in one mode and remain unchanged for the duration of the call. An exception to this
is Tandem Free Operation mode, in which a Wideband Code Division Multiple Access
(WCDMA) mobile and a GSM mobile are engaged in a call. In this scenario, supported
by the standard in Release 4 and higher, the AMR mode adapts to the GSM link quality
and can change upon command as frequently as every 20 ms speech frame [2–4].
The details of AMR coding are discussed in Refs [5–7]. At a high-level, three streams
of bits are generated with different error-protection requirements: Class A, Class B, and
Class C. The Class A bits, necessary to attempt frame decoding, are the most important
and so are convolutionally coded at rate 1/3 and are also Cyclic Redundancy Check
(CRC) protected. The Class B bits do not have a CRC, but are convolutionally coded
at rate 1/3. Class C bits, the least important, do not carry a CRC, and are coded at rate
1/2.
If the CRC for the Class A bits does not check, the entire bad frame is discarded.
An error concealment mechanism such as voice muting should then be implemented to
Table 5.3 List of AMR codec modes
AMR codec mode
AMR
AMR
AMR
AMR
AMR
AMR
AMR
AMR
AMR

12.20
10.20
7.95
7.40
6.70
5.90
5.15
4.75
SID

Source codec bit-rate
12.20 kbps (GSM EFR)
10.20 kbps
7.95 kbps
7.40 kbps (IS-641)
6.70 kbps (PDC-EFR)
5.90 kbps
5.15 kbps
4.75 kbps
1.80 kbps
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minimize perceived poor quality. The perceived voice quality depends on the Block Error
Rate (BLER) and the implemented error concealment mechanism.
5.2.2 AMR Service
Call failure events for voice services can be classiﬁed into two categories: call access
failures and call drops. Call access failure occurs when a call cannot be successfully
established. A call drop is the abnormal disconnection of an established call. During
network optimization, both categories should be measured independently because call
access failures are counted in call delivery KPIs while dropped calls are counted in call
retention KPIs.
Some qualities of access failures and dropped calls are speciﬁc to voice service, while
others are generic and apply to any service. For simpliﬁcation, any failure associated with
the Signaling Radio Bearer (SRB) can be considered generic, while failures associated
with the Radio Bearer (RB) or Radio Access Bearer (RAB) should be considered speciﬁc.
A Radio Resource Control (RRC) connection is required before the RB carries the voice
payload, as described in Chapter 1.
Compared to other services such as VT, AMR payload encompasses three distinct
subﬂows, each of which is mapped to a logical Dedicated Trafﬁc Channel (DTCH), as
shown in Figure 5.2.
Each DTCH is mapped to a Dedicated Channel (DCH) with Transmission Time Interval
(TTI) of 20 ms, sent in Radio Link Control Transparent Mode (RLC TM). RLC TM is
used for the three AMR DTCHs because retransmission of lost or corrupted AMR frames
would not be compatible with the low latency required for voice services, where latency
over 200 ms is perceptible.
At the Physical Layer, the transport blocks from each transport channel, user payload,
and SRB are multiplexed and mapped onto the Coded Composite Transport Channel
(CCTrCh) to allow the transmission of all channels over a single coded channel.
Dedicated
logical channels
DL
DCCH

DL
DCCH

DL
DCCH

DCH

DL
DCCH

DL
DTCH

DL
DTCH

DL
DTCH

DCH

DCH

DCH

Dedicated
transport channels

Coded Composite Transport Channel (CCTrCh)

Figure 5.2 AMR mapping of dedicated logical channels onto dedicated transport channels
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Because call access failures and dropped calls are counted differently, it is important
to establish a unique delineation in the signaling ﬂow to distinguish the call setup stage
from the call established stage (conversation stage). Two messages can be used to make
this distinction:
• Call Control (CC): Connect ACK. End-to-end connection is fully established. This
message would accurately depict the user’s perception of access performance, but it
relies on a user action of accepting the call. Because user action is required, which
may affect the call setup latency, this message is not preferred.
• Call Control (CC): Alerting. End-to-end connection is almost established and a ringing
tone signal is sent to the terminating phone. Because no user action is required, this is
the recommended Layer 3 message for distinguishing between the two types of failures.
However, it may not be valid when an auto-answer number is called.
Now that we understand the differences between these two types of messages, we can
explore how access failure and dropped calls relate to signaling. The troubleshooting
section (Section 5.2.6) discusses how these types of failures are affected by RF conditions.
5.2.3 Call Setup, Events, and Signaling
There are two main types of calls:
• Mobile-Originated (MO) call. User Equipment (UE) initiates a call to another party.
• Mobile-Terminated (MT) call. UE is called by another party.
On the basis of AMR call setup, the Layer 3 signaling ﬂow varies for each call type.
Figure 5.3 shows the Mobile Originated (MO) call ﬂow and Figure 5.4 shows the Mobile
Terminated (MT) call ﬂow.
Table 5.4 compares both types of calls. The main difference is how the call is detected
in a call ﬂow, or in a log collected with a test UE. Test UE used for MO calls should
indicate when a user initiates a call; otherwise, the optimization engineer would have to
rely on random access. MT calls are initially detected by receipt of a paging message;
however, detecting a paging message can be challenging, as we will see later.
While call detection differs for each call type, they use similar messaging to establish
and set up calls, even though the source and target are different.
The following sections discuss each step of the MO and MT call ﬂows: system access,
RRC Connection Setup, Core Network (CN) negotiation, RB setup, and end-to-end connection.
5.2.3.1 System Access
System access is achieved by means of the Random Access Channel (RACH) procedures [8], during which RACH preambles are sent by the UE and acknowledged on the
Downlink Acquisition Indicator Channel (DL AICH) before the RACH message can be
sent on the Uplink Physical Random Access Channel (UL PRACH), as illustrated in
Figure 5.5.
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UE

RNC

Core

Random access

System access

RRC connection request

RRC connection
setup

RRC connection setup
RRC connection setup complete
Initial direct transfer [MM: CM service request]
DL direct transfer [MM: authentication request]
UL direct transfer [MM: authentication response]

CN negotiation
Security mode command
Security mode complete
UL direct transfer [CC: setup]
DL direct transfer [CC: call proceeding]
Request to establish RAB

Radio Bearer
setup

Radio Bearer setup
Radio Bearer setup complete
DL direct transfer [CC: alerting]

End-to-end
Connection

DL direct transfer [CC: connect]
UL direct transfer [CC: connect ACK]

Figure 5.3

Mobile Originating (MO) AMR call ﬂow

UE

RNC

Core

Paging type 1
System access
RRC connection
setup

Random access
RRC connection request
RRC connection setup
RRC connection setup complete
Initial direct transfer [RRM: paging response]
DL direct transfer [MM: authentication request]
UL direct transfer [MM: authentication response]

CN negotiation
Security mode command
Security mode complete
UL direct transfer [CC: setup]
DL direct transfer [CC: call confirmed]
Radio Bearer
setup

Request to establish RAB
Radio Bearer setup
Radio Bearer setup complete
DL direct transfer [CC: alerting]

End-to-end
Connection

DL direct transfer [CC: connect]
UL direct transfer [CC: connect ACK]

Figure 5.4 Mobile Terminating (MT) AMR call ﬂow
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Table 5.4 Layer 3 signaling comparison of MO and MT
AMR call types
Messages
Paging type1
RRM: Paging response
CM Service request
CC: Setup
CC: Call proceeding
CC: Call conﬁrmed
CC: Alerting
CC: Connect
CC: Connect ACK

MO

MT

NA
NA
UE → CN
UE → CN
UE ← CN
NA
UE ← CN
UE ← CN
UE → CN

UE ← RNC
UE → CN
NA
UE ← CN
NA
UE → CN
UE → CN
UE → CN
UE ← CN

MT Call
only: a
party calls
a UE

UE

PICH
SCCPCH

UTRAN

Timing impacted by
type and location of a
party

MO call
only: User
starts a MO
calls
UE reads
SIB7 to
know the
current
Uplink noise

SIB 7

Timing impacted by
UE implementation
and scheduling of SIB 7

RACH preamble
RACH preamble
UE sends RACH
preamble at
increasing power until
UTRAN sends an
ACK on the AICH

RACH preamble
UTRAN ACK on AICH

Timing impacted by
RF optimization,
parameter setting, and
network load

(RACH Message)

Figure 5.5

MO and MT call access process

For an MT call, the RACH attempt starts after the incoming paging indication on the
Paging Indicator Channel (PICH) and the paging information is received on the Paging Channel (PCH, transmitted over the Secondary Common Control Physical Channel
(SCCPCH)). Paging Type 1, or general paging, is the Layer 3 message that appears in
most MT call logs. Paging Type 2, or dedicated paging, is used if the UE is already
in Connected Mode. It sets up a concurrent call when the UE is in the CELL DCH
or CELL FACH state. Because Paging Type 2 is sent on Dedicated Control Channel
(DCCH), only Paging Type 1 is discussed here.
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Paging Type 1 identiﬁes the start of a call setup procedure for an MT call, assuming that
only a UE log is available and that the paging message was captured by the logging device.
For a thorough analysis, the standard paging cause for AMR MT should be “Terminating
Conversational Call.”
Successful reception of the paging message is complicated by the fact that the UE
operates in discontinuous reception (DRX) mode. In DRX mode, the network must send
the page indication and page only in the slot in which the UE is awake. This process
conserves the battery life of the UE, but it requires that the UE quickly and accurately
set up its receiver to demodulate the PICH, and then the SCCPCH. During this stage,
the UE is camped on a single cell, as deﬁned in the cell reselection process [9]. Proper
RF optimization is necessary to ensure sufﬁcient Eb /Nt for the detection of PICH and
SCCPCH at all times. This is achieved by using proper cell reselection parameters, as
discussed in Chapter 4, and by setting up clean boundaries between cells to support fast
and accurate cell reselection for the UE, which would allow the UE to camp on the
strongest cell.
A more robust way to determine the start of an MT call is a network log. For a
mobile-to-mobile call, the log of the calling UE shows a Non-Access Stratum (NAS)
setup message as soon as the MSC starts to connect the MT UE.
For MO calls, detection of the paging message is not an issue because it does not
indicate a call. The only way to use messaging to detect a call attempt is to look
for a RACH attempt. This method is not ideal because a RACH sequence could be
present in the messaging for other reasons, such as Location Area Update (LAU) or
Routing Area Update (RAU). To identify an MO call, the RACH message must contain the RRC connection request message with an establishment cause of “Originating
Conversational Call.”
For MO or MT calls, the RACH process can start only after the UE has decoded the
proper parameters to ensure that the access preamble will be at the proper power. One
of these parameters, UL interference, is set dynamically by the network on the basis of
the Uplink load. This message is sent over System Information Block (SIB) 7. Therefore,
decoding SIB 7 is a good starting point to detect call access if a UE internal message
is not available. The drawback of decoding SIB 7 before making any attempts is that
scheduling this SIB can delay call setup. According to the standard [10], SIB 7 can be
scheduled within a period of 320 ms (minimum) up to several seconds. Since the UE
must read SIB 7 before starting the RACH process, any increase in SIB 7 scheduling
prolongs call setup. Other parameters of interest in the RACH process affect the open
loop power control. Section 5.2.6 discusses these parameters.
5.2.3.2 RRC Connection Setup
The RRC Connection Setup establishes SRBs to carry dedicated signaling. The RRC
connection request contains the UE identity, optional cell measurement results, and the
establishment cause. For call access, or speech AMR service, this cause is recorded
as either “Originating Conversational Call” or “Terminating Conversational Call” [10].
The “Terminating Conversational Call” cause could lead to false event reporting if it
is not properly veriﬁed in call analysis, because the UE also performs Periodic Registration/LAU/RAU as part of the Mobility Management, which must be ignored when
calculating call setup statistics.
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Successfully establishing the RRC connection is the most challenging part of call setup.
This can be attributed to two factors: the admission control implementation and the size of
the RRC Connection Setup message. The latter is the main challenge. During admission
control implementation, an RRC connection reject is sent if no resources are available
for allocation, or if the call should be redirected to a different system or carrier. After
successful resource allocation, the RRC Connection Setup message–which contains SRB
information including the mapping details of dedicated logical, transport, and physical
channels–is sent on the Forward Access Channel (FACH) (over [Downlink Secondary
Common Control Physical Channel] [DL SCCPCH]). This RRC Connection Setup message contains a signiﬁcant amount of information, and it spans multiple frames while
not yet operating in closed loop power-controlled condition. This makes it difﬁcult for
the UE to receive the message, especially if the SCCPCH power allocation is not set to
accommodate low geometry.
After the RRC Connection Setup message is received, the UE can set up the low data
rate DCH according to the RRC Connection Setup message. First, only the PDCCHcontaining Transmit Power Control (TPC) and Pilot bits are sent to allow the inner loop
power control to converge. Afterwards, the RRC Connection Setup Complete message
is used to acknowledge the setup message and send UE-capability information to the
network. At this point, the UE should have transitioned from Idle state to CELL DCH
state.
At this time, the connection is power-controlled and may support handover, depending on the Universal Terrestrial Radio Access Network (UTRAN) implementation. Both
features improve the reliability of the connection.
5.2.3.3 Core Network Negotiation
The low data rate DCH facilitates upper layer signaling with the NAS layer, which
performs all authentication and security procedures along with additional processes in the
CN to establish the end-to-end connection.
To initiate the connection request to the upper layers, MO calls use the Connection
Management (CM) Service Request and MT calls use the paging response, as shown
in Table 5.4. In the CM Service Request message, the CM Service Type ﬁeld indicates
“Mobile originating call establishment” as the cause for a MO AMR call [11]. The Paging
Response message does not need to carry service information because the NAS layer
already knows what service is being set up for the MT call.
To perform two-way authentication, the UE checks the Authentication Token (AUTN)
and the network checks the Signed Authentication Response (SRES), which is calculated
from the RAND number from the network. Depending on the supported security capabilities, ciphering and integrity protection are switched on to enable encryption of user data
and signaling messages.
For MO calls, the UE sends main parameters such as bearer capabilities and dialed
digits to the network using the Call Control (CC) Setup message. For MT calls, the
network uses the Setup message to send the same, or similar, information to the UE.
The next step is similar; MO calls use Call Proceeding messages (UTRAN to UE),
while MT calls use Call Conﬁrmed messages (UE to UTRAN) as a Layer 3 acknowledgment.
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5.2.3.4 Radio Bearer Setup and Reconﬁguration
After the CN negotiation, the UE can establish the DCH(s) for the requested service.
Existing DCHs also may be reconﬁgured to meet the requirements, depending on the
current conﬁguration. Before sending the RB Setup message, call admission control must
be checked and resource allocation performed for every resource involved in a call, as
discussed in Chapter 3.
For AMR voice, the UE typically sets up three dedicated logical/transport channels
mapped onto one CCTrCh. Information in the RB Setup message is similar to the RRC
Connection Setup:
• NAS Layer 2. Radio Bearer/logical/transport channel mapping
• Layer 2. Channel coding, Radio Link Control (RLC) parameters, TTI, BLER targets,
Transport Format Combination Set (TFCS)
• Layer 1. Spreading Factor (SF), OVSF code, Scrambling Code, frame offset, power
control parameters
At this point, the radio link is completely established; however, the end-to-end connection is not yet fully established.
The RB Setup message can also be used as a reconﬁguration message because the
existing SRBs are, from this point forward, multiplexed with RAB onto a single physical
dedicated channel.
5.2.3.5 End-to-End Connection
The Alerting message is sent from the network to the UE for MO calls, or from the
UE to the network for MT calls. The directions for Connect and Connect ACKnowledge (ACK) are reversed, depending on the call type. As shown in Figures 5.3 and 5.4,
the Connect message is sent by the UTRAN for MO calls, but by the UE for MT
calls.
To avoid interruptions or restarts of the process, the timing of events is important for
the end-to-end connection. If the end-to-end connection delay is too long, the network
clears the call to avoid unnecessary allocation of network resources. Figure 5.6 shows the
timers. They are typically broadcast and found in SIB 1 (T300) or are hard coded (T303,
T310, and T313).
• T300 and N300. T300 is the UE timer for repeating the RRC connection request;
N300 affects the number of RRC connection requests at Layer 3. T300 and N300
impact the duration of call setup. These parameters should be optimized with other
call setup parameters at Layer 2 and Layer 1, such as mMax, preambleRetransMax,
powerRampStep, and other open loop power control parameters.
• T303. Used by the UE to track the CN negotiation (security procedures) between CM
Service Request and Call Proceeding.
• T310. Used by the UE to track the RB setup time between Call Proceeding and Alerting.
• T313. Used by the CN to track the ﬁnal completion of the end-to-end connection
between Connect and Connect ACK.
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Figure 5.6

T313

Main timers in AMR call ﬂow

5.2.4 Call Retention Event and Signaling
In Connected Mode, CELL DCH, call mobility is accomplished by handover, which
replaces the cell reselection performed in Idle Mode. Before a handover can take place,
the UE must assess all the cells with PSCs listed in the Monitored Set. The latter is
signaled either on SIB 11, SIB 12, or in a Measurement Control Message(MCM). The
network constructs and controls the list, and communicates it to the UE in two ways.
Initially, the UE uses the same Neighbor List as broadcast in SIB 11 or 12 [10]. Once a
MCM is received, the values received from the MCM supersede the stored information
elements. This addresses the fact that each UE may have different cells in the Active Set,
and various combinations of these Active Sets require different Neighbor Lists.
As deﬁned in the standard [12], the UE must be capable of measuring up to 32 intrafrequency cells, 32 inter-frequency cells (on up to 2 additional carriers), and 32 GSM
cells. During soft handover, the network must merge and combine the Neighbor Lists of
all the cells in the Active Set. If the number exceeds the imposed limit [12], the network
uses an infrastructure vendor-proprietary algorithm to truncate the list by discarding some
PSCs from the Measurement List to be put in the MCM. The UE reports the measured
PSC, including timing information, according to the threshold or periods deﬁned in the
Measurement Report Messages (MRMs). The network analyzes the MRMs, and then
changes the Active Set in the Active Set Update (ASU) message. All network resource
allocation changes must be implemented before an ASU is sent. Call admission and
congestion control are involved during the decision process, and the internal algorithms
are implementation dependent. It is not necessary to have a one-to-one matching of ASU
to Measurement Report. It does not constitute a failure to have one ASU in response
to multiple measurement reports. The delay between the ﬁrst report of a strong server
and its inclusion in the Active Set is still a useful indicator of quality when evaluating a
system; long delays could indicate suboptimal queuing of MRM at the RNC. This MRM
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queuing, as well as discarding and processing, is RNC implementation dependent. For
example, some implementations may send a single ASU when Events 1a and 1b MRMs
are received, while others process each message and eventually send an ASU for each,
slowing the handover process.
An ASU message can be sent in RLC Acknowledged Mode (AM) or Unacknowledged
Mode (UM). The UE responds with a Layer 3 acknowledgment message–either ASU
Complete (ASUC–Success) or ASU Failure (ASUF–Failure). These messages are always
sent in Acknowledged Mode. ASU Failure can have a number of causes: full Active Set,
deletion of a nonactive link, addition of a link with a different SF, or deletion of all the
active links. Therefore, it is not a good indicator of handover performance in a system.
For successful ASUs, the UE modiﬁes the radio links according to the ASU message and
performs the Layer 1 synchronization. After the network receives the UE acknowledgment
of the ASU message, it should update the ﬁnal Neighbor List to be used by the UE for
future measurements. These Neighbor List changes are sent to the UE in the subsequent
MCM. If the combined Neighbor List needs no changes, no MCM is needed. Therefore,
the absence of an MCM after ASCU does not necessarily indicate a problem. Figure 5.7
shows the entire handover signaling cycle.
Successful and timely handover is a key factor for reducing call drop occurrences.
Handover optimization is a three-step process, of which the optimization engineer can
control only two:
• RF conﬁguration optimization. Minimize cell overlap to reduce the need for handover.
This step involves Neighbor List optimization, because it notiﬁes the UE which cells
overlap.
• Handover parameters. These are discussed in Chapter 4. For a given RF conﬁguration,
handover parameters are set to balance resource utilization and call quality by reporting
only the strongest interferer to be included in the Active Set.
• RNC processing of MRM. This process is implementation dependent and cannot be
controlled by the optimization engineer.

UE

RNC
Measurement Control
Measurement Report
Active Set update
Active Set complete
Measurement Control

Figure 5.7 Handover signaling
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UL direct transfer [CC: release complete]
RRC connection release
RRC connection release complete

Figure 5.8

Normal AMR call disconnection call ﬂow

Unlike other call events such as call origination, handovers, or call release, a dropped
call is not deﬁned by a signaling signature but rather by an absence of signaling. Figure 5.8
shows a normal AMR call disconnection.
Ultimately, the Disconnect message must be checked for the following cause value:
Normal Call Clearing. For AMR voice service, the absence of such a signature can indicate
a dropped call, as shown in Figure 5.9.
In Figure 5.9, the top example shows a normal release with RRC Connection Release
and RRC Connection Release Complete messages before entering Idle Mode. The bottom example shows that the UE makes several successive measurement reports without
receiving any ASU and ﬁnally transitions to Idle Mode. This is a typical signature of a

Figure 5.9

Comparing normal release to a call drop
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Figure 5.10

Call reestablishment signaling ﬂow

dropped call. If a call drops because of a radio link failure, and if network settings allow
call reestablishment, the UE can reestablish the call connection through the cell update
procedure [10].
After the drop, a suitable cell is reselected and the UE sends a cell update, as shown
in Figure 5.10. This procedure requires the radio condition to recover quickly from the
radio link failure; otherwise higher layers on the UTRAN will clear the call.
After a suitable cell is found, the UE transitions to CELL FACH. The UE sends a Cell
Update message using a random access procedure, the normal procedure for radio link
establishment. In this procedure, the network can send a Cell Update Conﬁrmed message
to instruct the UE to return to the CELL DCH state with new RB, transport channel,
and physical channel information (with new assigned dedicated channel information).
This is similar to the procedure used in channel-type switching (from CELL FACH to
CELL DCH) during a packet switched call, as detailed in Section 5.4.3. The UE then
responds with one of the following acknowledgment Layer 3 messages: RB Reconﬁguration Complete, Transport Channel Reconﬁguration Complete, or Physical Channel
Reconﬁguration Complete.
If the connection is successfully reestablished, the dropped call could be a systemperceived call drop rather than a user-perceived call drop, because the user does not have
to manually intervene to reestablish the connection. System-perceived call drops and
user-perceived call drops should be counted separately during network analysis. It can
take up to T315 seconds to complete the link reestablishment procedure, during which
the UE transitions to CELL FACH, recovers from the radio link failure, reads all the
SIBs, sends the cell update message, and receives the cell update Complete message with
new channel information. During this time, the conversation sounds are muted to the
user.
5.2.5 Connection Supervision and Link Quality Indicators
In CELL DCH Mode, Uplink and Downlink quality can be estimated by means of several
metrics:
• Block Error Rate. BLER should be close to the signaled BLER target during a call.
Increased Downlink BLER indicates that the required Eb /Nt cannot be fulﬁlled. This
could indicate incorrect outer loop power control or that the required Dedicated Physical
Channel (DPCH) power is not available, either due to the load on the network or because
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Figure 5.11

Downlink SIR during a dropped call

the maximum allowed power has been reached. Measuring the Downlink BLER is a
more common practice than measuring the Uplink BLER. More tools are available
for logging and processing Downlink BLER, while only vendor-speciﬁc infrastructure
tools can be used to log and process Uplink BLER data.
• Downlink Signal-to-Interference (DL SIR). DL SIR indicates Downlink quality. During a call, the SIR varies between the implemented lower and upper boundaries. Lower
SIR denotes favorable RF conditions, as shown in Figure 5.11. Before 00:33:46, the
signal can be demodulated with limited power assigned to the DPCH. However, a very
low (negative) SIR could indicate a disabled DPCH, as depicted after time 00:33:48.
This behavior may be observed after a sudden increase of the Downlink SIR, which
indicates that the power control algorithm tried to maintain the BLER target until the
DPCH is disconnected.
• Uplink Signal-to-Interference (UL SIR). UL SIR can be used to estimate the RF conditions of the Uplink channel in the same way as Downlink SIR. As with the Uplink
BLER, extracting this information requires access to UTRAN vendor-speciﬁc tools for
logging and for parsing logs.
• Transmit Power Control (TPC). Commands history (“0” or “1”) for the Downlink
(transmitted by the UE on the Uplink) and Uplink (transmitted by the UTRAN on the
Downlink). During a call, the TPC should present a random arrangement of “0” and “1”
based on the power control algorithm. In either direction, a higher occurrence of “1”
(power up) indicates degradation of the radio link. Power control tries to compensate
by requesting additional transmit power. For the UL TPC, the sequence of bits has
speciﬁc meaning in out-of-sync conditions. For example, when the UE transmitter is
disabled, the Uplink SIR drops and the Qin condition is not fulﬁlled. Node B starts the
out-of-sync TPC pattern [8]. The Node B uses various TPC patterns depending on the
Active Set size.
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• UE Transmit Power. Can also indicate Uplink RF conditions, if power control works
perfectly. An increase of UE transmit power correlates with high Uplink BLER or high
Uplink interference. It is easier to examine UE transmit power than the Uplink quality
metrics BLER or SIR because the UE transmit power information can be extracted
directly from the UE log and does not require additional post-processing or trace synchronization.
In addition to these commonly available metrics, the UTRAN and UE (Layer 1) constantly monitor the Uplink and Downlink for synchronization through Qin and Qout,
which are in-sync and out-of-sync primitives, respectively. It is important to understand
this process because it is the source of dropped calls that can have misleading signatures.
Downlink out-of-sync is reported with each frame using the CPHY-out-of-sync-IND
primitive, which checks to see whether either of the two following quality criteria is true:
• Downlink Dedicated Physical Control Channel (DL DPCCH) quality over the previous
160 ms is worse than Qout [13]. For this situation, Qout is not deﬁned formally in the
standard, but is commonly implemented using DL SIR.
• All of the last 20 transport blocks received have CRC errors and, of the CRC-protected
blocks, all transport blocks received in the last 160 ms have CRC errors.
If N313 successive out-of-sync indicators are detected at Layer 1, the UE waits for
the T313 timer to expire before declaring a radio link failure. Both N313 and T313 are
broadcast in SIB 1. T313 is implemented to allow the link to recover. If N313 successive
in-sync indicators are detected, the entire out-of-sync process is reset.
Downlink in-sync is reported in every radio frame (10 ms), using the CPHY-syncIND primitive. This process checks to see whether both of the following quality criteria
are met:
• DL DPCCH quality over the previous 160 ms is better than Qin [13].
• At least one correct CRC is received in a TTI ending in the current frame. Only
CRC-protected blocks are considered. The criterion is assumed to be fulﬁlled if no
CRC-protected blocks are transmitted.
When the T313 timer expires, the UE declares radio link failure (see Figure 5.12). After
Qout is detected, the UE Power Ampliﬁer (PA) is turned off. Because the Downlink cannot
be demodulated reliably, power control information is not received; thus the PA is turned
off to avoid generating interference on the Uplink. If the Qout condition is maintained for
N313 frames, the UE declares CPHY-out-of-sync. The UE then starts a process similar
to initial acquisition of the radio link, because the system timing is considered lost at this
point. If the acquisition process does not succeed within T313, the link is considered lost
and radio link failure is declared.
The N313 and T313 parameters directly inﬂuence how long a call can be maintained
in bad RF conditions. If these parameters are too short, many calls may be prematurely
dropped under rapidly changing RF conditions. On the other hand, setting these times
too long allows more time for calls to recover but may affect call quality and resource
utilization.
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Call drop due to loss of Downlink synchronization

For simplicity, this example assumes that the UE PA turns off after the ﬁrst Qout.
The actual process is more complex: 160 ms after physical channel establishment, the
UE turns its transmitter on or off according to the Downlink DPCCH quality criteria, as
follows:
• The UE turns off its transmitter when it estimates that the DPCCH quality over the last
160 ms is worse than a threshold Qout.
• The UE can turn its transmitter on again when it estimates that the DPCCH quality
over the last 160 ms is better than a threshold Qin. When transmission is resumed, the
power of the DPCCH is the same as when the UE transmitter was turned off.
This allows the UE to turn off its PA after 160 ms, but turn it back on only after 10 ms
if the Qin threshold is lower than Qout. It is not uncommon for the UE to turn power on
and off under bad RF conditions in response to synchronization loss and recovery.
For the Node B, a similar process is available through the CPHY-sync-IND or CPHYout-of-sync-IND primitives. The Node B monitors the Uplink synchronization [8] and
reports a CPHY-sync-IND or CPHY-out-of-sync-IND primitive to the RL Failure/Restored
triggering function. The Uplink synchronization criteria are not speciﬁed in the standard,
but could be based on similar measurements–CRC and/or DPCCH quality. With soft
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handover, a call could be supported by several radio links; therefore, some vendors have
implemented separate timers for individual links and the overall connection. If a radio link
fails, only the link-speciﬁc timer expires and only that speciﬁc link clears. Alternatively,
if the connection timer expires, the connection would drop.
5.2.6 Troubleshooting AMR Failures
During voice service optimization, it is important to analyze the quality metrics and resolve
the issues observed during testing to determine what actions will improve the metrics. We
have developed a simple troubleshooting guide to facilitate the problem-solving process.
Its methodology is based on the analysis of UE logs only because network-based logs are
not as readily available as commonly as UE logs.
We begin with a description of the optimization processes for call access and retention.
Then we review examples of some common failures for each of them.
5.2.6.1 AMR Analysis Process
The ﬂowchart in Figure 5.13 can be used to analyze AMR call delivery performance.
The speciﬁc quality metrics for AMR call delivery, call setup success ratio and call
Call setup
parameters
(random access
and power control)

UE short
calls
logs
Extract
parameters

RACH?
Determine call
setup success
ratio
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main failure
step

RRC?
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on target?
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Yes

CN
negotiation?

RRC

Yes

CN

No
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Yes

RB?
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No
Call setup
latency on
target?
Analysis
completed
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Figure 5.13 AMR call delivery analysis ﬂowchart
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setup latency, are discussed in Section 5.2.8. System parameters should be extracted from
parameter audits.
The analysis in Figure 5.13 follows the basic steps deﬁned in the signaling ﬂow discussed in Section 5.2.3:
•
•
•
•

RACH (Figure 5.14) corresponds to the system access step.
RRC (Figure 5.15) corresponds to the RRC Connection Setup step.
CN negotiation (Figure 5.16).
RB (Figure 5.17) correspond to the RB setup step.

Compared with Section 5.2.3, end-to-end connection is not included in this analysis.
Issues during this stage can be analyzed as dropped calls, as shown in Figure 5.18.
To perform both analyses efﬁciently, the network planner must verify that all the nodes
and features in the system are available, as described in Section 2.2.2. The analysis should
account for any nodes or features that were unavailable during testing, as this affects recommended changes. The network planner must also know the current parameter settings,
for the expected and the implemented parameters, as described in Section 4.1.3.
The process shown in Figure 5.13 is more appropriate for initial optimization. During
this phase it is important to remember the goal: solving all problems is not economically
feasible. We must focus on the critical KPIs to know when they have been met. This
way, we can optimize the network to an acceptable quality level with the least effort. The
analysis in Figure 5.13 concentrates on the main milestones at which a call can fail. An
alternative would be to focus on the area in which most problems are observed.
5.2.6.2 AMR Call Delivery Analysis: System Access
Figure 5.14 shows the access process. The ﬁrst step in examining the access process is
to determine if an ACK of the preamble is received.
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PCCH

Review RACH
loading and back
off parameters
BCCH
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SCCPCH

PICH
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RRC

Review UL, RF,
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required

Figure 5.14

AMR call delivery analysis ﬂowchart: system access step
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AMR call delivery analysis ﬂowchart: RRC connection step

Assuming the UTRAN is error free, the absence of an ACK could indicate that the
Node B never received the preamble, or the UE did not correctly decode the Acquisition
Indicator Channel (AICH). To accurately determine if the preamble was received, network
logging should be available. In the UE log, the transmit power provides the only indication
that the preamble might not have reached the cell. If the access sequence ends before the
maximum allowable transmit power is reached, this indicates that the preamble was not
received. In this case, we carefully review the access parameters described in Section 4.4,
including the power allocation of the AICH. Insufﬁcient power allocation would prevent
the Acquisition indicator from being demodulated by the UE in the whole range of
geometry.
5.2.6.3 AMR Call Delivery Analysis: RRC Connection
Figure 5.15 shows the RRC connection step. During RRC connection, the ﬁrst step is to
verify that the RRC Connection Request message (RRC RQS) was sent.
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Figure 5.16 AMR call delivery analysis ﬂowchart: Core Network negotiation step
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In the UE logs, the RRC RQS message is detected when it is sent from Layer 3, not
when it is actually sent from Layer 1. Therefore, detection of the RRC RQS message is
not a deﬁnitive indication that the message was actually sent. It must be veriﬁed if the
access step was successful. After the message is sent, the only way to reliably know if it
was received at the Node B is to observe the network logs. In the absence of such logs, we
can look at the Downlink RF condition to see if a RRC Connection Setup message was
received. Acceptable RF conditions must be deﬁned in terms of RCSP and CPICH Ec /No
according to the RF KPI deﬁned in Section 2. If the Common Pilot Channel (CPICH)
quality is good, power allocation of the SCCPCH is analyzed carefully.
If a failure indication (e.g., RRC connection reject) is received, the call should be
considered blocked rather than failed. The main reasons why calls are blocked are that
the admission control threshold was reached, or equipment malfunctioned. We must review
the network logs to determine why the call was blocked.
5.2.6.4 AMR Call Delivery Analysis: Core Network Negotiation
Figure 5.16 shows the CN negotiation step. After a successful RRC connection, dedicated
SRBs are established. Failure after this milestone can easily be linked to RF conditions
or protocols. Check the power control information (TPC bits), presence of Block Error
(BLE), and CPICH quality to identify RF issues. Review the signaling ﬂow and timing,
as described in Section 5.2.3, to detect protocol issues.
5.2.6.5 AMR Call Delivery Analysis: Radio Bearer Setup
From an RF perspective, the RB setup step shown in Figure 5.17 is similar to the RRC
Connection Setup: new RBs are added, for which resources need to be available. Once
the resources are allocated, the main cause of failure in the Downlink is either insufﬁcient
power allocation or inefﬁcient power control.
5.2.6.6 AMR Call Retention and Quality Analysis
Once the RBs are set up, the call can be analyzed for retention, as shown in Figure 5.18.
The speciﬁc metrics are Dropped Call Rate (DCR), UE perceived RF performance (Ec /No ,
[Received Signal Code Power] [RSCP], etc.,), BLER measurements, UE transmit power,
and Average Active Set Size (Section 5.2.8). These metrics must be compared to the
target KPIs for performance benchmarking. Failure events must be studied and matched
to typical failure symptoms, as discussed above.
The following sections explain different failure symptoms and suggest resolutions,
starting with RF performance issues and evolving to more advanced issues.
5.2.6.7 Bad RF Performance (Downlink, Uplink, or Both)
Even when RF is optimized, RF issues could still be detected during service optimization.
This could happen, for example, if RF optimization was based on a statistical analysis
that overlooked some speciﬁc areas. Evaluating RF performance requires identiﬁcation of
RF quality metrics including CPICH Ec /No , CPICH RSCP, UE transmit power (UE Tx
Pwr), and signal quality of the Uplink and Downlink for dedicated channel RF (TPC history, SIR, and BLER). A complete diagnosis requires a multidimensional lookup matrix.
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Table 5.5 RF failure symptom matrix
Ec /No
HI

LO

UE Tx Pwr

UE Tx Pwr

RSCP

LO

HI

LO

HI

HI

No RF issue

Limited UL

DL interference

UL interference

LO

DL network edge

UL network edge

DL coverage hole

Lack of coverage
(DL and UL)

Table 5.5 shows a simpliﬁed lookup matrix for symptoms covering only the main metrics: CPICH Ec /No , CPICH RSCP, and UE Tx Pwr. In most cases, these are sufﬁcient
to identify RF issues; Uplink and Downlink signal quality could be used to complement
the data.
RF failure could be caused by any of the conditions listed below:
• No RF issue. When no RF issues are detected but dropped calls are still found, analyze
the UE and network logs for protocol issues or equipment failures.
• Limited UL. Networks should be designed for balanced Uplinks and Downlinks;
therefore, ﬁnding limited Uplink coverage without Downlink issues should be rare. If
detected, verify either Uplink interference or equipment issues. In particular, carefully
consider the Uplink received chain, including the equipment. The ﬁrst kind of equipment to be investigated are Tower Mount Ampliﬁers (TMA), if installed. Equipment
malfunction is not the only reason for limited Uplink. Uplink power control equalizes
all the signal levels. In the case of Uplink interference, especially external interference,
the Uplink power control will force an increase in UE transmit power. Conﬁrm this
condition by checking the transmitted Uplink interference value in SIB 7, or the noise
rise at the cell level, available on the Operation and Maintenance (O&M) terminal.
• DL interference. Pilot pollution is a generic term that actually refers to Downlink
interference. This could be caused by multiple cell overlap, which is the origin of the
term Pilot pollution–when more servers or paths are detected in a given area than
can be accommodated in the Active Set or by the Rake receiver. Missing neighbor or
missed handover is detected in the same way: the UE cannot utilize the co-channel
signal and is, thus, interfering. Downlink interference can also be caused by external
interference, which can be easily identiﬁed by performing a channel sweep using a
spectrum analyzer. In all the Downlink interference cases, the reported Ec /No for
the active server drops, while the total received power stays about constant or even
increases. In this condition, in Connected Mode, BLER is likely to increase because
DPCH power is normally set to overcome only a limited range of interference.
• UL interference. This case is similar to the limited UL case previously discussed,
except that CPICH Ec /No is also low, and both Uplink and Downlink interferences are
detected. In this situation, investigate cell overlap.
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• Unbalanced links (Uplink/Downlink). An AMR call is a symmetric service that requires both Downlink and Uplink coverage. An indication of unbalanced links is that
the UE transmit power reaches the maximum values even in good Downlink coverage
(good CPICH Ec /No or low BLER). Low UE transmit power when DL BLER or
CPICH Ec /No is high indicates an unbalance in favor of the Uplink. Check TPC
history and SIR ﬁgures to evaluate the link qualities of the dedicated channels when
link imbalance is suspected. When this is observed, assess the following conditions:
— DL network edge. Downlink network edge is detected when the Uplink has TMA,
high UE transmit power (class 3 or above), or an exceptionally sensitive Node B.
Downlink network edge condition is also likely to occur if the Node B transmit
power is artiﬁcially reduced; for example, as an attempt to solve DL interference.
— UL network edge. Lack of UL coverage is indirectly detected by observing the UE
transmit power. Insufﬁcient UL coverage and link imbalance have similar signatures. UL network edge can be remedied by decreasing the UL path loss, typically
by adding a TMA in the received branch.
— Coverage hole, UL, and DL. Lack of coverage in DL and UL for both common
(i.e., CPICH) and dedicated (i.e., DCH) channels. It is mainly characterized by low
RSSI (lower than −95 dBm) or low RSCP (lower than −105 dBm) as well as high
transmit power. In this case, adding a Node B or a repeater is the only long-term
solution, even if an expensive one.
The checklist in Table 5.6 summarizes recommendations from the previous discussion
for addressing Uplink or Downlink limitations.
5.2.6.8 Missing Neighbors
The previous section mentioned that missing neighbor relationships present a signature
similar to Downlink interference. This section explains that and provides a solution.
Table 5.6 Solving Downlink or Uplink coverage limitations
Steps to resolve limited Downlink coverage and high Downlink interference
Check the transmit antenna system (including the antennas and High-Power Ampliﬁer: HPA) and
power settings, and check for external interference, using a spectrum analyzer
Reduce Pilot pollution by reducing the number of dominant servers in the problematic area; for
example, downtilt antennas, reduce transmit power levels, change antenna directions, or reduce
feeder cable loss
Increase the dominance of the best server(s), by reducing antenna downtilts, increasing transmit
power levels (installing a High-Power Ampliﬁer), or changing antenna directions
Install additional cell sites to address inadequate DL coverage area
Steps to resolve limited Uplink coverage and high Uplink interference
Check the receive antenna system, power settings, and the UL noise rise (SIB 7)
Try to use diversity (if not used) or install Low-Noise Ampliﬁers (LNA) to reduce the Uplink
path loss
Install additional cell sites to address inadequate UL coverage area
Check infrastructure, vendor-speciﬁc implementations for UL interference handling
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Figure 5.19 Missing neighbor signature

• Failure symptoms:
— High interference identiﬁed by low CPICH Ec /No due to missing neighbor relation
deﬁnitions.
— Soft handover cannot take place because a strong suitable cell is not in the Neighbor
List.
— Frequent cell reselections or handovers to weak cells. Because the strong cells are
not in the Neighbor List, they cannot be reselected or handed over to. This leads
to large CPICH Ec /No ﬂuctuations, as shown in Figure 5.19.
— After the failure, or after a delayed handover, the CPICH Ec /No of the best server
improves signiﬁcantly, as shown by PSC 259 in Figure 5.19.
• Steps for Resolving Missing Neighbors:
— Verify that all sites are operating and have the desired parameter settings.
— Verify that the best server, including the one detected after the recovery, can cover
the test area.
— Correct overshooting cell(s) ﬁrst, as they might behave like missing neighbors. As
mentioned in Chapter 2, limiting cell overlap minimizes the need for handover and
long Neighbor Lists.
— Add the missing neighbor to the Neighbor List for the best serving cell, if justiﬁed by
the network plan. Instead of adding the missing neighbor relation as a quick ﬁx to the
problem, consult the network plan to estimate whether the addition will be beneﬁcial
in the long term, or whether a change of RF conﬁguration should be considered.
— Verify that neighbor relation additions are symmetrical.
— If the resulting Neighbor List is long (more than 14 to 16 entries), consider further
RF optimization and reduce cell overlap.
— Rank all neighbors, if required or deemed necessary by the UTRAN (vendorimplementation dependent). Missing neighbors may arise from Neighbor List trun-
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cation due to overly long Neighbor Lists from Active Set cells in soft handover.
Check the Neighbor List merging algorithm to reduce the probability that important
neighbors are deleted or truncated from the list.
5.2.6.9 Incorrect Network Settings and Max RLC Reset Reached
For Signal Radio Bearers, if the ACKs from the AM RLC Protocol Data Unit (PDU)
are lost and successive retransmission attempts fail, RLC Reset may take place. When
the maximum allowed number of RLC resets is reached, radio link failure is reported.
This failure is rare for AMR calls because they can occur only on the basis of the trafﬁc
sent on the Signal Radio Bearers. Since the user payload is in transparent mode (RLC
TM) no acknowledgment is used for this type of trafﬁc. If radio conditions are bad,
synchronization is lost before Max RLC Reset occurs.
• Failure symptoms:
— Low call retention performance and/or high BLER in good RF conditions.
• Steps for Resolving Incorrect Network Settings and Reaching Max RLC Reset:
— Check whether the Max RLC Reset is correlated with bad RF performance. Interoperability testing may help indicate if the Signal Radio Bearer and the user Radio
Bearer are not performing equally.
— Check all equipment for proper setup and calibration.
— If failures occur during paging, preamble ramping, and initial network access, check
and correct the Paging and Access parameters, and open loop power control parameters.
— If failures occur in the middle of an established call, check and correct the Measurement Reporting Control message and parameters for handover, power control,
and power allocation.
— If failures occur in a WCDMA boundary area near the WCDMA-GSM borders,
check and correct the Compressed Mode Operation and Inter-RAT parameters.
— If failure is related to Maximum RLC Reset Reached, check the AM RLC parameters.
5.2.6.10 Faulty Hardware Equipment
If equipment appears to be defective or incorrectly set up, check the following possible
causes:
• Network infrastructure. The RNC, Node B, backhaul, antenna system, or equipment
may be faulty even when they are newly installed. Check the installation and put
system/equipment-monitoring systems in place to report potential faulty equipment
alarms.
• Cell barred or reserved. Some parts of the network may be reserved or barred for
operational maintenance and upgrades. Monitor operational conditions of the network
nodes throughout the drive tests.
• Incorrect network parameters. If parameter settings are suboptimal, the UE could
initiate calls on the wrong cell, could be unable to quickly reselect a better cell, and
preamble/message power could be insufﬁcient in good RF coverage. In Connected
Mode, the UE may not handover to the most appropriate cells and closed loop power
control may be inefﬁcient.
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• User equipment (USIM, mobile equipment). Mobile terminals may be another problem source. Different UE brands/types and software versions could affect UE performance, which may result in poor network performance as measured by these UE
devices. It is important to choose a good and stable UE device for testing, benchmarking, and performance comparison (to evaluate parameter changes). In addition,
available USIMs may not support certain service features.
• Failure symptoms:
— Unexplained failures, often in good RF conditions.
— Call release or rejection with abnormal causes (unspeciﬁed, pre-emptive release,
congestion, reestablishment reject, user inactivity, directed signaling, and connection
reestablishment) while the UE is camping on or connected to given cells.
• Steps for resolving faulty hardware:
— Check the RF conditions.
— Check all equipment for proper setup and calibration.
— Examine UE and network logs to understand the issue from both sides.
— Verify network loading at the time of the event.
— Test with known equipment that operates properly, and use several different UE
brands.
— Try to isolate the problem from other parts of the network.
5.2.6.11 Loss of Synchronization (Downlink, Uplink, or Both)
Synchronization can be lost during handover or call establishment, as described in Section 5.2.5. In fact, loss of synchronization is the main reason for dropped calls and it leads
to radio link failure. In a strict sense, most call drops should be tagged with “Loss of
Synchronization.” However, this type of classiﬁcation is not sufﬁciently meaningful. Synchronization loss can have many root causes, including bad RF performance and missing
neighbor relations. The category deﬁned here addresses unexplained synchronization loss
between the network and the UE. For example, frequency and/or timing drift (network
and/or UE) may cause loss of link synchronization.
• Failure symptoms:
— Failure occurs when a radio link is added or modiﬁed.
— TPC logs may present a typical pattern of all ones (“111 . . . 111”) or alternating
ones and zeros (“0101 . . . 011”).
• Steps for resolving loss of synchronization:
— Check the RF conditions, especially link balance.
— Check for power control problems.
— Check all equipment for proper setup and calibration.
— Apply both UE and network logging to understand the issue from both sides.
— Test with known equipment that performs reliably, and use several different UE
brands.
— Check for sudden drops in SIR estimates (>15 dB), which indicates that the network
may have switched off the DL DPCH.
— Try to isolate the problem from other parts of the network.
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5.2.7 Parameter Optimization
Before discussing different system parameters for AMR voice service optimization, it is
important to stress that system parameter optimization should be performed only after
completing all RF conﬁguration optimization. This ensures that system parameters are
not used to address RF issues, which could affect system capacity. In other words, even
if system parameters improve system performance, they should not be used to replace RF
conﬁguration optimization.
From a more practical point of view, optimizing the RF conﬁguration before optimizing
system parameters allows us to concentrate on one set of parameters at a time. It is
important to know which system parameters to use during RF optimization. A good
starting point is a set of generic system parameters, as presented in Chapter 4. This
approach is similar to solving a linear optimization problem: it maximizes performance
with one variable before setting another variable, thus discovering the optimal point of
maximum system performance.
The same approach is valid for AMR and Circuit Switched (CS) or Packet Switched
(PS) data optimization. Performing AMR optimization prior to CS or PS data optimization
improves system performance for procedures that are common to all services, such as call
setup and handovers.
This does not prevent further optimization of the RF conﬁguration during service optimization. It only shifts the focus to concentrate on system parameters during service
optimization.
Of the system parameters presented in Chapter 4, the following are most important for
satisfactory AMR voice service:
• Cell reselection parameters are the ﬁrst set of parameters to optimize after RF optimization. With proper reselection parameters, the UE will always camp on the best
suitable cell, limiting the required power of the access preambles or the Downlink
common channels involved in access (SCCPCH, Primary Common Control Physical
Channel (PCCPCH), PICH, and AICH). These parameters are especially important to
optimize in cases of high access (origination or termination) failure rates or when
multiple RRC connection requests are observed because of poor RF conditions.
• Call setup parameters (Section 4.4) should be optimized for the best performance of
random access and power control. After the reselection is optimized, set the access
parameters to ensure that the UE can access the system with the minimum number
of preambles and minimum transmit power. These two requirements conﬂict; a high
transmit power for the initial preamble ensures access is detected by the Node B, but
also increases the Uplink interference. To address this, focus on the number of preamble
optimizations. In an unloaded system, the average number of preambles should be
optimized as close to 1.5 as possible. Alternatively, the optimal setting can be found
by calculating the total transmit power of all preambles. This minimum will correspond
to the lower amount of Uplink interference.
• Power allocation parameters (dedicated channels) can be set to favor coverage (call
retention) or capacity (number of supported calls). For the long term, power should
be allocated at the minimum level to maintain the desired probability of service. With
this in mind, optimize the RF ﬁrst to ensure that the geometry is limited, optimize
the handover parameters to ensure that the necessary links are in the Active Set, then
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adjust the power allocation. In addition to drive tests, power allocation can be based
on statistical data collected at the cell level. In this case, reduce the maximum DPCH
power allocation only after considering the effect of loading. Increasing the maximum
DPCH power allocation affects the loading and capacity of the system. Consequently,
increase it even more carefully than reducing it.
• Call retention parameters, that is handover parameters (see Section 4.5), should
be optimized so that handover can be performed smoothly and in a timely manner.
Parameter tuning after RF optimization can yield surprising improvements in system
performance for both call retention and capacity. As with proper RF optimization,
when capacity is improved, the Active Set size decreases. Improvements in call retention performance might not be obvious at ﬁrst glance. However, rapid RF environment
changes can potentially drop a call if handover is not quick enough. This problem is
called Slow Handover and can occur in areas with high WCDMA cell density. On the
other hand, network infrastructure (typically RNC) may have problems with too many
or too frequent measurement reports from many users in the network. Analyze this on
a case-by-case basis.
• Neighbor Lists can be seen as both system and RF parameters. They should be optimized so the UE can perform cell reselection and handovers to the appropriate cells.
This affects both Idle Mode and Connected Mode performances. RF cleanup is always
recommended before adding too many neighbor relations. Reducing long Neighbor
Lists can shorten the searching time and increase the search frequency of important
neighbor cells.
5.2.8 Call Quality Metrics and Test Process
The main quality metrics for AMR calls were reviewed in Section 5.1.1. During service optimization, their corresponding KPIs can be augmented with more speciﬁc quality
metrics:
• High call setup success rate. UE can successfully perform random access and set
up a call with high probability (Section 5.2.3). MT calls have an additional step of
paging; thus, the target call setup success rate is typically lower for MT calls because
of the possibility of lost paging occasions. Attempts can be counted on the basis of UE
internal events (i.e., an event triggered by a key press), the ﬁrst access preamble, the
ﬁrst RRC connection request, or SIB 7 reading for MO/MT calls. For MT calls, we
can also use the Paging Type 1 message.
• Low call setup latency. Call setup latency should be as short as possible. It may
take longer if a cell reselection occurs just before or shortly after the RRC connection
request. If a connection is dropped after RB establishment, call reestablishment may
occur, which further lengthens the user-perceived call setup latency.
• Low call drop rate. The likelihood of an unintended radio link release after the Alerting
message should be low. With the call reestablishment feature, call drops can further be
categorized into system-perceived and user-perceived call drops. If call reestablishment
is successful, it can be considered a system-perceived call drop; if unsuccessful, it can
be considered a user-perceived call drop. However, unlike PS data calls, voice call
reestablishment is perceived by the user to a greater extent because conversation is lost
(call muted) for several seconds.
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• Excellent voice quality. Excellent subjective voice quality is desirable and is highly
correlated with the radio link quality. The radio link quality can be assessed from the
BLER; low BLER is desired. Analysis of mean BLER by itself has limited value; it
must be complemented by the measured probability density function of the BLER.
Because of closed loop power control, mean BLER should approach the target BLER
set up by the system when the network is loaded. High short-term BLER, on the
other hand, can directly affect voice quality, causing noticeable degradation over short
periods. BLER measurement provides an easy, repeatable test to quickly assess the
radio link condition, and can reliably estimate voice quality.
For AMR service, BLER is sufﬁcient to estimate voice quality because the vocoder was
selected for adequate quality (Mean Opinion Score (MOS) of 4 or above), even in the
presence of errors. MOS scoring is especially important as Voice over Internet Protocol
(VoIP) services become available. With VoIP, the quality of the voice cannot be deﬁned
entirely from BLER, because PS data service can be subject to delays in addition to
lost frames. The length and distribution of these delays affect voice quality differently,
depending on when they occur during a conversation.
To test the quality metrics listed above, a test methodology and process must be deﬁned.
Rather than deﬁne an entire drive test methodology, we will concentrate only on speciﬁc
tests that are required for AMR evaluation.
Two call types can be used to measure AMR performance: short calls and long (continuous) calls. Short calls (20 to 40 sec) measure call delivery performance (call setup
success rate and latency). Long calls measure call retention and quality performance (call
drop rate and voice quality).
Figure 5.20 shows a schematic example of UE1 making a long call that is not to be
released by the user manually. It is restarted only when the call drops.
To evaluate this in terms other than the actual test duration, call retention performance
is expressed through the equivalent call drop ratio given in Equation 5.2.
Equivalent call drop ratio =

N umber drop calls
(T otal call time/Mean holding time)

(5.2)

In addition, BLER measurements can be collected along the entire drive route, except
for brief instances when the call is dropped.
Continuous call
UE1
20 to 40 sec

10 to 20 sec

UE2

Fix1

UE3

Figure 5.20 Call pattern testing – AMR Speech
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In Figure 5.20, UE2 is making short calls. If the tests are done in parallel, the short
calls of UE2 should start later than the long call of UE1 to separate the two AMR attempts
and insulate the call delivery test. Preferably, UE2 should dial a wired-line number with
auto-answer turned on. The calls should be held for 20 to 40 sec. The wired-line number
avoids introducing a second radio link in the end-to-end connection, which could affect
the performance evaluation. In this example, UE2 is used to evaluate the MO call delivery
performance on the Uplink.
To measure the MT call delivery performance on the Downlink, UE3 receives the MT
AMR calls from the wired-line phone. Alternatively, a mobile phone could be substituted
for the wired-line phone. If so, this mobile phone should remain stationary in an area
with good coverage and must not interfere with the drive testing (preferably by using
a different PLMN, such as GSM). The mobile phone can also be logged to capture all
call access attempts and any other important events for veriﬁcation. A 10- to 20-sec
idle period between short calls must be inserted, to provide sufﬁcient time to release all
network resources so the UE can return to Idle Mode.

5.3 Video-Telephony Service Optimization
VT is one of the major new services offered by Universal Mobile Telecommunications
Systems (UMTS) and is the main service using the symmetrical bidirectional 64 kbps
CS data bearer. It is perceived by the end user as an improvement over voice calls and
is therefore regarded as the second service to be optimized. This section focuses on
optimization of the VT service and the underlying CS data bearer. Optimizing a CS data
bearer for other applications (data modem service notably) is not considered here because,
in terms of efﬁciency, these applications would be best supported in the PS domain. The
Third Generation Partnership Project (3GPP) standard recommends CS VT for Release
99 and PS VT for Release 5 and later 3G architectures. They are based on standards
derived from the ITU-T H.324, commonly called 3G-324M. In addition, although VT
service is available between a mobile phone and a wired-line phone, we only consider
the UE-to-UE case. In a typical optimization scenario, this allows use of the same tools
for both the MT and the MO parts of the call.
A video call contains a voice and a video stream in each direction, where more data is
used to transmit the video than to transmit the audio. The 3GPP standard offers different
techniques to compress both video and audio that does not affect the transmission, metrics,
or the test process. A point to keep in mind is that both the VT applications and the
coder/decoder affect video quality and call establishment performance.
Figure 5.21 shows a conceptual presentation of the standards involved [14] in VT applications. For video, it is mandatory to support the H.263 video codec. Although, many
terminals already support the MPEG-4 simple proﬁle, support for MPEG-4 simple proﬁle
and H.261 is optional. For audio codecs, the AMR is considered mandatory and G723.1,
optional. For control purposes, the H.245 standard is used. The choice of which video
codec to pair with the audio codec is not constrained; it is agreed upon by the applications
during session establishment.
In principle, all codecs used for VT compress video information the same way. Motion
is captured by sending a sequence of snapshot pictures (called frames). The rapid exchange
of these frames gives the impression of smooth movement. Compression [6] is achieved
through the two processes described below.
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ITU-T Rec. H.324

Video

Video codec
H.263/H.261/
MPEG4 (optional)

Audio codec
G.723.1

Receive path
delay
Multiplex/
Demultiplex
H.223

Data, image transfer

PSTN
network

Data protocols
V.14, LAPM, etc.,

Control protocol
H.245
System
control

Modem
V.34/V.8

SRP/LAPM
procedures
Modem
control
V.250

Figure 5.21 Standard codecs involved in video-telephony

In the ﬁrst process, compression is achieved by sending only the differences between
successive images, rather than every complete image. The codec periodically sends complete frames, called “I-frames.” They are coded without any reference to previous frames.
I-frames are interlaced with “P-frames,” which contain only the pixels that differ from
those of the previous frame. The I-frames start the picture rendering and recover from
situations in which information was lost. With P-frames, the amount of information is dramatically reduced, especially for the assumed typical scenario for VT: a person talking in
front of a steady background (like a TV newscast). Hence, I-frames are more important
than P-frames. Unfortunately, the network layers used for transport cannot distinguish
between I-frames and P-frames. The deﬁned BLER target for VT applications should
consequently be based on the worst case: losing the I-frame. This ultimately drives the
BLER target requirement very low (less than 1% or even less than 0.5%).
The second process that helps achieve a low data rate is degrading the image quality. If
the codec recognizes that it cannot send the complete video information over the available
bandwidth, it will reduce the detail level of the video frames either by not sending or
delaying smaller objects in the frame, or by reducing the frame transmission rate. This
results in alterations (errors) of the encoded sequence, caused by codec limitations and
not by radio or signaling effects. On the positive side, the limited resolution of the
UE display reduces the needed bandwidth. In 3G-324M VT, standardized frame pixel
sizes of 176 × 144 QCIF (Quarter Common Intermediate Format) and 128 × 96 SQCIF
(Sub-QCIF format) are the most common.
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For VT service, the bandwidth must be guaranteed and the end-to-end delay must be
reasonably low and constant. These properties are inherited directly from the CS domain
and are very important for good user perception of a video call. As with other CS services,
the CS data bearer is associated with the conversational Quality of Service (QoS) class
and RLC TM (transparent mode). Both ensure real-time delivery of the transmitted data.
For UMTS, the only parameter that can be tuned is the target BLER of the associated
CS data bearer. Possible settings in the terminal that inﬂuence the coding algorithms are
beyond the scope of this book and not accessible to the optimization engineers.
5.3.1 Video-Telephony and Voice Comparison
VT multiplexes video, audio, and in-band signaling into one stream at the Application
Layer. Synchronization of the parallel audio and video streams (lip synchronization) is
a challenge. A short, stable Round Trip Time (RTT) is necessary to ensure a positive
user perception; any variation in RTT introduces jitter. Because of the real-time nature
of the service, there is no acknowledgment or retransmission mechanism for the audio
and video information throughout the network. Corrupted data is discarded and results in
quality degradation. The control messages between the VT applications are handled with
an acknowledgment mechanism at the application level.
Figure 5.22 compares the call establishment procedures of voice and VT services.
As Figure 5.22 shows, a video call is established similar to a voice call. In this
simpliﬁed ﬂow, the messaging is identical to that used for voice, up to the Alerting
message (not presented for clarity). The RRC Connection is established from the originating UE. The UE then requests the desired service (voice or video call) from the
network. This triggers the RAB establishment on the originating side and the RRC Connection and RAB establishment on the terminating side, as well as the security procedures
(authentication and ciphering) on both sides. When everything is set up correctly, the destination terminal sends an Alerting message to the originating terminal, indicating that
the call was delivered and ready to be accepted. Up to this point, the differences between
voice call and video call establishments are limited to the type of service requested
and the type of bearer setup. After that point, the two message ﬂows differ, as shown
below the horizontal line in Figure 5.22. For a voice call, the voice path is switched
and the two users can exchange voice information right away. For a VT call, the CS
data path is connected and, after a synchronization phase, the two applications can
exchange information to establish a multimedia session. This includes exchanging terminal capabilities, deﬁning which audio and video codecs to use, opening the various
logical channels, and exchanging multiplexer tables before the multimedia data can be
exchanged.
When performing end-to-end network optimization, special attention is paid to the
initial synchronization procedure between the two VT applications. As soon as the CS
data bearer is established, the two VT applications start listening to incoming bit streams
and attempt to isolate the initial and ﬁnal ﬂags from the multiplexed frames. These bit
patterns must be unique in the stream for the receiver to detect them. During that phase,
transmission errors must be very low; otherwise, there is a risk of long synchronization
phases, resulting in a long call delay for the user or, even worse, call establishment failure
if the synchronization cannot be achieved. This requirement also reduces the BLER target
of the CS data bearer.
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During VT call setup, the Application Layer is initialized after the call has been accepted; this lasts several seconds, which the user can perceive negatively. The setup time
varies depending on the type (brand) of terminals involved and the (mostly proprietary)
synchronization algorithm used. For this reason, it is best to use two UEs of the same
band for network optimization testing.
Audio and video streams have redundant error correction information. The amount of
redundancy introduced is constant for the voice stream, but not for the video stream. The
video codec calculates the optimum amount of redundancy (coding rate) to achieve the
speciﬁed net transmission rate, on the basis of the amount of information to be transmitted
in relation to the available bandwidth. This involves a compromise between video resolution
(detail level) and error correction capability, which affects P-frames more than I-frames.
Another important difference between voice call and VT is that a voice call user is
silent more than half the time and the AMR coder transmits silent frames. These special
frames reduce the amount of data transmitted and help reduce the required power on the
radio interface, reducing system interference and increasing system capacity and battery
life. With VT, even if the user is not talking and everything in the video is still, the video
codec uses the extra bandwidth to improve error correction, increase the resolution of the
picture, or simply increase the rate of I-frames. This translates into the radio interface
being equally loaded throughout the entire video call. This should be kept in mind when
setting the admission control and congestion control parameters.
Admission and congestion control algorithms verify the OVSF or channel element
availability and the power and interference levels. The power (DL) or interference (UL)
levels are most likely to be limiting in a macro network. The two algorithms, interference
in the Uplink and power in the Downlink, operate in similar ways. When radio interface
resources are requested at the cell level (e.g., for a new service or new soft handover leg),
admission control checks to see if the needed resources are available. This veriﬁcation
takes into account both the current resource usage, that is, current transmit power or
Uplink interference, and the expected consumption of the new channel. These values are
compared to an operator-settable threshold. The congestion control veriﬁes that the current
measured situation is under the given threshold. Both power and interference vary greatly,
as a function of the data is being transferred. For voice or PS data services, the allocated
channel is not always used to its fullest extent. This inﬂuences the measured situation.
We should remember this fact when deﬁning the thresholds for the two algorithms on the
basis of the target quality and target capacity. We should also remember that the allocated
channel for VT is always at maximum capacity.
It is also important to consider user expectations when planning VT service. Users
expect VT to be as robust and reliable as voice calls, and to have the same voice quality.
Many studies have shown, however, that user expectations for video quality are variable.
This is partially because the service is new to the broad public (VT over wired telephone
lines has, as yet, very limited acceptance). In addition, carriers often lack experience and
the tools to understand which quality they should target. Thus, for VT, the acceptable
minimum quality that people are willing to pay for remains, to some extent, unclear.
5.3.2 Video-Telephony: Test Process and Metrics
5.3.2.1 Test Process
The test process for VT differs from other AMR or PS data service tests because of the
amount of post-processing needed to determine the metrics, sometimes at the frame level.
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One of these metrics, subjective quality, varies during playback depending on rendering
conditions (terminal, monitor settings, ambient lighting, etc.,).
Data collection for VT requires an equipment setup that can log the RF environment
seen by the terminal as well as the signal and video received from the issuing party, while
keeping the time references aligned. The received multimedia ﬁles must be saved exactly
as they are presented to the user, capturing freeze frames, errors, and audio disturbances. In
addition, each video frame should be time stamped to allow correlation with the signaling
and RF measurements. This can be accomplished by recording the video screens of
the transmitting and receiving UEs with high deﬁnition video cameras that support time
stamping. The process can be simpliﬁed by water-marking each video frame with a unique
sequence number before transmission. This enables direct identiﬁcation and analysis of
impaired or dropped frames. According to the time stamp, the corresponding RF and
signaling situation can be investigated.
A mobile-to-mobile call introduces additional challenges. When detecting an impairment in the received stream, it is not possible to distinguish whether the error was
introduced on the ﬁrst radio interface (transmitting UE to network) or the second radio
interface (network to receiving UE), while reasonably assuming that the internal UMTS
network is error free. To address this, we keep one terminal in an environment with
good RF conditions, and one in an environment where the RF varies. This does not
completely remove errors from the radio link on the terminal in the good RF environment, but it minimizes and decorrelates them, allowing us to focus on one interface only.
Figure 5.23 shows a possible test setup, where the VT test process can be divided into
three phases: preparation, data collection, and post-processing.
For this test process, we assume that a recorded clip can be sent and recorded over
the air interface, rather than during a live session. This is necessary to simplify the
post-processing, as both source and received streams must be compared. This process
also focuses exclusively on the video aspect, excluding the audio metric.
Data collection phase

Preparation phase
Offline processing
MPEG4 decoder
+video
conversion utility

HD
Source video
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Video quality
analysis

HD

MP4 format

PSNR, freeze
frames statistics

RF and sign,
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• Preparation phase. In the preparation phase, select the video clips to use during the
data collection phase and set up the test equipment. Select the video clips on the basis of
the expected user behavior in terms of the subject of interest (e.g., close-up or wide area,
static or high motion, light levels), and take into account the limitations of the codec and
the available bandwidth. As explained previously, low bandwidth leads to degradation
of video quality, even in the absence of transmission errors. Verify beforehand that the
selected clips have sufﬁcient quality, to avoid biasing the measurements with intrinsic
errors that cannot be improved by network optimization. After selecting the clips, adapt
them to the resolution of the test terminal and watermark them with the time stamp
mentioned above. Video clips are usually stored in an uncompressed YUV format and
need to be compressed (e.g., into MPEG format) before they can be uploaded to the
terminal. Storing clips in uncompressed mode and performing the coding at the time of
transmission would be more realistic, but would probably exceed the memory available
in the test device. The codec used for video compression should be the same as the
codec implemented in the UE. If this is not possible, choose a codec that is commonly
used in commercial phones.
• Data collection phase. During data collection, video calls are generated in an environment that matches the desired target scenario. The scenario conditions, signaling information, and multimedia received should be recorded with synchronized time stamps on
both the sending and receiving terminals for later analysis. It is important to keep all
sources and received (impaired) clips in uncompressed YUV format for ofﬂine comparison. In contrast to other video coding algorithms, YUV format enables a simple
comparison of lines and pixels, which is fundamental for some of the video metrics
described in Section 5.3.2.2.
• Post-processing phase. During the analysis and evaluation phase, the received (impaired) compressed video format must be decoded back to the uncompressed YUV
format. The two uncompressed versions can then be compared and the different metrics computed (see Section 5.3.2.2). Lastly, skilled testers can complete a subjective
evaluation to determine the video MOS of the sequence.
5.3.2.2 Metrics
Table 5.7 lists the main metrics for evaluating the quality of VT. The sections that follow
provide more details on these metrics.
Table 5.7 Video-telephony quality metrics
Type
Video

Audio
Synchronization

Metric
Peak Signal-to-Noise Ratio
(PSNR)
Delta PSNR
Freeze or dropped frames
Video MOS
Audio MOS
Lip Sync

Represents
End-to-end degradation of quality between
source and received image
Degradation due to transmission process
Major transmission errors
Overall video quality, as perceived by the user
Overall audio quality, as perceived by the user
Time difference between audio and video
stream
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5.3.2.2.1 Average Peak Signal-to-Noise Ratio (PSNRavg )
Using video coding, we can estimate the quality for a video MxN pixels in size by
computing the average Peak Signal-to-Noise Ratio (PSNR avg ) of a luminance, based on
8-bit coding. Equation 5.3 shows this method.

MSE =

[f (m, n) − F (m, n)]2

M,N

M ×N

(5.3)




255
PSNRavg = 20 × log10 √
MSE
f (m, n) is Source Video Image Luminance
F (m, n) is Impaired Video Image Luminance
where

The metric calculation is based on the luminance component of a pixel because the
human eye is more sensitive to luminance differences than to color component differences.
This calculation is done for every received frame in the impaired video, compared with
the same frame in the original video (i.e., the same frame number). For a dropped frame,
the PSNR is calculated between the current expected frame and the previous nonfrozen
received frame, which corresponds to the error concealment techniques used by decoders.
The PSNR calculation reﬂects the effect of dropped frames. After the PSNR values are
calculated for the entire video sequence, the average and the distribution are checked. For
a video broadcast, PSNR values above 35 dB are considered as good values. Because VT
has limited data rates and transmission errors, PSNR values of compressed clips range
from 20 dB, for high motion (sports clips), to 40 dB, for low motion (head-and-shoulder
newscasts).
Although PSNR is easy to calculate, it does not correlate perfectly with user perception. In particular, the PSNR calculation does not reﬂect localized frame corruptions or
spots with color shifts. Localized errors are poorly reﬂected in the PSNR because the
average of the entire picture is taken. Even the distribution of the pixel errors is not
reﬂected in the PSNR, meaning that changing a deﬁned amount of pixels, irrespective of
their location, produces the same PSNR. However, human eyes perceive error patterns
within a frame differently, depending on where the patterns occur. Are the pixels grouped
into a single, bigger spot? Or are they spread over the entire picture with only isolated
error pixels? For example, poor quality would be detected if several erroneous pixels
were concentrated in an area of visual focus (e.g., the eyes of someone speaking). However, the same number of erroneous pixels distributed equally within the frame might go
unnoticed.
The PSNR metric calculation is based on the luminance component of a pixel. Consequently, errors in the color components of a pixel do not affect the PSNR. For example,
if the sky of a picture is rendered light yellow instead of light blue (assuming the same
luminance), the human eye perceives an error, but the PSNR value is not affected. This
type of impairment is not expected to be an issue during testing, because of the coding used.
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Image degradation examples: (a) original image, (b) blockiness, and (c) blurriness

5.3.2.2.2 Delta PSNR
The PSNR metric includes coding and transmission errors, which are perceived differently
by the human eye. With coding errors, degradation affects the entire image, adding either
blockiness (pixelization) or blurriness, as shown in Figure 5.24. Coding errors depend on
the complexity of the image, both in terms of spatial complexity (amount of details) and
temporal complexity (amount of movement).
In contrast to coding errors, transmission errors are perceived as random deformations
of the image, as shown in Figure 5.25.

(a)

(b)

(c)

Figure 5.25 Example of image degradation due to transmission: (a) source image and error-free
transmission: PSNR = 40.19 dB, (b) source image and minor degradation, PSNR = 30.64 dB, and
(c) source image and major degradation PSNR = 23.39 dB
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Delta PSNR keeps both effects separate. To estimate delta PSNR, we ﬁrst estimate
the PSNR resulting from encoding alone, and then estimate the PSNR from encoding
plus transmission. The delta PSNR is the difference between both PSNRs and reﬂects the
degradation due to transmission errors.
Different software packages can calculate average PSNR values of video clips by
comparing the original and the impaired versions in YUV format (or a similar un-encoded format).
5.3.2.2.3 Frozen or Dropped Frames
Another metric that is easy to calculate is the number of frozen or dropped frames. It
measures the amount of video information lost. If a video frame is erroneous and cannot
be recovered, it is discarded and the previous frame is not replaced (frozen frame). A still
video is perceived negatively by the user, disproportionate to the duration of the freeze.
In case of missing P-frames, the video freezes partially because the difference from the
previous frame is affected. The obvious target for this metric is to have no dropped frames.
5.3.2.2.4 Subjective Quality or Video MOS
Variations of average PSNR between samples are of limited value because human perception weights degradation differently, based on its spatial and temporal occurrence. This is
sometimes referred to as recency effect, in which the perceived opinion is most strongly
inﬂuenced by the last few seconds of the sample sequence. Hence, an automated video
quality evaluation tool must consider the distribution of the PSNR over the entire clip, as
well as the intensity and duration of the degradation. Because of its inherent complexity,
the choice of quality thresholds is outside the scope of this book. The idea behind this
process is to determine the PSNR time distribution, but only when the PSNR is below
deﬁned thresholds. If we consider the example given in Figure 5.26, assuming that PSNR
43.0
41.0
39.0
37.0

PSNR [dB]

35.0
33.0
31.0
29.0
27.0
25.0
0.0

5.0
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Figure 5.26

Subjective estimation through PSNR mask
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thresholds are set to 32 dB for minor degradation and to 30 dB for major degradation,
the PSNR falls below the minor degradation threshold 10% of the time, and below the
major degradation threshold 1% of the time.
In addition to determining the quality threshold, it is necessary to determine an acceptable time distribution threshold beyond which the quality is not acceptable. For a given
clip, these thresholds can be determined by a group of experienced users. The main purpose of this group is to determine thresholds that correlate to MOS scoring for a given
clip. The PSNR threshold could be deﬁned in an absolute value, if both coding and transmission are rated. If only transmission is rated, delta PSNR can be used; this value is
more often used during optimization.
5.3.2.2.5 Audio MOS
Because the audio data is coded with the standard AMR coder, the default AMR quality
metrics can be used. In this case, the objective metrics align well with the subjective
perception. Of primary interest is the MOS, as deﬁned in the ITU-T P.800. There are
several ways to obtain this: Perceptual Evaluation Speech Quality (PESQ) as deﬁned in
ITU-T P.862, Perceptual Analysis Measurement System (PAMS), and Perceptual Speech
Quality Measurement (PSQM), as deﬁned in ITU-T P.861. Several software packages are
available that can calculate these metrics.
When testing voice only, audio MOS is not normally performed because of the correlation between MOS and BLER that was established during the selection process of the
vocoder. For VT, if AMR is used, this correlation can be extended. An understanding of
audio MOS is most needed when other Vocoders are used, or when VoIP is considered.
5.3.2.2.6 Lip Synchronization
The easiest way to rank the synchronization between audio and video is called lip sync.
As the name suggests, it uses the observation that certain events on the video should
occur synchronously with their associated sounds (e.g., lip movement synchronized to
the sounds of the words). This is usually a manual process, or done with clips that have
speciﬁc encoding. The test output could be the number of occurrences, the duration for
which the media is not in sync, or the average time difference between streams. Special
software and content are required for a precise frame-by-frame calculation that determines
the amount of video delay compared to the associated audio. Eventually, reference points
(audio and video) must be embedded in the original clip. Because of this, a speciﬁc test
is used to estimate lip sync, instead of the test used to estimate video quality.
5.3.3 VT versus AMR Optimization
This section compares only the differences between VT and AMR call optimizations for
access and retention scenarios. The discussion of voice in Section 5.2 is still valid, but
it is not needed if the voice optimization was successfully completed before performing
VT optimization.
• Call access optimization:
— VT calls require more resources than AMR calls because the lower SF requires
higher DPCH power and higher bandwidth, and thus a higher number of channel
elements and transport network resources. The admission control algorithm triggers
earlier, potentially leading to higher call failure rates, especially in a loaded network.
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— The handshake required before starting the video transmission increases the endto-end call setup latency. It may also increase the overall end-to-end failure rate.
• Call retention optimization:
— The higher amount of required resources affects call retention, just as it does for
call access. This can be attributed to the congestion control algorithm, as handover
may be blocked in loaded conditions.
— The higher DPCH power required for VT may increase the call failure rate, or
at least cause the target BLER not to converge in low geometry. This is most
perceptible when the maximum DPCH power is set to favor capacity rather than
coverage. This is further observed when target BLER for VT is much lower than
for AMR.
For these reasons, and to simplify optimization by reducing the number of variables,
VT testing should be done after the target for voice service has been met. This allows
us to concentrate only on RB-speciﬁc parameters (target BLER, maximum DPCH setting, admission control, and congestion control) rather than on the full range of 3GPP
parameters for both applications at the same time.

5.4 PS Data Service Optimization
Optimizing PS data services is the last step in the service optimization process. It can be
divided into three substeps:
1. PS call throughput optimization–Focuses on a single call in an unloaded cell environment.
2. PS cell throughput optimization–Focuses on the overall throughput of a cell serving
several parallel users.
3. PS application optimization–Tries to evaluate the expected user experience of speciﬁc
applications.
Substeps 1 and 2 optimize the same parameters in different ways, so they must be iteratively repeated until the desired balance is reached. During the PS data service optimization process, the operator must decide whether to favor call optimization or cell
optimization. Substep 3 explores the interactions between the protocol layers, using
relevant trafﬁc scenarios. As we will see, different applications have different QoS proﬁles. Some parameters (e.g., RAB Inactivity Timer) apply generally to PS data services,
while others (e.g., RLC parameters) are QoS-dependent. Optimizing a single application’s
throughput can be regarded as optimizing the QoS proﬁle associated with the application
(e.g., streaming, File Transfer Protocol (FTP), e-mail). A point to keep in mind is that
many applications, for example e-mail and Web browsing, could eventually share the
same QoS proﬁle due to implementation constraints.
5.4.1 PS Data versus AMR Optimization
In a typical voice or VT call, the user triggers both the call establishment and the call
release. Negative events are perceived when the call establishment is not successful, or if
the RB is interrupted, since the RB is allocated for the entire call duration. In a packet data
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session, the user interacts with applications running on a Personal Computer (PC), PDA,
or UE. The protocol stack in the terminal ensures that call establishment and release occur
with the correct attributes as soon as they are needed. The user has no direct control over
this process and may not even notice it, except when the service is initially established
and some type of authentication must be provided (e.g., user name and password). As
with a PC connected to a Local Area Network (LAN), the user does not know, and is not
expected to know, when data is sent over the network.
Another signiﬁcant difference between voice and data is the asymmetry of the bearer
for PS data. In CS services, the path is symmetrical because both users are expected
to have the same amount of information to send. This does not generally apply in the
packet domain because data transfers from applications are highly asymmetric. A good
example is accessing a Web page. A few bytes of data are transferred on the Uplink when
a Uniform Resource Locator (URL) is entered, but the page downloaded on the Downlink
could contain a large amount of data, from a few kilobits to several megabits.
The Web page example illustrates another difference between voice and packet data:
how trafﬁc evolves over time. CS services (e.g., AMR voice or VT) are supposed to
generate a constant amount of data over time. For this reason, a constant bandwidth
is allocated and granted for the entire duration of the call. In a PS data session, the
transmitted trafﬁc varies almost continuously over time. For better resource utilization, it
makes sense to adapt the RB to match the actual data rate requirement of the transmitting
side. This network behavior is called channel switching; Section 5.4.3 describes it in more
detail.
Most PS domain applications require error-free data transmission. Over an error-prone
radio link, this implies that data will have to be retransmitted. These retransmissions
are handled by the RLC layer and require speciﬁc parameter settings, as discussed in
Section 5.4.5. This leads to a higher system load and eventually decreases the perceived
throughput as the retransmissions are handled by a mechanism transparent to the user.
In case of retransmission, the user only perceives stalls or delays in the progress of the
task (e.g., FTP download, Web page display, e-mail download), rather than transmission
errors.
5.4.2 Typical PS Data Applications and QoS Proﬁles
During a voice or VT call, the network allocates a ﬁxed bandwidth and must ensure
a low, nearly constant end-to-end transmission delay. These are basic requirements for
all CS services. In the packet domain, this is not always true because some services
require real-time transport while others are delay-tolerant yet more sensitive to transmission errors. QoS classes specify the requirements of the services. Table 5.8 shows the
main characteristics of the QoS classes.
The application in the data terminal makes a request to the protocol stack in the PC.
Depending on the application, the protocol stack maps the request to a speciﬁc QoS
proﬁle and routes it accordingly. During the Packet Data Protocol (PDP) context setup,
the terminal and the network agree to a QoS proﬁle that matches the QoS characteristics
required by the terminal, the subscribed QoS characteristics stored in the HLR, and the
resources currently available in the network (i.e., capacity constraints due to current load).
Once the PDP context is set, it retains its characteristics until released. Neither the PC
nor the user has any inﬂuence on the bearer management. Because the bearer attributes
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Table 5.8 Quality of Service classes: main attributes
QoS
classes

Conversational
Streaming
Interactive
Background

Real-time
trafﬁc?

Yes
No
No
No

Highly
delay
sensitive?
Yes
Yes
No
No

Preserves
payload
content?
No
No
Yes
Yes

Priority

High
Medium–high
Medium
Low

may affect the monetary cost paid by the user, it is important that the user or the PC
request a PDP context that matches the application and its corresponding QoS proﬁle. A
practical example of a typical user scenario will help clarify this point.
Assume a user turns on a laptop and plugs in a UMTS data card. The card powers on
and registers with the ATTACH procedure to the network. The user starts an e-mail client
to download mail from a POP3 server. As the application sends the login to the mail
server, the protocol stack in the PC recognizes that a connection needs to be established.
On the basis of the QoS proﬁle associated with e-mail reading (background class), the
PC automatically sends an appropriate PDP Context Request to the network. After the
PDP Context and the associated PS data bearer are set up, the e-mail can be downloaded.
After the POP3 session is complete, the PDP context remains available.
The user starts reading e-mail and ﬁnds a Web link in one message. As the Internet
browser starts and requests the HyperText Transfer Protocol (HTTP) page, the PC notices
that this request does not have a corresponding PDP for browsing (interactive class).
The PC triggers a second, parallel PDP context with the interactive class proﬁle for Web
browsing with its associated PS data bearer. After it is established, the PC routes the
HTTP request and subsequent dialogs through this PDP.
Now assume that the Web page contains some text, HTTP links, and a small video clip
that is played by a streaming player embedded in the Web page. As soon as the streaming
player sends the request for the associated video, the PC recognizes that there is no PDP
context with the streaming QoS class needed by the player. The PC sets up a third PDP
context to handle the request from the video player with its associated PS data bearer.
After the video clip has ﬁnished playing, the PC still has three active PDP contexts, even
though no data is being sent or received.
While reading the Web page, the user decides to download a document from the page.
This task is handled by the download manager, an application similar to an FTP client
(background class). The request is routed through the ﬁrst activated PDP context, which
is still active and has a background class QoS proﬁle. As the previous example shows,
a PDP context and its associated bearer are managed autonomously by the PC. Their
establishment or release is fully transparent to the user. Which PDP context (i.e., which
QoS proﬁle) is needed for a given request is determined by the requesting application.
As described earlier, different applications map to different QoS proﬁles. This mapping
structure is applied to the entire UMTS network and is divided into individual subsystems [15], enabling the bearer to adapt to the needs of each application and save resources
at the same time. The use of QoS proﬁles makes it easier for the end user to buy the
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needed network performance from the operator, and operators can charge users differently, on the basis of the attributes of the requested PDP context. In addition to the QoS
proﬁle class (maximum and minimum/guaranteed), the PDP context is also deﬁned by
the bandwidth (maximum and minimum/guaranteed), allowing charges for data services
to be customized to the needs of each user.
5.4.3 Channel Reconﬁguration and Resource Planning
Efﬁcient resource utilization is always a major topic for telecommunication networks. In
wireless networks, the most critical point for resource constraints is the air interface (Uu
interface in UMTS). Because PS data trafﬁc is bursty, it is good to adapt the associated
RB to the instantaneous throughput requirements. This is achieved with rate and channeltype switching, which are completely controlled by the network. Both the Uplink and
Downlink of the RB can be conﬁgured to accommodate different throughputs (e.g., 8,
16, 32, 64, 128, and 384 kbps) independently in the Uplink and Downlink over dedicated
(DPCH) or common (FACH) channels.
Optimizing rate and channel-type switching algorithms are critical for optimal network
capacity and a positive user perception of the PS data service. However, reconﬁguring
channel types is time consuming. For the best user perception, reconﬁguration decisions
should be determined by the amount of data to be transmitted, that is, by the RLC
buffer allocation that is periodically reported to the upper layers. From the operator’s
point of view, reconﬁguration should be implemented to minimize resource usage, which
encompasses the usage of the OVSF code tree, the DPCH power, and the transport network
resources. The optimization goal is to free the unused resources as fast as possible without
creating a virtual, user-perceived bottleneck. Retrieval of RLC buffer allocation is easy
on the Downlink because those buffers reside in the RNC. For the Uplink, the RLC buffer
allocation is retrieved from the RRC measurement procedure, which is optional for trafﬁc
volume.
Channel-type switching optimization involves signaling overhead, delay introduced by
the switching, user experience, and resource availability. Clearly, the user would prefer
the network to never limit bandwidth, while the operator would like to limit the resources
allocated to a single user as much as possible to improve the service offered to all users.
These two conﬂicting requirements drive the need for very fast rate switching, which
allows operators to dynamically allocate and release the bandwidth according to changing
user demands.
Unfortunately, the switching time and the delay introduced by switching cannot be
reduced on demand. If rate switching is controlled by buffer allocation, the buffer must
be ﬁlled up to the deﬁned threshold to trigger the up-switching procedure. Lowering
the threshold too much produces a lot of false triggering and dramatically decreases
its efﬁciency. Similarly, if only the buffer occupancy is considered, without considering
the time, a single request could trigger the switching, even if it is not needed later on.
Before the higher rate is available, a small reconﬁguration delay is introduced, because
the network and the terminal need some time to reconﬁgure the channel. The downswitching case is similar, but here the delay is not perceived by the user because it has
more bandwidth than needed. Lesser channel-type switching also reduces the imposed
signaling overhead as well as the computational performance requirements of the involved
RNC and Node B hardware.
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Figure 5.27 Rate switching and TCP interaction

Probably the most important argument for limiting the amount of rate or channel-type
switching is the interaction needed with the upper layer protocols, notably Transmission Control Protocol (TCP). Let us demonstrate this with an example of a ﬁle being
downloaded during an FTP session, as shown in Figure 5.27.
In this scenario, the allocated RB at the beginning of a ﬁle transfer is very low (e.g.,
32 kbps UL/32 kbps DL). This is reasonable because only a small amount of data has
been transferred (user login, directory change, etc.,) before the FTP download started. A
point to keep in mind is that rate switching is applied only to the RB. On the Iu interface
and in the CN, the maximum bandwidth is assigned during the PDP context establishment
(e.g., 64 kbps UL/384 kbps DL). As the FTP protocol begins to transfer data, the buffer
ﬁlls up because the arrival rate (384 kbps in this example) is larger than the serving rate
(32 kbps). The rate switching algorithm should try to increase the RB rate. Let us assume
that this process takes 5 seconds. During this time, the transmit buffers are ﬁlled, which
is seen as congestion on the TCP layer. The TCP congestion avoidance algorithm then
exponentially decreases the RAB data rate until the buffer stops overﬂowing, that is, the
allocation pointer drops below a predetermined threshold. Once the congestion condition
clears, the RAB rate increases again, but much more slowly than it originally decreased.
This process is called TCP slow start. Frequent rate switching could lead to situations
in which an RB higher than 128 kbps is never observed. If a 384-kbps RB is selected
right away, instead of a gradual RB increase, the oscillating bandwidth behavior is not
observed, as shown in Figure 5.27 after time 00:02:00.
In practice, not one but several switching thresholds are used to prevent congestion.
On the basis of the vendor implementation, the target rate can be deﬁned according to
different utilization thresholds.
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Channel-type switching and resource utilization in particular can be triggered by other
means. An example is a down-switch triggered by bad RF quality. In this case, rather
than triggering the down-switching directly from the reported RF condition, a simpler
implementation would trigger it from DPCH power. This could produce a positive user
experience because higher user throughput is achieved with a lower RB speed but with less
retransmission. The positive effect on resource management is that a lower RB requires
less DPCH power. This type of rate switching indirectly considers the interference situation (geometry) as well as the radio channel condition (fading and multipath effects).
Figures 5.28 and 5.29 illustrate this concept for a DL scenario, both leading to different
DL DPCH usage.
Consider the impact of geometry as shown in Figure 5.28. Assume the DPCH power
is limited to −7 dB Ec /Ior . That is, for a 43 dBm HPA, only a maximum of 36 dBm
can be allocated to a single DPCH. In this condition, for a geometry lower than 3 dB,
a PS 384 bearer cannot be maintained error free, as shown in Figure 5.28 by the curve
leveling off. In this case, the bearer rate should be decreased to PS 128 to limit the number
of retransmissions. The same process should be considered when the geometry reaches
−3 dB, at which point the bearer rate should be further decreased to 64 kbps.
Similarly, we can consider how channel conditions inﬂuence the PS data bearer. The
example shown in Figure 5.29 uses the standard channel condition for UE testing [13].
By simulating several cases, we can estimate the required DPCH power and the achieved
throughput. If we limit the DPCH Ec /Ior to −7 dB for all the cases except the Additive
White Gaussian Noise (AWGN) channel, the power setting is not sufﬁcient to maintain an
error free PS 384 RB. This can be addressed with rate switching to reconﬁgure the RB to
a lower rate. In an actual implementation, the rate switching would not know the channel
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condition. Switching would be based only on DPCH power, or Downlink measured SIR,
if it was reported by the UE through MRM.
A ﬁnal situation to consider for this example is long periods of inactivity. In this case,
dedicated resources can be released to the terminal of the radio interface while retaining
the bearer on Iu and the CN. This is done by switching either the RRC state or the channel
type. Figure 5.30 shows the various states associated with the Radio Resource Control
protocol (RRC) [10], in a simpliﬁed form.
This ﬁgure omits the transitions to GSM, which are explained in Chapter 6. The RRC
state mainly inﬂuences the radio interface. In fact, the CN is informed about RRC state

URA_PCH

CELL_PCH

CELL_DCH

CELL_FACH

Release RRC
connection

Establish RRC
connection

Release RRC
connection

Establish RRC
connection

Idle Mode
Camping on a UTRAN cell

Figure 5.30

Radio Resource Control protocol states
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switching only when the UE transitions from Connected Mode to Idle or vice versa. The
RNC controls the different Connected Mode states; the CN is not involved. As soon as
the UE has dedicated resources, it is in CELL DCH state. In this state, the UE operates
on the Dedicated Channel and the network knows its position at the cell level.
If the UE has less data to transmit or receive than what the dedicated resource can
support, it can be moved to another Connected Mode state without informing the CN.
If there is still a small amount of data to be transmitted, the UE can transition to the
CELL FACH state, in which only the FACH and RACH/AICH channels are active on
the Downlink and Uplink, respectively. If the transmission pause is long enough, the UE
can be moved to either the CELL PCH or URA PCH state. While in this state, the UE
remains in Connected Mode and has at least one PDP context active, but does not have any
physical channel resources assigned to exchange data with the network. This conserves
both Node B resources and UE battery life. The selection of URA PCH or CELL PCH
states is dictated by the operator strategy and the network layout and implementation.
From a user’s perspective, the RRC state transitions should be optimized so they are
fully transparent. The user is affected not only by throughput, but also by the latency (or
delay) associated with each state. For example, RBs are set up when in CELL DCH; thus
latency is caused only by the TTI and transmission delays. In CELL FACH, latency is
also affected by the RACH process.
An example of how rate switching affects the user’s experience is connecting to a
Virtual Private Network (VPN) to access a corporate network from the Internet. This is
usually set up using IP-Secure (IP-Sec), which has a built-in keep-alive mechanism by
which both ends of the connection periodically check that the link is uninterrupted and
uncompromised. This background activity always takes place, even when nothing is being
transmitted. The small amount of data exchanged should not prevent the terminal from
moving to CELL FACH; otherwise, the dedicated resources will be wasted. Once the UE
is operating in CELL FACH, the latency introduced in the data exchange could cause
the handshake to fail. The situation would worsen if the UE operated in URA PCH or
CELL PCH, which introduce even longer delays.
Optimizing channel switching is difﬁcult because throughput ﬂuctuates during a PS data
session and during a packet exchange within the session. In addition, user expectations
vary for different applications supported in the PS domain. To handle higher data volumes and increasingly bursty trafﬁc, future UMTS releases will introduce new features:
High Speed Downlink Packet Access ([HSDPA], discussed in Chapter 7) and High Speed
Uplink Packet Access (HSUPA). These permit higher data rates using common shared
channels.
Introducing these new channels in the UMTS network will affect optimization of PS
data services on dedicated channels. Handling trafﬁc with the HSDPA channels will reduce
the need for frequent switching. On the other hand, these new channels will require further
optimization for the new features and overall system management.
Available bandwidth on the Iub interface is another important optimization consideration. Allocation strategies and constraints are vendor-dependent and usually cannot be
tuned during network optimization. To address these constraints, we must ensure that sufﬁcient capacity is available on this interface.
To summarize, optimizing channel-type switching is important to minimize resource
utilization. It is also important to consider user perception of the service quality. Perceived
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quality varies by application, as illustrated by the main three application categories described below.
• E-mail. E-mail applications can be divided into two main categories: server-based and
client-based. Each generates very different trafﬁc. In a server-based application, the
user is always connected to a server, which updates the local interface with either
the header only or a full copy of the messages. When just headers are downloaded
to the client, the trafﬁc requires very low bandwidth until a message is opened and
the entire message is downloaded, including any attachments. To support a positive
user experience for such applications, the peak data rate and rapid switching to the
maximum data rate are of utmost importance. In a client-based e-mail application, the
full messages are downloaded as they become available on the server. A reliable, low
data rate service could support this. A high-speed bearer is needed only for login and
logout, because a large amount of information may be handled at these times for folder
synchronization.
• Streaming. For UE-based streaming, the user downloads information at a constant rate
for a relatively short period of time (a few minutes). User perception is inﬂuenced
mainly by the quality of the audio and/or video information received. Video streaming
metrics are the same as for a video-telephony application. Audio streaming metrics
(bandwidth, dynamic distortion, and so on) should correspond to those deﬁned for home
audio appliances. Video and audio streaming both need a continuous information stream,
without interruption due to rebuffering. For this type of application, rate switching is
of primary importance, because the signal quality degrades at a lower bearer rate.
• Web browsing. During a typical Web browsing session, the user starts from a speciﬁc
Web page. Afterwards, action alternates between downloading and reading. For this
application, the type of browser affects the trafﬁc. A mini-browser, as built into a UE,
typically downloads less complex information than a browser intended for a PDA or a
personal computer. In addition, the content of the downloaded pages (graphics or text)
determines the amount of data transferred. This affects reading time and the amount of
channel-type switching needed. A realistic model for Web browsing tests should allow
the download of multiple pages in a repeatable way and should accurately model user
behavior.
5.4.4 Quality Metrics and Test Process
For PS data services, the recommended test setup for collecting optimization data is similar
to that used for other services. The main difference is that a data collection tool must be
available to collect information, primarily about throughput, at different layers. Tracing
capabilities should measure RF and collect signaling and application logs (if available).
A network sniffer should run on the UE and the network side. Network internal interface
logs are also helpful. A Global Positioning System (GPS) receiver should provide location
information and precise time synchronization of the logs, which signiﬁcantly improves
the analysis process.
To optimize call or cell throughput in PS data services, FTP ﬁle transfer tests are
sufﬁcient. FTP tests ensure that the air interface (Uu) is constantly loaded; however, they
do not cover all possible user scenarios. More complex tests are necessary to process
all the channel-type switching and scheduling mechanisms involved in user applications
such as e-mail, streaming, or Web browsing. In fact, the major difference between these
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applications and FTP is that FTP tries to continuously load the bearer as much as possible,
while other applications are much burstier.
For the best results, we ﬁrst optimize the PS data bearer throughput by employing
FTP tests, then use other applications (such as the ping utility) to optimize channel-type
switching and scheduling. One of the advantages of using ping commands to optimize
channel-type switching is control over the payload size.
One last point to keep in mind when performing FTP tests is that the transferred ﬁle
should be uncompressible (such as a binary ﬁle) and large enough to provide periods of
constant load. To keep the required download and upload times manageable, 5 to 10 MB
is used for a 384 kbps Downlink bearer, and 1 to 5 MB is used for a 64/128 kbps Uplink
bearer.
Table 5.9 summarizes the key performance indicators for PS data service optimization.
Table 5.9 PS data service KPIs
PS data

Deﬁnition

Target value

PS data call quality metrics
PS Call throughput

PS Call setup
success rate

PS Call setup time
PS Call drop rate
Round trip time or
latency

Preferred: avg. throughput measured at
Application Layer for FTP transfer in
an unloaded system
Alternative: throughput measured with
network sniffer or Microsoft Windows
XP performance monitor (Perfmon)
Successful PS data call: PS data call
reaching PDP context activation
accepted
PS setup success ratio: number of calls
reaching PDP context activation
accept/total number of originations
Delay between origination and PDP
context activation accept
PS dropped call: release of PDP context.
Return transfer time for a packet through
the network

Download only (RAB
384): >240 kbps in
mobility;
Upload only (RAB 64):
>48 kbps in mobility
>97%

90% <10 sec
<3%
Indicative: 90% <250 ms
Target depends on core
network architecture
and server location

PS data cell capacity quality metrics
Single-cell
throughput

Preferred: single-cell throughput
measured with multiple users in
stationary condition

Single-cell user
capacity

Preferred: total number of simultaneous
users (speciﬁc RAB type) in stationary
condition

For DL (RAB 384):
>800 kbps with user
evenly distributed
through the cell
For DL (RAB 384): >3
users under near cell
condition
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The most signiﬁcant metric is the maximum FTP session throughput, because it is the
“real” benchmark that users experience. This can be tested in two different scenarios:
• A single user accesses a cell alone (single-user throughput test).
• Multiple users access a cell at the same time (cell throughput test).
Use both scenarios to test how users affect each other. This may be most visible when
optimizing the target BLER for PS data service. The available throughput, sometimes
called goodput, depends on the number of retransmissions, which in turn depends on
the target BLER. For example, if measurements show that a PS 384 bearer with 10%
BLER cannot support user throughput higher than 345 kbps, decreasing the target BLER
would improve the single-user experience at the expense of other users. As mentioned in
Chapter 2, a lower BLER target leads to a higher Eb /Nt target, which results in higher
required DPCH. In other words, improving performance for a single user affects system
capacity and all other users as the system becomes loaded.
Another important metric is the RTT, which deﬁnes the minimum time in which a
sent packet can be echoed by the network, for example the time it takes a receiver to
acknowledge a packet to the transmitter across the UMTS network. The RTT can be
obtained easily with the ping utility. This utility can send a variable number of packets
of different sizes, and the address of the target server can change. Pinging can isolate the
latency of each node. However, we must remember that the ping utility gives the RTT
for the packets, and not the actual one-way delay, or latency. Thus, the asymmetry of the
PS data bearer affects the overall result. For large packet sizes, the Uplink delay will be
longer than the Downlink delay because the transmission may require multiple TTIs. The
measured values depend on the implementation of the CN, which makes the ping test a
troubleshooting tool as much as a performance evaluation tool. Areas with abnormally
long delays can be isolated and subdivided using the addresses of different nodes along
the route.
5.4.5 PS Data Parameters
5.4.5.1 Channel-Type Switching Parameters
Channel-type switching can be based on measurements of buffer allocations for a given
duration and can be triggered by reporting events that the UE sends to the network. On the
Downlink, this procedure is controlled by vendor-speciﬁc parameters rather than standard,
over-the-air parameters. On the Uplink, in addition to vendor-speciﬁc solutions, the same
process can be implemented by setting up trafﬁc volume measurement reporting. The
latter can be achieved through MCM controlling Events 4a and 4b. Event 4a is sent when
volume exceeds a threshold; Event 4b is sent when it falls below another threshold.
Once trafﬁc measurement reporting is activated, a MRM is generated. The triggering
of MRM is based on the following parameters:
• Trafﬁc volume. The number of bytes in the transmit buffer.
• Time-to-Trigger. A buffer that prevents reporting if the trafﬁc volume is exceeded for
only a short duration.
• Pending Time-after-trigger. Prevents sending multiple reports if different conditions
are met, to limit the amount of signaling.
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Table 5.10 Trafﬁc volume measurement parameter trade-offs
Parameter
Event 4a, reporting
threshold (or DL
equivalent)

Event 4a, Time-to-Trigger

Setting trend
Low

Enables quick up-switching, at the expense
of resource utilization

Medium to high

Limits up-switching for high volume data
transfers, which improves resource
utilization at the expense of user
perception
In conjunction with a low reporting
threshold, limits the number of
up-switches
Can be used in conjunction with a medium
or high reporting threshold to prevent
further delays in up-switching
Allows rapid reporting to dynamically adapt
to trafﬁc volume, at the expense of
increased signaling
Limits the amount of signaling at the
expense of less dynamic channel
switching
Limits down-switching during periods of
low trafﬁc activity, at the expense of
higher resource utilization
Allows for quick down-switching and saves
resources at the risk of frequent switching
and more signaling
In conjunction with low reporting threshold,
further reduces down-switching at the
expense of higher resource utilization
Can be used in conjunction with any
reporting threshold to prevent further
delays in down-switching

Long

Short

Pending time-after-trigger

Short

Long

Event 4b, reporting
threshold (or DL
equivalent)

Low

Medium to high

Event 4b, Time-to-Trigger

Impact

Long

Short

Channel-type switching optimization should be based on both expected user experience and capacity considerations. Table 5.10, which summarizes the main trafﬁc volume
measurement parameters, shows the trends and trade-offs.
In addition to trafﬁc-based factors, switching can be triggered by resource utilization
either on the Downlink (using a vendor-proprietary implementation) or on the Uplink
(using a vendor-proprietary solution or standard event reporting parameters). Optimization
decisions vary according to the goals of the operator: for instance, whether user perception
or system capacity is most important.
5.4.5.2 RLC Parameters
Most PS data service optimizations–either call or cell throughput–involve RLC protocol
parameters. Because PS data services operate in AM, where errors are handled by retransmissions, RLC settings are essential. RLC is a protocol in UMTS networks that allows
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a lost or erroneous packet to be retransmitted by the lower layer. Table 5.11 summarizes
the most important parameters of the RLC protocol, as well as generic recommendations.
The RLC parameters determine whether RLC PDUs are retransmitted or discarded, to
speed up data transfer. These parameters are valid only when the RLC is operating in AM.
If a PDU is reported in error (Negative Acknowledgment (NAK)) or not acknowledged,
it must be retransmitted by the source. Retransmissions can be repeated up to the number
of times speciﬁed by MaxDAT. If the transmission fails, the RLC reset procedure is
triggered. This procedure is initialized by sending the RLC Reset PDU. RLC RESET can
be triggered after a deﬁned period of time, or after a speciﬁed number of retransmissions
have been attempted. To reset the RLC state machine, the data currently in the buffer
must be discarded, depending on the SDU discard mode [16]. If the reset procedure
succeeds, the PDUs that were not sent are handled according to the parameter settings
(i.e., discarded or retransmitted), then the transmission continues. If the reset procedure
fails, the transmission is terminated and the upper layers are informed (unrecoverable
error).
The challenge in optimizing the RLC protocol is to ﬁnd the best balance between
retransmission delays and resource utilization. The following example illustrates this
concept.
Under normal RF conditions, transmission errors are rare, their probability of occurrence
being set by the BLER target setting. Therefore, most retransmissions are single events.
For retransmissions, RLC settings are not important as long as sufﬁcient retransmissions are supported. However, under prolonged challenging RF conditions, retransmissions
become more complicated. In the case of a fast rising cell signal or a deep fade, power
control might not have enough time to react, or the maximum DPCH could be reached,
causing the error rate to increase dramatically (possibly up to 100%). This could lead to a
situation in which no PDU, or no error-free PDU, is received that can be acknowledged. If
this happens, the RLC will retransmit the erroneous PDUs, that is, the PDUs that were not
acknowledged or were reported in error (NAK’ed). To prevent inﬁnite retransmissions,
a retransmission counter is maintained. When this counter reaches MaxDAT, retransmissions are stopped. The duration of this procedure is set by the Tx Window Size argument
of the MaxDAT parameter, and is inversely proportional to the bearer rate.
If a PDU is retransmitted MaxDAT times, the RLC reset procedure is triggered. The
transmitting side sends a reset and waits for an acknowledgment. If the fading event
continues, preventing the RLC Reset PDU from reaching its destination, a second Reset
PDU is transmitted after the Timer RST timer expires. This procedure is repeated up to
MaxRST times. After this, an unrecoverable error is reported to the upper layers, causing
the channel to be released and the user’s call to be dropped.
At ﬁrst glance, we might want to prolong the time from the very ﬁrst failure to release
of the channel, in hopes that the deep fading event will terminate and the connection will
be reestablished. On the other hand, we must realize that during this entire period the
channel is useless for the connection but still generating interference for other terminals
that are active in the area. In addition, from the moment the link is released, the UE can
eventually acquire another (good) cell and continue the data transfer on that new cell.
This reestablishment feature, called cell update, can minimize the user’s perception of
dropped calls.
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Table 5.11 RLC parameters
Parameter
name

Description

Recommendation

PDU discard mode

Deﬁnes the behavior
for unacknowledged PDUs

No discard

MaxDAT

Maximum number of
PDU retransmissions before a RLC
Reset is triggered

30

Last (re-) transmission PDU Poll

Toggle trigger indication if sender is to
transmit a poll after
the last PDU
available for
transmission has
been transmitted
Toggle trigger
indicating if the UE
is to send a STATUS
report upon detection
of a missing PDU
Reset timer for RLC
resets

Set

Missing PDU
Indicator

Timer RST

Ensures retransmission
of missing PDU as
soon as possible

> RTT

Ensures that sufﬁcient
time elapses
between consecutive
RST for the
RST ACK to be
received
Allows the link to be
maintained during
temporary radio
channel degradations
Ensures that transmission does not stall if
PDU is received on
the ﬁrst retransmission
Setting TSP > RTT
prevents the multiple
retransmissions of
PDU
Trade-off CPU load
(large number of
polls) and throughput
(several PDU to be
resent)

8 to 12

Timer Status Prohibit
(TSP)

Minimum time
between consecutive
Status (ACK) reports

∼RTT + 2 TTI

Timer Poll Prohibit

Minimum time
between polls

2 to 3 TTI
Should be
lower than
TST

Tx/Rx Window Size

Transmission of PDU
will be attempted
MaxDAT −1 times
before the link will be
reset
High number allows
transmission of the
PDU even during
temporarily poor radio
conditions
Avoids transmission stall
after the last PDU is
sent

Set

MaxRST deﬁnes the
maximum number of
RLC RESET PDUs
retransmissions
Maximum allowed
transmitter/
receiver window size

MaxRST

Comment

Number of PDU
equivalent to
3 × RTT
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An aggressive RLC parameter setting allows only a few retransmissions, providing
a short period of time to recover the RLC layer while relying on the upper layers to
maintain transmission quality. This results in more unrecoverable errors but allows the
UE to change cells more dynamically and recover faster.
An unrecoverable error does not necessarily lead to errors at the Application Layer.
If the UE reacquires a cell quickly enough, it could reestablish the connection before
the application timer expires. When a new channel is established, the content of the
buffers is lost and a retransmission at the Application Layer is required. This introduces
a considerable delay from the user’s perspective. Therefore, we must consider a more
tolerant RLC retransmission setting to allow more retransmission and reset attempts, to
keep the channel alive. If the channel recovers, the buffer content may be preserved
and the connection can continue. The disadvantage of this approach is the additional
interference generated by the retransmissions and resets.
RLC parameters are associated with a channel type or a PDP context. The RLC parameters could be changed at each reconﬁguration or activation of a PDP context. As a result,
the number of optimization scenarios increases exponentially.
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Inter-System Planning
and Optimization
Andrea Garavaglia, Christopher Brunner and Christophe Chevallier

6.1 Introduction
UMTS was designed to meet the anticipated demand for advanced wireless services. The
introduction of the WCDMA air interface and the standardization of improved architecture
provided high-speed mobile Internet and data connections alongside existing wireless
technologies such as GSM/GPRS and Enhanced Data rates for GSM Evolution (EDGE).
Initially, WCDMA was deployed primarily in city centers and business districts, because
the higher subscriber density and concentrated demand for new services gave an early
return on investment. As a result, a typical deployment consisted of islands of WCDMA
coverage in an ocean of GSM cells. Imperfections within WCDMA-covered regions
resulted in coverage holes or limited indoor coverage that might trigger inter-system
transitions. In that situation, ensuring service continuity at the WCDMA coverage boundaries requires effective Inter-System Handover (ISHO) and cell reselection, along with
dual-mode terminals.
Expanding a WCDMA network requires careful planning and optimization of the intersystem boundary regions to provide smooth transitions and seamless mobility for the
users. Initially, inter-system transition design is inﬂuenced by coverage. In later phases,
load sharing and service segregation can also be addressed by inter-system procedures.
This chapter discusses inter-system issues. In particular, it recommends planning and
optimization methods to effectively design inter-system boundaries and to set related
parameters. Section 6.2 introduces common scenarios and related boundary planning.
Sections 6.3 and 6.4 discuss procedures and system parameters for inter-system transitions in Connected and Idle Mode, respectively. Section 6.5 covers system parameter
tuning. The chapter concludes with a discussion on multiple carriers and load distribution
involving inter-system transitions.
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6.2 Inter-System Boundary Planning
Traditionally, mobile communication systems based on different radio access technologies
are planned independently of one another, and transitions between them are optimized
later, to the best possible extent. This greatly simpliﬁes planning, but may result in poor
initial performance of inter-system changes such as reselection, handover, or cell changes.
This section ﬁrst introduces a formal method of inter-system boundary planning, and
later discusses the related optimization process.
6.2.1 Inter-System Borders
Planning the inter-system boundary between WCDMA and GSM is primarily constrained
by the existing GSM network. To support current users without disrupting service, the new
network must be deployed without changing the existing operational network. In addition,
WCDMA network planning emphasizes the primary targeted coverage area, which usually
is well within the inter-system boundary, as shown in Figure 6.1.
The difference between the targeted coverage area and the inter-system boundary is
the added margin in the design to provide in-building coverage and to increase connection reliability. These margins are usually not at the boundaries; instead, the boundary
depends on the actual signal detected, usually at street level. Moreover, because the precise locations of the inter-system boundaries usually are not considered when the system
is planned and designed, they must be tuned and optimized at a later phase of network
deployment.
To minimize the capital expenditure for a WCDMA network, border cells may be
conﬁgured to extend their coverage as far as possible. As Figure 6.2 shows, this increases
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the number of overlapping cells at inter-system borders, which affects both Inter-System
Cell Reselection (ISCR) and ISHO.
Cell reselection is affected by the preference given to intra-frequency reselection over
inter-frequency or inter-system reselection. Figure 6.3 shows an example of measured
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CPICH Ec /No over a drive route at the Network Boundary for the network shown in
Figures 6.1 and 6.2.
With multiple cells overlapping in the boundary area, the UE reselects from one weak
cell to other equally weak cells until the suitability criteria eventually fail and the UE starts
searching for the best neighbor from intra-frequency, inter-frequency, or inter-system lists.
Preventing this problem while maintaining the RF conﬁguration would result in a very
high ISCR threshold. For example, the CPICH Ec /No threshold in Figure 6.3 would need
to be set at approximately −15.5 dB, assuming suitability criteria of about −18 dB, and
4 sec for the inter-system reselection to take place. If these values were set and the load
increased on the WCDMA network, the inter-system boundary would change signiﬁcantly,
as shown in Figure 6.4, and could be well within the original targeted coverage area,
depending on the quality of the network plan.
The same results would apply if RSCP were the reselection criteria for intra-frequency.
The effect would not be noticeable during load changes, but it would limit the indoor
areas where the UE was previously camping on WCDMA. This might be desirable when
an indoor solution is available only on GSM/GPRS, not on WCDMA.
To optimize this kind of deployment, the network plan should ensure that a single
dominant server is present when the inter-system changes are expected to occur. Adding
a single cell or a repeater to the previous example would increase the dominancy over
the highway area where the majority of the inter-system changes are expected.
Without adding any more nodes, the inter-system boundary can still be optimized by
controlling the coverage of all border cells in the region where most of the inter-system
changes are expected. Any of the commonly used RF coverage optimization options could
accomplish this.
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6.2.2 Typical Inter-System Scenarios
The examples in the previous section concerned only the inter-system boundary at the
WCDMA network edge. This case is the most common and is likely to remain so until the
WCDMA footprint reaches a level comparable to that of GSM. Because of the propagation
differences between GSM at 900 MHz and WCDMA in the IMT-2000 band (2.1 GHz),
GSM coverage is likely to remain dominant until WCDMA can be deployed in lower
frequency bands such as 850 or 900 MHz (the actual MHz varies by country). Once
this deployment occurs, continuity among the different frequency bands can be achieved
through inter-frequency changes rather than inter-system changes.
Given the coverage limitations in the current deployment of WCDMA in the IMT2000 band, inter-system changes may occur in coverage-hole areas or inside buildings.
Indoors, relying on inter-system changes for voice is reasonable until dedicated indoor
solutions become widely available. Outdoors at street level, on the other hand, relying
on inter-system changes to alleviate coverage deﬁciencies is not desirable. To prevent
inter-system change in these areas, the network is planned properly and the WCDMA
layer is optimized.
In-building inter-system scenarios may persist for some time, because of the scarcity
of indoor nodes that support WCDMA. Until these are commonly deployed, as suggested
by the guidelines in Chapter 8, inter-system changes can extend services indoors. This
particular deployment scenario uses the parameter settings detailed in Section 6.6 and
is similar to the network edge scenario: inter-system change performance improves if a
unique WCDMA best server is present. At the ground level, or at low elevations, it is
fairly easy to ﬁnd such a best server, though a macro network planning tool cannot plan
it reliably. Two main factors affect the reliability of network planning tool predictions:
• The exact shape of the building that provides directive attenuation, based on walls and
openings.
• The surrounding buildings that reﬂect or shadow the signal.
On higher ﬂoors within the building, especially at heights above the average clutter, it
is difﬁcult to have a single best server. The relationship between Ec /No and RSCP for a
given server is different at higher elevations than at ground level because more servers (i.e.,
more interference) are detected. This inconsistency between Ec /No and RSCP makes it
difﬁcult to decide which measurement quantity to use for inter-system changes, since either
quantity could fall below the set threshold. This is further complicated when suitability
criteria are applied. For example, the RSCP suitability threshold might be reached before
the Ec /No reselection threshold.
6.2.3 Boundary Determination
When a network planning tool is used to determine the inter-system boundary, the result
largely depends on which measurement quantity is chosen (Ec /No or RSCP), and whether
Idle Mode (i.e., cell reselection) or Connected Mode (i.e., handover) boundaries are
planned. The static nature of such tools affects the predictions they generate. An actual
UE implementation usually employs both thresholds and timers to deﬁne inter-system
changes; this results in a transition region rather than a sharp border.
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A reasonable approach would be to plan Connected Mode boundaries to meet call
retention requirements, then adjust the Idle Mode boundaries to be slightly larger than the
Connected Mode boundaries. This approach meets WCDMA performance requirements
for both access and retention performance.
In Idle Mode, only Ec /No measurement quantities are effectively available; therefore
the boundary region is delimited by the parameters Qqualmin and SsearchRAT , plus any
additional offset and hysteresis (as detailed in Section 6.4.4). These values are important
for boundary planning because they deﬁne suitability limits. They also determine when
to start measuring, to ensure that the UE has enough time to reselect to the other system.
Estimated distances and a typical speed are used to evaluate how long a UE will stay in
the boundary area. That time is compared to Treselection and to the normal cell reselection
execution time to verify border region planning. The execution time is critical for verifying
whether WCDMA would remain available if the reselection fails and the UE needs to
return to its original system.
In Connected Mode and Idle Mode, it is better to estimate a boundary area instead
of a single border. Determining the outside boundary is harder for handover than for
cell reselection. The reason? ISHO is generally based on events triggered from CPICH
measurements, while dropped calls are caused by failure to sustain a predetermined Signalto-Interference Ratio (SIR) for the selected service. Therefore, the handover boundary can
be estimated from the intersection of two plots: the CPICH Ec /No (or RSCP, depending on
the selected measurement quantity) and the achieved DPCH Eb /Nt . To be comprehensive,
the DPCH Eb /Nt for all the services are estimated, not only for voice.
As with cell reselection, the size of the handover area is compared to the typical handover execution time (that is, to the inter-system change delays described in Section 6.3.2).
For both ISCR and handover, we must remember that the deﬁned assumptions limit the
accuracy of predictions. For RSCP, assumptions include the propagation model and the
margins; Ec /No , uses the same assumptions but for multiple links and their simulated load.

6.3 Inter-System Transitions in Connected Mode
ISHO is used in Connected Mode to maintain the desired quality and guarantee service
continuity when WCDMA coverage fades out. In WCDMA, the ISHO is a hard handover,
usually based on UE measurements. The UTRAN instructs the UE to monitor the quality
of the ongoing connection and, if quality falls below a speciﬁed threshold, to monitor the
signal strength of the other system (such as GSM/GPRS).
The ISHO procedure depends on the UE’s domain–circuit switched (CS) and/or packet
switched (PS)–as described in Section 6.3.1. In the CS domain, UMTS implements a
seamless inter-system hard handover. In the PS domain, the procedure is based on a cell
reselection process that cannot maintain the Quality of Service (QoS). In the PS domain,
it would be more precise to refer to the process as a Cell Change Order (CCO) instead of
ISHO, as used in the CS domain. A better term, when a common term is needed for both
domains, would be inter-system change. In the rest of this chapter, inter-system change
and ISHO are used interchangeably.
The CS and PS domains have two distinct phases for inter-system changes: measurement and execution. In the measurement phase, the UE measures the target system and
reports the results to the network. In the execution phase, the UE executes the ISHO
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procedure. When both phases are present, the handover is called non-blind, because the
target cell is measured and identiﬁed before execution. In blind handover, no measurements are made on the target system and the target cell is retrieved from stored database
information (see Section 6.3.1.3). However, measurements are made on the current system, according to intra-frequency measurement criteria.
6.3.1 Inter-System Change Procedures
Figure 6.5 shows a simpliﬁed inter-system change state diagram, including both ISHO
and cell reselection (see Section 6.4) between WCDMA and GSM/GPRS, for CS and PS
services.
For CS calls, a handover is performed in Connected Mode. For PS sessions, intersystem transitions are handled either by a CCO or a cell reselection. The following two
sections discuss the differences between the CS and PS cases (see Refs [1–3]).
6.3.1.1 Inter-System Handover for Circuit Switched Services
CS connections are used for applications that are sensitive to delays, such as voice or
video calls. Because GSM/GPRS currently does not support video-telephony, this section
focuses only on voice services.
As indicated at the top of Figure 6.5, ISHO is deﬁned for Connected Mode of CS
services in both directions: WCDMA to GSM and GSM to WCDMA. For voice services,
however, ISHO in the WCDMA-to-GSM direction is prioritized because good GSM
coverage is assumed, which obviates the need to return to WCDMA. The UE reselects
back to WCDMA after the call is released. This avoids unnecessary ISHOs, which can
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increase the risk of dropped calls. As networks become more stable and trafﬁc increases,
this process may change to utilize resources better, distribute users between the two
networks, and support more advanced services.
In WCDMA, the UTRAN speciﬁes several measurements to monitor the quality of the
connection while the UE is connected. If the quality falls below a predeﬁned level, the
ﬁrst phase of ISHO is initiated and measurements are taken on the GSM system. If a
second receiver is available, it could be tuned to GSM frequencies to take measurements
while the ﬁrst receiver ensures continuous operation in WCDMA. However, this mode
of operation requires an additional radio frequency front-end on the UE, which increases
the cost of the equipment.
To overcome this issue, UMTS introduced Compressed Mode (CM) operation [4,5]. In
CM, gaps are created in the WCDMA frame structure, during which the UE measures the
other system (see Section 6.3.3). Once the measurements are completed, the UE sends a
report to the network identifying the best candidate for the ISHO, and the second phase
is initiated. The handover is ﬁnally executed when the network sends the UE a handover
from UTRAN command (see Section 6.3.2).
The GSM procedure is similar, with the UE measuring the WCDMA cells when the
connection quality becomes too low, or always, depending on the parameter setting [6].
Because GSM systems receive information discontinuously based on the TDM frame,
there is no need to create gaps in which to take the measurements. When the Measurement
Report indicating the target cell is received at a sufﬁcient level, the network initiates the
ISHO execution.
6.3.1.2 Inter-System Transitions for Packet Switched Services
PS services are used mainly for data applications that are not subject to strict time constraints. Though some interactive applications (such as gaming) and streaming services
(such as video streaming) may require limited delays, the majority of PS trafﬁc is generated by ﬁle transfers, e-mail, and web surﬁng, for which high throughput is the prime
concern.
ISHO for PS services consists of measurement and execution phases, which differ
somewhat from the corresponding CS phases. In WCDMA, a UE in Connected Mode
registered to the PS domain can assume different states depending on the amount of
trafﬁc, the application, and user activity. If a large amount of data is being transferred,
the UE is in the CELL DCH state and the inter-system measurement phase is similar
to the one used for voice calls. However, after the measurements are completed and the
decision is made to handover to GPRS, the procedure is initiated with the CCO from
UTRAN command, which orders the UE to move to the target GPRS cell by means of
an ISCR (see Figure 6.5). The UE enters the new system in GPRS Packet Idle Mode
and the data transfer is resumed (if data are pending) with a transition to GPRS Packet
Transfer Mode. On the other hand, if the UE has an active PDP context but is either not
transferring data or is requesting a low throughput, it probably is in the CELL FACH or
CELL PCH/URA PCH state, depending on the network implementation and settings. In
this case, the ISHO to GPRS is accomplished by cell reselection: the UE autonomously
measures and decides which cell to camp on according to the broadcast information. The
CELL FACH state supports both CCO and cell reselection, but generally only one is
implemented, depending on the architecture selected by the vendor.
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For the transition from GPRS to WCDMA, either in GPRS Packet Idle Mode or in
GPRS Packet Transfer Mode, no handover procedure has been deﬁned for GPRS connections1 . Instead, the UE performs an ISCR autonomously, if network-controlled cell
reselection is not requested2 . When selecting a new cell, the UE leaves Packet Transfer Mode and enters Packet Idle Mode. In Packet Idle Mode, the UE acquires a new
WCDMA cell, reads the system information, and may then resume to UTRAN RRC
Connected Mode (see Section 6.3.2).
When concurrent services are established (in other words, the UE is connected to
the CS and PS domains), the CS handover procedures control inter-system changes. In
GSM/GPRS mode, PS data calls are interrupted while a voice call is established. Similarly,
during a WCDMA-to-GSM transition, the CS call hands over to GSM and the PS call is
interrupted.
In contrast to voice calls, it is desirable that PS data calls remain in the WCDMA system
as long as possible. Measurements have shown that WCDMA data throughput remains
relatively high, even at very low Ec /No 3 . The need to quickly switch to WCDMA will be
even greater for HSDPA because it provides signiﬁcantly improved capacity, throughput,
and latency compared to GPRS, as discussed in Chapter 7.
6.3.1.3 Blind Inter-System Handover
For blind ISHO, the strength of the new system is not measured before the transition. The
transition is assisted by database information, which determines a target cell based on
the cells in the current Active Set and eventually their reported quality. The handover is
limited to the execution phase, which is usually triggered by measurements taken by the
UE on the ongoing connection (for example, quality on its own frequency). Removing
the GSM measurement phase simpliﬁes the procedure and implementation, and speeds up
the inter-system transition. Blind ISHOs are appropriate mostly for a WCDMA system
that has a one-to-one overlay with a GSM/GPRS network, because there is only one
GSM target cell for each WCDMA cell. For other types of overlays, blind handovers
should be weighed carefully, because they pose a signiﬁcant risk of handover failure.
For example, if the WCDMA deployment covers an ofﬁce building from outside while
the GSM system is supported by multiple indoor microcells, it is not possible to clearly
assign a GSM target cell to a serving WCDMA cell.
1
Most recent versions of the standard (3GPP Release 6; see [7]) provide seamless inter-system handover
from GPRS to WCDMA to support delay-sensitive applications such as video streaming. This is particularly
interesting for areas (mainly rural) where the operator may decide to promote new services by updating the
existing network to E-GPRS (e.g., EDGE) before completing the WCDMA coverage.
2
If the NETWORK CONTROL ORDER parameter is broadcast on BCCH or PBCCH (and supported in
the UE and the BSS), additional parameters not listed here apply and the network takes more control of the
transition from GPRS to WCDMA [6]. This conﬁguration is not detailed here because it is rarely implemented
in current networks and UEs.
3
In some implementations, Compressed Mode and inter-system handover are not conﬁgured for best effort
PS services to save capacity and maximize WCDMA coverage. When moving out of the WCDMA area, the
call simply drops and the UE must recover by using a cell update procedure with a cause of radio link failure.
At this time, the UE selects the best-ranked cell. If parameters are appropriately set, the UE quickly reselects
to GPRS, thus changing the system at the border of WCDMA coverage. The disadvantages of this approach
are longer inter-system change delay and service interruption with a slightly increased risk of data stall and
broken transfer.
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For voice calls, triggering a blind ISHO may be too risky because of the increased
probability of dropped calls. The PS domain is less sensitive to the risks associated
with blind handover because the UE enters GPRS operation in Idle Mode and QoS is
less of an issue. For packet data calls, data-assisted handover is an alternative. This handover activates UE measurements to monitor the WCDMA connection. When the network
receives a Measurement Report, it does not activate CM and measure the GSM/GPRS
system; instead, it sends a (blind) “CCO from UTRAN” command to the UE with
a target cell provided by a database. The UE reselects to the indicated GPRS cell
and, if this fails, returns to WCDMA as speciﬁed by the standard [8]. This avoids
the CM disadvantages (throughput reduction, increased transmit power and interference,
and reduced capacity) at the expense of a slightly higher probability of handover failure.
6.3.2 Message Flows and Delays
This section provides more detailed information on the ISHO procedure and the signaling
message ﬂow for both PS and CS services. It also discusses measurements, execution
triggers, and expected handover delays.
Figure 6.6 shows a simpliﬁed generic message ﬂow for WCDMA-to-GSM/GPRS ISHO4 .
As shown in the ﬁgure, when the WCDMA quality (continuously monitored) falls below
a certain level, CM is activated and GSM/GPRS measurements are taken to identify the
UE

UTRAN

GERAN

Measurement control for WCDMA quality monitoring

WCDMA quality measurement report (Q < Thresh)

Compressed Mode pattern activation
Measure
GSM/
GPRS

Measurement control for GSM/GPRS measurements

GSM/GPRS quality measurement report

Inter-system handover/cell change order from UTRAN
Execute
ISHO

UE communicate with GSM/GPRS

Figure 6.6 Simpliﬁed WCDMA-to-GSM/GPRS Inter-System Handover message ﬂow
4
For inter-system cell reselection triggered for PS services in CELL FACH, CELL PCH, and URA PCH,
see Section 6.4.
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best target cell and estimate its quality. If speciﬁed conditions are met, UTRAN sends a
handover (or cell change) order to the UE, which moves to the GSM/GPRS system.
This generic process is common to all message ﬂows, with some variations. In particular, both the WCDMA quality monitoring and the GSM/GPRS measurements can be
implemented with periodic reporting and event-triggered reporting:
• Periodic reporting. The UTRAN instructs the UE to send measurements periodically
and the RNC decides how to use them (this is vendor-speciﬁc).
• Event-triggered reporting. The UTRAN instructs the UE to send measurements when
deﬁned events occur. The network usually reacts to a single event, or a combination
of events, with a predeﬁned action such as activating/deactivating CM, or sending a
handover command.
Existing infrastructures use various combinations of the two reporting types.

6.3.2.1 WCDMA-to-GSM Handover Message Flow
Figure 6.7 shows the message ﬂow for ISHO from WCDMA to GSM (CS calls). The
ﬁgure identiﬁes the main components of the handover: (a) setup quality measurements in
UTRAN, (b) perform GSM measurements during CM, and (c) execute the ISHO.
When the UE requests a connection and gets a dedicated channel, it receives Measurement Control Messages (MCMs) to conﬁgure the reporting of measurements, which
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Figure 6.7 WCDMA-to-GSM Inter-System Handover message ﬂow (CS calls)
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it eventually sends to the UTRAN (a). Infrastructure vendors use different Measurement
Reports to trigger CM and ISHO:
• When Downlink quality is monitored, CM can be activated by Measurement Report 2d
(or 1f) and deactivated by Measurement Report 2f (or 1e). In all cases, the measurement
quantity can be conﬁgured to either Ec /No or RSCP; multiple events can be set to
monitor both quantities, depending on the implementation. Events 2d/2f relate to a
connection quality measurement representing the entire Active Set. Events 1f/1e are
triggered per cell, and the UTRAN must combine reports from each cell (usually
belonging to the Active Set) to determine if and when to activate and deactivate CM.
• Uplink channel quality in terms of UE transmit power can be monitored with Measurement Reports 6a and 6b. Depending on the vendor, Uplink quality monitoring can
be combined with Downlink quality monitoring to determine activation/deactivation
of CM.
• Alternatively, vendors can use periodic reporting of WCDMA channel quality instead
of event-trigger reporting. The UTRAN processes the measurement results to decide
when to start and stop measuring the GSM system.
Once CM has been activated (b), another MCM tells the UE how to report GSM cell
quality. Again, either event reporting (typically for Event 3a) or periodic reporting can be
used, depending on the vendor implementation. When a good candidate cell is reported,
the serving RNC may decide to initiate ISHO by forwarding a request for relocation
to the Core Network (c). The request propagates to the BSS for resource allocation and,
once accepted, the handover from UTRAN command is sent to the UE, which disconnects
from the UTRAN and connects to the BSS. If successful, the UE completes the procedure
by sending a Handover Complete message back to the network, and any resources still
allocated on the Iu interface can be released.
As shown in Figure 6.7, the time between activating CM and receiving the Handover
from UTRAN command corresponds to the duration of the CM session–usually several
seconds, depending on signal quality, and the size of the Neighbor List of cells to be
measured (see Ref [9] for requirements)5 , and the measurement to perform.
Another interesting quantity is the ISHO execution time, also shown in Figure 6.7. The
execution time–usually several hundred milliseconds–depends on the infrastructure and
on the interconnections between the UTRAN, Core Network, and GERAN.
Finally, the ISHO delay between the handover command and handover completion is
also indicated. The delay time is too short to limit the interruption, which affects voice
quality. The standard [9] provides the requirements for limiting ISHO delay.
6.3.2.2 WCDMA-to-GPRS Cell Change Message Flow
The measurements used for Inter-System Cell Change (ISCC) are identical for PS calls and
CS calls; however, the handover execution procedure is different.6 Figure 6.8 shows the
5

If the quality of the ongoing connection becomes good again, Compressed Mode is deactivated, often
leading to a shorter duration.
6
The Cell Change Order from UTRAN command is used for UEs in dedicated channels or in the FACH
Channel, while the URA PCH or CELL PCH states use the same cell reselection procedures as Idle Mode
(see Section 6.3.2.1).
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WCDMA-to-GPRS inter-system cell change message ﬂow (PS calls)

message ﬂow and identiﬁes the main components of the cell change: (a) set up quality
measurements in UTRAN, (b) take measurements on GSM/GPRS, and (c) execute the
inter-system cell change. Up to the arrival of the CCO from the UTRAN, the message
ﬂow is the same as for the CS call ISHO ﬂow described in Section 6.3.2.1. Therefore,
the following discussion focuses on the remaining part of the procedure (c).
Upon receiving the order to move to the GPRS system, the UE reselects the indicated
target cell with a cell reselection procedure ending in GPRS Packet Idle Mode. Next, the
UE requests a Routing Area Update (RAU) to the new SGSN7 , which retrieves the context
information and the buffered data from the old SGSN before releasing the Iu interface
resources. After the update is completed, the UE resumes the PS data connection in GPRS
as soon as resources are available (GPRS utilizes the remaining time slots after CS trafﬁc
has been accommodated in the GSM system).
The time to complete the transition to the other system is inﬂuenced by the CM duration
and the inter-system cell change execution time, particularly in CS calls. But the transition
time is strongly inﬂuenced also by the inter-system change delay–the interval between
the cell change command and the completion of the RAU. The delay can be as long
as 10 to 15 sec, during which no data is transferred between the UE and the network.
7

If the UE is also attached to the CS domain, a location area update is performed as well, to allow the
UE to receive paging for incoming CS calls. In this case, the SGSN passes UE location information to the
MSC/VLR before completing the routing area update procedure. Systems are usually conﬁgured to update both
routing and location area information. The UE leaves the PS domain, attaches to the CS domain to perform
the location update, then returns to the PS domain.
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Therefore, when optimizing inter-system change for PS domain services, this duration
must be analyzed carefully.
6.3.2.3 GSM-to-WCDMA Handover Message Flow
The handover from GSM to WCDMA is not commonly implemented (or activated) for
CS services because the GSM system provides excellent coverage for good-quality voice
calls. When users move from a GSM-only coverage area into an area covered by WCDMA
as well, handing over from GSM to WCDMA in Connected Mode is important only to
provide access to advanced services or concurrent services (CS and PS simultaneously)
that are supported only by WCDMA. It is also important for relieving capacity limitations
in GSM.
Figure 6.9 depicts the typical message ﬂow for the GSM-to-WCDMA handover. The
process is similar to handover from WCDMA to GSM, except that CM is not needed in
GSM. GSM employs Time Division Multiple Access (TDMA), which enables the UE to
measure WCDMA neighbor cells during idle periods. Figure 6.9 also shows the execution
time and ISHO delay.
6.3.2.4 GPRS-to-WCDMA Cell Change Message Flow
The inter-system transition from GPRS to WCDMA is actually a cell reselection procedure, since there is no support for handover to provide mobility when connected to GPRS.
Figure 6.10 illustrates the message ﬂow for the GPRS-to-WCDMA inter-system change.
After completing measurements on the WCDMA neighbor cells, the UE reselects to
WCDMA if conditions are fulﬁlled, camps on the target WCDMA cell, and sends an
RRC Connection Request to UTRAN to perform location updates and RAUs. Once the
UE
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GSM-to-WCDMA Inter-System Handover message ﬂow (CS calls) [3]
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Figure 6.10 GPRS-to-WCDMA inter-system change message ﬂow (PS calls)
Table 6.1

Delay associated with inter-system changes in Connected Mode

Procedure
WCDMA to GSM – ISHO delay
WCDMA to GPRS – ISC delay
GSM to WCDMA – ISHO delay
GPRS to WCDMA – ISC delay

Delay
Several hundred milliseconds
10–15 sec (value largely
dependent on CN conﬁguration)
Several hundred milliseconds
5–10 sec (value largely dependent
on CN conﬁguration)

registration is complete, the new SGSN retrieves the context information and the buffered
data from the old SGSN before releasing the Core Network resources within the BSS.
Finally, a Radio Bearer (RB) is set up for the PS data connection in WCDMA, either
using the same RRC connection or a new one, depending on the conﬁguration. An intersystem change delay of 5 to 10 sec can be expected before data transfer can continue, as
summarized in Table 6.1.
6.3.3 Compressed Mode Issues
WCDMA introduced CM to allow the UE to suspend transmit-and-receive activity on
the current frequency and to take measurements on other frequencies and/or systems.
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Compressed
Mode frame

Increased data rate
and transmit power

Normal Mode frame
Frame
(10 ms)

Figure 6.11

Transmission gap available for
GSM/GPRS measurements

Compressed Mode frame characteristics (SF/2 method)

When CM is activated, silent gaps are created in the WCDMA frames. During the gaps,
the receiver is tuned to other bands such as GSM/GPRS, in which measurements are
collected.
In WCDMA, different methods were evaluated for CM [5]. Two are included in the
current 3GPP standards: Spreading Factor Reduction by 2 (commonly called SF/2), and
Higher Layer Scheduling (HLS)8 . The SF/2 method compensates for the lack of data
transfer during the silent slots of the pattern gaps by doubling the data rate during the
remaining slots of the compressed frames, as shown in Figure 6.11.
The spreading factor reduction method is particularly useful for delay-sensitive applications such as CS services, but has the disadvantage of consuming more network resources
to compensate for the reduced spreading gain; this can be challenging at the edge of coverage. HLS, on the other hand, provides gaps by adapting the data rate from higher layers
of the protocol stack, which delays some data transmissions to accommodate silent slots.
This method does not increase the consumption of network resources, and is more suitable
for PS services in which delay is less critical.
Compressed Mode gaps are organized in one or more CM patterns, which the UTRAN
speciﬁes. Typically, the UTRAN sends early signaling messages to the UE and the Node B
to conﬁgure the CM patterns according to the scope and the deﬁned parameters. In another
step, when measurements of another system (or of another frequency) are required, the
conﬁgured patterns are activated at a speciﬁed time. The standard is ﬂexible on the supported pattern conﬁgurations [4], measurement requirements, and the density of the silent
gaps [9]. The requirements are intended to ensure that the measurements are taken within
a certain time, and that the gap density and the number of silent slots per frame are limited. Because no power control command is available during the silent slots, too-frequent
gaps or too many silent slots per frame can dramatically worsen the connection quality.
As Figure 6.12 shows, gaps occur in Transmission Gap Patterns (TGP), which are repeated
within the Transmission Gap Pattern Sequence (TGPS). The Transmission Gap Pattern
Repetition Count (TGPRC) parameter speciﬁes the sequence length. Two alternatingpatterns
8
A third method, puncturing, was included in the initial release of the standard, but was later removed. In
puncturing, measurement gaps are created by removing redundancy bits during rate matching.
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#TGPRC

TG pattern 1

TG pattern 2

TG pattern 1

TG pattern 2

TG pattern 1

TG pattern 2

TG pattern 1

Transmission
Gap 1

TG pattern 2

Transmission
Gap 2

TGSN

Transmission
Gap 2
Transmission
Gap 1

TGSN

TGL1

TGL2
TGD

TGL1

TGL2
TGD

TGPL1

TGPL2

Allowed TGL values in slots = {3, 4, 5, 7, 10, 14}
Allowed TGPL values in frames = up to 144
Allowed TGD values in slots = up to 269

Figure 6.12 Transmission gap patterns

of lengths TGPL1 and TGPL2 frames (Transmission Gap Pattern Lengths 1 and 2) create
the pattern sequence; each of them has (up to) two gaps of length TGL1 and TGL2 slots
(Transmission Gap Lengths 1 and 2), separated by TGD (Transmission Gap Distance) slots.
Each pattern begins in a radio frame called ﬁrst radio frame, which contains at least one
transmission gap slot. The Transmission Gap Slot Number (TGSN) parameter indicates the
slot number of the ﬁrst silent slot within the ﬁrst radio frame.
Depending on the measurement strategy and the purpose of the measurement gaps,
different TGPSs can be activated either sequentially or simultaneously, as long as they do
not violate the requirement constraints [9]. A trade-off for CM parameters must be made:
more aggressive patterns complete the requested measurements more quickly, but at the
expense of higher resource consumption. Because the measurement gaps lack power control, an increased SIR target is expected for UEs in CM, increasing Uplink and Downlink
transmitted power and hence the air-interface load. This effect is more evident for UEs
in channel conditions in which inner loop power control works most effectively, such as
slowly moving UEs that have no line-of-sight [10] connection to the Node B.
For inter-system measurements and measurements on the GSM/GPRS system, different
pattern sequences are deﬁned for signal strength measurements, initial BSIC (Base Station
Identiﬁcation Code) identiﬁcation and BSIC veriﬁcation9 [9]. Table 6.2 shows possible
9
The term Reconﬁrmation is sometimes used instead of BSIC veriﬁcation. Some vendors skip BSIC veriﬁcation to shorten the duration of Compressed Mode. BSIC identiﬁcation synchronizes with the GSM channel to
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Table 6.2 Selected Compressed Mode Pattern parameters for GSM/GPRS measurements (N is
the number of cells in the measurement list)
IE

TGPSI
TGMP
TGPRC
TGSN
TGL1
TGPL1
TGCFN

GSM RSSI
measurement

Initial BSIC
identiﬁcation

BSIC veriﬁcation

1
2
6 (if N = <30, else 8)
8
14
8 (if N = <30, else 6)
X

2
3
Min(192, 24 × N)
8
14
12
X + 48

3
4
24 + (300/TGPL1) × min(N, 8)
8
14
12
X + 54

settings for the corresponding parameters, where gaps of 14 slots distributed over two
consecutive frames are used for GSM/GPRS measurements with the SF/2 method.
The parameters controlling CM cannot be selected independently; they must be set
jointly. In addition, the minimum UE performance or observed user performance is evaluated to ensure that all expected measurements can be taken during CM without impairing
service to the user. The most critical interactions are highlighted below:
• The Transmit Gap Pattern Sequence Identiﬁer (TGPSI) identifying the sequence is tied
to the Transmission Gap Measurement Purpose (TGMP). The TGPSI must be unique
for a given TGMP.
• The Transmit Gap Pattern Repetition Count (TGPRC) and Transmit Gap Length (TGL)
are set high enough to allow the completion of the intended measurement. In Table 6.2,
TGPRC is set as a function of the number of neighbors that the UE should evaluate,
while TGL1 is set to the maximum allowed value, 14. With TGL1 = 14, at least 15
GSM RSSI measurement samples per gap can be collected [9], as shown in Table 6.3.
• Both the Transmission Gap Pattern Length (TGPL) and the TGL affect the total time
the UE spends in CM (i.e., the time available to make measurements) as well as the
throughput reduction when HLS is used in the PS domain. The ratio of TGL (in units
of slots) over TGPL, multiplied by 15 to express it in slots, can estimate the throughput
reduction. Using the values in Table 6.2, out of 120 slots (8 frames), 14 are used for
CM. Therefore, a throughput reduction of about 11% is expected.
• The Transmission Gap Connection Frame Number (TGCFN) is set for different simultaneous patterns to avoid conﬂict in CM. Looking at the example in Table 6.2, if TGPSI
1 starts at CFN X, the BSIC identiﬁcation starts 48 frames later, at X + 48. The patterns
will not overlap because TGPSI 1 lasts for only 48 frames: TGPRC times TGLP1. The
third pattern, BSIC veriﬁcation, starts 54 frames after RSSI measurement, which is 6
frames after BSIC identiﬁcation. At that time, the second pattern is still running, but
no conﬂict occurs because the repetition patterns differ, as shown in Figure 6.13.
establish time tracking on the synchronization channel. If BSIC veriﬁcation is skipped, a loss of synchronization–which can happen under bad RF conditions–may go undetected and the handover may fail. Currently,
most vendors do perform BSIC veriﬁcation.
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UE performance versus TGL1 [9]
Number of
GSM carrier
RSSI samples
in each gap

Maximum time
difference for
BSIC
veriﬁcation [ms]

Maximum time
for BSIC
veriﬁcation [sec]

1
2
3
6
10
15

Not speciﬁed
Not speciﬁed
±500
±1200
±2200
±3500

Not speciﬁed
Not speciﬁed
Not speciﬁed
10.2
8.1
5

CM Pattern for BSIC
identification starting

CM Pattern for BSIC
reconfirmation starting

Gap overlap can be prevented by
carefully choosing the CM parameters for
simultaneous patterns

Frame
number

1

2

………

7

………

13

………

Repetition pattern for BSIC identification
Repetition pattern for BSIC reconfirmation

Figure 6.13 Using parameter settings to avoid conﬂict between patterns

6.3.4 Compressed Mode Performance Metrics
Compared to the metrics for intra-frequency handover discussed in Chapters 4 and 5,
additional metrics are required for ISHO to characterize CM activation and deactivation,
and ISHO triggering.
The performance metrics described in this section are compatible with the inter-system
test setup described in Section 6.5.
6.3.4.1 Compressed Mode Metrics
Ideally, CM should start only when measurements on GSM/GPRS cells are really necessary, allowing enough time to take measurements and execute the ISHO before signal
degradation disrupts service. Because channels and velocities vary in actual network
implementations, it is not always possible to trigger CM precisely at the ideal time.
For CS services, it is critical that ISHOs do not occur too late. However, activating
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CM too early unnecessarily affects network resources. What indicates that CM has been
triggered unnecessarily? We can suspect this if the WCDMA signal improves shortly
after CM activation, which leads to an early deactivation of the measurements without
triggering ISHO.
Section 6.3.3 suggested parameters for CM patterns, which the following impacts:
• Increased Uplink and Downlink transmit power required for CM based on SF/2, which
reduces the air-interface capacity.
• Additional usage of code resources for SF/2.
• Throughput reduction for PS services when CM is based on HLS.
• Minimum duration of CM measurements.
The following metrics relate to CM triggers (for additional details, see Section 6.3.5):
• Number of CM sessions per executed Inter-System Handover. If CM parameters
are optimally set, very few CM sessions (ideally only one) should be activated for
each ISHO.
• Time spent in CM. If CM parameters are optimally set, the time spent in CM should
be close to the minimum required to measure the other system and provide a narrow
statistical distribution.
• Channel quality during CM, as indicated by Ec /No , RSCP, BLER, and Call Drop
statistics. No additional dropped calls should be observed during CM.
• Signaling. Because of the necessary triggers for activating/deactivating CM, additional
signaling in the form of Measurement Control and, especially, Measurement Report
Messages are needed to activate/deactivate CM. CM measurement reporting is considered less important than intra-frequency (i.e., soft-handover) reporting because only a
small fraction of users are simultaneously in CM.
• Location of the CM activations. If CM is activated well within the WCDMA network,
coverage and capacity issues or suboptimal intra-frequency handover parameter settings
may be the cause. This metric also depends on the measurement quantity used to trigger
CM (CPICH Ec /No or RSCP). If RSCP is the trigger, CM is activated independently
of system load.
• Increase in resource consumption at cell borders (e.g., Downlink and uplink power,
active set size10 ). As seen in Section 6.3.3, resource consumption at cell borders should
not vary more than a few percent. A much larger increase could indicate a need for
parameter tuning or revision of inter-system boundaries.
6.3.4.2 Inter-System Transition Metrics
ISHO should happen as late as possible without risking a call drop, to maximize WCDMA
coverage while guaranteeing service continuity. Since GSM/GPRS networks do not support (or only partially support) advanced services such as video streaming or videotelephony, it is desirable to remain in WCDMA whenever possible.
10
Since signal strength drops logarithmically with the distance from the transmitting node, signals from
several cells may be equally strong at the coverage boundary of the network, thus increasing the Active Set
size. As indicated in Section 6.2, boundaries should be planned to ensure that most UEs see one dominant cell
before transitioning.
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The following metrics are relevant for CS services:
• Call Drops, BLER, Ec /No , and RSCP statistics. CS services handover seamlessly
from WCDMA to GSM/GPRS, to support low latency services such as voice. Therefore,
it is important to transition to GSM/GPRS early enough to avoid call drops.
• Coverage. CS services typically do not return to WCDMA in Connected Mode11 (see
Section 6.3.1). To avoid limiting coverage for more advanced services such as videotelephony, the transition to GSM/GPRS should not take place too early.12
• Inter-System Handover delay.
The following metrics are relevant for PS services:
• Coverage. To maximize coverage for advanced services such as video streaming, and
to avoid the ping-pong effect, the transition to GSM/GPRS for PS services should take
place later than for CS services. Ideally, transitions to GSM/GPRS should occur only if
staying in bad channel conditions on WCDMA would signiﬁcantly affect the throughput.
• Throughput interruptions due to:
— WCDMA-to-GSM/GPRS inter-system change delay
— WCDMA-to-GSM/GPRS reselection delay
— WCDMA-to-GSM/GPRS transition delay after the call dropped in WCDMA
— GSM/GPRS-to-WCDMA reselection delay
— GSM/GPRS-to-GSM/GPRS reselection delay
For PS services, call drops are less important than for CS services, because the UE
usually maintains the PDP context and reselects to another cell upon Radio Link Failure
(i.e., the UE recovers with a cell update procedure that has a Radio Link Failure cause).
The UE resumes the data transfer from higher layers, either connecting to WCDMA or
to GPRS. Although this process is deﬁned in the CS domain as well, it has a noticeable
impact on the user: namely, voice muting for the duration of the Cell Update procedure.
6.3.5 Compressed Mode Triggering and Inter-System Handover Parameters
This section summarizes the parameters that govern CM triggering and ISHO. Infrastructure vendors use different sets of events to activate and deactivate CM and to trigger
ISHO. Section 6.3.1.2 discussed inter-system transitions for PS calls, which use the cell
reselection procedure to return from GSM/GPRS and move to GSM/GPRS in all states
except for CELL DCH. The cell reselection parameters are the same as those used in
Idle Mode; they will be explained in Section 6.4.4.
Periodic or event-triggered measurement reporting on the ongoing connection is performed to determine when to trigger CM. Periodic reporting is controlled by a parameter that
speciﬁes the measurement period. The UTRAN implementation (which is vendor-speciﬁc)
processes the measurements and triggers ISHO. However, event-triggered measurement
reporting is more common. Accordingly, the rest of this section concentrates on parameters
related to event-triggered reporting [8].
11
When GSM-to-WCDMA handover is activated, ping-pong effect between the two systems becomes an
important metric because it increases the amount of signaling and also the risk of dropped calls.
12
For new operators who do not own an underlying GSM network, the limited WCDMA coverage leading
to inter-system handover to GSM incurs roaming fees, which reduces revenues.
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Most vendor implementations use either Events 1f and 1e or Events 2d and 2f to activate
and deactivate CM, based on the Downlink quality. Events 6a and 6b can be conﬁgured
to assess the Uplink quality. Events 1f and 1e apply to single cells, whereas Events 2d
and 2f apply to the complete Active Set. For example, the triggering conditions for Event
2d are outlined below [8]:
Triggering condition:

QU sed ≤ TU sed−2d − H2d /2

Leaving triggered state condition:

QU sed > TU sed−2d + H2d /2

The variables in the formula are deﬁned as follows:
• QUsed . The quality estimate of the used frequency.
• TUsed −2d . The absolute threshold that applies to the used frequency and Event 2d.
• H2d . The hysteresis parameter for the Event 2d.
The connection quality estimate used in Events 2d and 2f is deﬁned as:
QUsed

frequency

= WUsed × 10 × Log

NAS


Mi

Used

i=1

+ (1 − WUsed ) × 10 × LogMBest

Used

(6.1)

The variables in the equation are deﬁned as follows [8]:
• QUsed frequency . The estimated quality of the current Active Set on the used frequency.
• Mi Used . The measurement result of cell i in the current Active Set.
— NAS . The number of cells in the current Active Set.
• MBest Used . The measurement result of the cell in the current Active Set with the highest
measurement result.
• WUsed . A parameter sent from the UTRAN to UE for weighting the used frequency.
For measurement results in CPICH Ec /No , Mi U sed and MBest U sed are expressed as
ratios. Measurement results in CPICH RSCP are expressed in mW.
Table 6.4 summarizes the triggering parameters for CM. This table and the sections that
follow it refer to parameters, or Information Elements (IE), by their standard [8] name.
For ISHO, the UE performs measurements on GSM/GPRS candidate cells while in
CM. Both periodic and event-triggered reporting are supported, independent of how CM
was triggered, thus allowing different combinations and implementations. For periodic
reporting, the UE continuously measures and reports GSM/GPRS cells at set intervals, and
the UTRAN orders an ISHO (or cell change) when a suitable target is identiﬁed. Eventtriggered reporting is based on events such as Event 3a, which weighs both WCDMA and
GSM/GPRS quality to determine when to perform the handover; or Event 3c, which only
considers the GSM/GPRS connection quality [8]. Table 6.5 summarizes the parameters
for the most common events that trigger ISHO.
Table 6.6 lists the parameters related to GSM-to-WCDMA ISHO (CS services [6]).
While in GSM, the UE can take measurements on WCDMA cells during the silent time
slots without any need for CM (in GSM, as in any TDMA system, the transmission is not
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Table 6.4 Compressed Mode triggering parameters [8]
Parameter
Triggering conditions
(Events 1f, 1e)
Measurement quantity
(Events 1f, 1e)
Threshold (Events
1f, 1e)

Hysteresis (Events
1f, 1e)
Time-to-Trigger
(Events 1f, 1e)

Range [units]

Explanation

Active Set cells,
Monitored Set cells,
both
CPICH RSCP, CPICH
Ec /No
CPICH RSCP: −115 to
−25 [dBm]
CPICH Ec /No : −24 to 0
[dB]
0–7.5 [dB], in 0.5 [dB]
increments
0, 10, 20, 40, 60, 80,
100, 120, 160, 200,
240, 320, 640, 1280,
2560, 5000 [ms]

Types of cells to trigger Events 1f, 1e

Filter coefﬁcient
(Events 2x)

0, 1, 2, 3, 4, 5, 6, 7, 8, 9,
11, 13, 15, 17, 19

W (Events 2d, 2f)

0–2, in 0.1 increments

Measurement quantity
(Events 2d, 2f)
Threshold (Events
2d, 2f)

CPICH RSCP, CPICH
Ec /No ,
CPICH RSCP: −115 to
−25 [dBm]
CPICH Ec /No : −24 to 0
[dB]
0–7.5 [dB], in 0.5 [dB]
increments
0, 10, 20, 40, 60, 80,
100, 120, 160, 200,
240, 320, 640, 1280,
2560, 5000 [ms]

Hysteresis (Events
2d, 2f)
Time-to-Trigger
(Events 2d, 2f)

Measurement quantity of Events
1f, 1e
Absolute thresholds to report Events
1f, 1e

Hysteresis for Events 1f, 1e reporting
Period of time for which the
triggering conditions for Events 1f,
1e must be satisﬁed before
transmission of the corresponding
Measurement Report Message can
occur.
Inter-frequency measurement ﬁlter
coefﬁcient. The effective time
constant of the low-pass ﬁlter
depends on the measurement
period [9] according to the
calculation in [8]. The ﬁlter
coefﬁcient for Events 1x is
discussed in Chapter 4 as part of
the intra-frequency handover
parameters.
Weighting factor (between sums of
the Active Set versus best cell in
the Active Set) in the inequality
criterion that must be satisﬁed for
Events 2d, 2f to occur.
Measurement quantity of Events 2d,
2f
Absolute threshold to report Events
2d, 2f

Hysteresis for Events 2d, 2f reporting
Period of time for which the
triggering conditions for Events 2d,
2f must be satisﬁed before
transmission of the corresponding
Measurement Report Message can
occur.
(continued overleaf )
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Table 6.4 (continued )
Parameter
Measurement quantity
(Events 6a, 6b)
Threshold (Events
6a, 6b)

Range [units]
UE Transmitted power
UE Tx Power: −50 to
+33 [dBm]

Time-to-Trigger
(Events 6a, 6b)

0, 10, 20, 40, 60, 80,
100, 120, 160, 200,
240, 320, 640, 1280,
2560, 5000 [ms]

Filter coefﬁcient
(Events 6x)

0, 1, 2, 3, 4, 5, 6, 7, 8, 9,
11, 13, 15, 17, 19

Explanation
Measurement quantity of Events
6a, 6b
Absolute threshold set by UTRAN
for Events 6a, 6b reporting (Active
Set quality crossing the thresholds
is reported).
Period of time for which the
triggering conditions for Events 6a,
6b must be satisﬁed before
transmission of the corresponding
Measurement Report Message can
occur.
Filter coefﬁcient for measurement
ﬁlter. The effective time constant
of the low-pass ﬁlter depends on
the measurement period [9],
according to the calculation in [8].

Table 6.5 WCDMA-to-GSM/GPRS Inter-System Handover parameters [8]
Parameters

Range, units

Measurement quantity
(Event 3a)

CPICH Ec /No , CPICH
RSCP

Threshold own system
(Event 3a)

CPICH RSCP: −115 to
−25 [dBm]
CPICH Ec /No : −24 to 0
[dB]
−115 to 0 [dBm]

Threshold other system
(Events 3a, 3c)

Hysteresis (Events
3a, 3c)

0–7.5 [dB], in 0.5 [dB]
increments

Time-to-Trigger (Events
3a, 3c)

0, 10, 20, 40, 60, 80,
100, 120, 160, 200,
240, 320, 640, 1280,
2560, 5000 [ms]

Deﬁnitions
The inter-system measurement
quantity the UE shall measure in a
UTRAN cell.
Absolute threshold set by UTRAN
for Event 3a reporting. Primary
CPICHs crossing the threshold are
reported.
This IE affects one of the inequality
criteria that must be satisﬁed for an
Event 3a to occur. It represents the
minimum required GSM RSSI for
reliable handover to GSM.
Hysteresis between the conditions to
activate and deactivate Event 3a
reporting.
Period of time for which the
event-triggering condition must be
satisﬁed before transmission of the
Measurement Report Message can
occur.
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Table 6.5 (continued )
Parameters

Range, units

W (Event 3a)

0–2, in 0.1 increments

Filter coefﬁcient
(Events 3x)

0, 1, 2, 3, 4, 5, 6, 7, 8, 9,
11, 13, 15, 17, 19

GSM Filter coefﬁcient
(Events 3a, 3c)

0, 1, 2, 3, 4, 5, 6, 7, 8, 9,
11, 13, 15, 17, 19

BSIC veriﬁcation
required

Required, not required

Deﬁnitions
Weighting factor applied to the cell
quality in the inequality criterion
that must be satisﬁed for an Event
3a to occur.
Filter coefﬁcient for UTRAN
inter-system measurement ﬁlter.
The effective time constant of the
low-pass ﬁlter depends on the
measurement period [9], according
to the calculation in [8].
Filter coefﬁcient for GSM RSSI
measurement ﬁlter. The effective
time constant of the low-pass ﬁlter
depends on the measurement
period [9], according to the
calculation in [8]. Time constant of
the GSM RSSI measurement ﬁlter.
Deﬁnes whether the UE must verify
the BSIC of measured GSM cells.

Table 6.6 GSM-to-WCDMA Inter-System Handover parameters [6]
Parameters

Range, units

FDD REP QUANT

CPICH Ec /No , CPICH
RSCP

FDD MULTIRATE REPORTING

0–3

Qsearch C

−98, −94 to −74
[dBm], always
−78, −74 to −54
[dBm], never

Deﬁnitions
The reporting quantity for UTRAN
FDD cells that the UE shall
measure in GSM.
Speciﬁes the number of WCDMA
cells that the UE shall include in
the list of strongest cells or in the
Measurement Report.
The signal level threshold above
(upper line) or below (bottom line)
which the UE shall search for
WCDMA cells.

continuous). WCDMA cells are measured when the GSM signal level exceeds a deﬁned
threshold (above or below, depending on the parameter value). The selected reporting
quantity is reported to the network for ISHO decisions.

6.4 Inter-System Transitions in Idle Mode
In Idle Mode, ISCR from WCDMA to GSM/GPRS enables the UE to choose a new cell
in another system to camp on, thus ensuring service availability when WCDMA coverage
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deteriorates. Cell reselection from GSM/GPRS to WCDMA allows the UE to return to
WCDMA, where it can access more advanced services.
PS services use ISCR to move from WCDMA to GPRS in Connected Mode, except
when in the CELL DCH state. ISCR is always used to return to WCDMA (see Section 6.3.1).
6.4.1 Overview of the Inter-System Cell Reselection Procedure
The ISCR procedure consists of the following three steps:
1. Measuring the neighbor cells on the current system and the other system.
2. Ranking the measured cells.
3. Determining reselection.
The measurements on neighbor cells can be continuous, or triggered when the quality
of the camping cell falls below a deﬁned threshold.
6.4.1.1 WCDMA-to-GSM/GPRS Cell Reselection
As speciﬁed in [11], the UE operates in discontinuous reception (DRX) mode during
Idle Mode to improve its standby time. At the beginning of each DRX cycle, the UE
wakes up, reacquires the camping cell, and reads its Paging Indicator Channel (PICH).
Depending on the measured camping cell quality and on parameter settings, the UE
may begin to make intra-frequency, inter-frequency, or inter-system measurements, and
evaluate the respective cell reselection criteria. When the UE is camping on a WCDMA
cell, inter-system measurements are triggered by one of the following two situations:
1. Measurements are triggered by the measurement rules, when
Qqualmeas < Qqualmin + SsearchRAT
2. Measurements could also be triggered if the serving cell does not fulﬁll the cell
selection suitability criterion for consecutive Nserv DRX cycles [9]. According to the
standard [11], a WCDMA cell is suitable if it fulﬁlls the suitability criteria:
Srxlev>0 and Squal>0
where:
Srxlev = Qrxlevmeas − Qrxlevmin − P compensation[dB]
Squal = Qqualmeas − Qqualmin[dB]
In the above equations, Qqualmeas represents the measured quality of the serving cell
(typically the CPICH Ec /No ), while Qrxlevmeas is the measured received signal CPICH
RSCP. Qqualmin, SsearchRAT , Qrxlevmin, and Pcompensation are parameters broadcast by
the UTRAN as system information (see Chapter 4 and Section 6.4.4). Both measurements
for quality and received signal values must be ﬁltered using at least two samples spaced
by at least TmeasF DD /2 sec (i.e., by half of the time speciﬁed for FDD measurements) [9].
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To estimate the quality of the GSM/GPRS cells, GSM Broadcast Control Channel
(BCCH) carrier measurements are collected at least every TmeasGSM sec [9], in terms of
Received Signal Level Averaged (RLA). Measurements must be ﬁltered for each suitable
GSM BCCH carrier by using a running average of four samples, uniformly distributed
over the averaging period. If the measurements are triggered by the measurement rules,
the UE attempts to verify the BSIC at least every 30 sec for each of the four strongest
GSM BCCH carriers. The UE also ranks the veriﬁed cells. To maintain control of the
reselection procedure, cells are considered for cell reselection only if they are indicated
by measurement control system information for which the BSIC can be decoded.
Once GSM cells are measured, the ISCR algorithm compares the CPICH RSCP of the
WCDMA camping cell with the RLA of the measured GSM cells [9], according to the
following ranking criteria:
Serving cell: Rs = Qmeas,s + Qhyst1s [dB]
Neighbor cell: Rn = Qmeas,n − Qoff set1s,n [dB]
The UE performs the cell ranking for all GSM/GPRS cells indicated in the measurement control system information of the serving cell. The GSM/GPRS inter-system cell
ranking is always based on a RSCP versus RSSI comparison, whereas for WCDMA intrafrequency or inter-frequency cell ranking, the measurement quantity can be either Ec /No
or RSCP. Most commonly, Ec /No is chosen because the RSCP is already included in the
suitability criterion for the received signal level.
If a GSM/GPRS cell ranks higher than any WCDMA cell for Treselection seconds,
the UE reselects to that GSM/GPRS cell. This implies it being at least (Qhyst1s +
Qoff set1s,n ) [dB] better than the WCDMA serving cell, and better than any other
WCDMA measured cell for Treselection seconds:
RGSM > Rs and RGSM > Rn

(for T reselection seconds)

6.4.1.2 GSM/GPRS-to-WCDMA Cell Reselection
Cell reselection from GSM/GPRS to WCDMA is supported by a mechanism similar
to that for WCDMA-to-GSM/GPRS reselection, as speciﬁed in the GSM/GPRS
standards [6,12,13]. During Idle Mode operations in the GSM/GPRS system, WCDMA
cells included in the 3G reselection list are measured when the RLA of the serving cell
differs (is lower or higher, depending on the setting) from the parameter Qsearch I (or
Qsearch P for packet services) [6]13 .
To estimate the quality of GSM/GPRS cells, measurements are ﬁltered for each BCCH
carrier using a running average of ﬁve unweighted samples, uniformly distributed over a
period of at least 5 seconds (the value could be larger, depending on the paging block and
on the number of nonserving cells). For WCDMA cells, the UE measures both CPICH
Ec /No and CPICH RSCP and there is no speciﬁcation about ﬁltering and measurement
time. However, the UE must be able to identify and reselect to a new WCDMA cell
belonging to the Neighbor List within 30 seconds.
13
If PBCCH (Packet BCCH) is used for GPRS, the cell reselection parameters can be assigned different
values for CS and PS services; otherwise, the UE can receive only one common value on the BCCH.
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After measuring the serving GSM/GPRS cell and the signaled neighbor cells (both
in GSM/GPRS and WCDMA), the UE ranks the cells on the basis of RLA and RSCP
measurements, for the serving cell and for the six strongest nonserving cells. The UE
then reselects a suitable14 UTRAN FDD cell if all the following conditions are true for
at least 5 seconds:
• The measured CPICH Ec /No value of the candidate WCDMA cell is equal to or greater
than the parameter FDD Qmin.
• The measured CPICH RSCP value of the candidate WCDMA cell is at least
FDD Qoffset [dB] better than the RLA of the serving cell and all suitable nonserving
GSM/GPRS cells.
• The measured CPICH RSCP value of the candidate WCDMA cell is equal to or greater
than the optional parameter FDD RSCP threshold, if supported by the UE.15
In the above conditions, FDD Qmin and FDD Qoffset (or FDD GPRS Qoffset for
PS connections) are broadcast on the BCCH (or PBCCH) of the serving cell and
FDD RSCP threshold is determined by the following equation:
FDD RSCP threshold = Qrxlevmin + Pcompensation + 10 [dB]

(6.2)

If these parameters are not available, then FDD RSCP threshold is set to negative inﬁnity, meaning that the criterion is not effective. If an inter-system WCDMA-to-GSM/GPRS
cell reselection occurred within the previous 15 seconds, FDD Qoffset is increased by
5 dB in this period.
Even if the above conditions are fulﬁlled, the WCDMA cell might not meet the suitability criterion if the CPICH RSCP is too weak, thus causing the UE to return to GSM
(G2W-reject). In this case, access is disrupted while the UE attempts the reselection to
WCDMA. A loss in service availability will occur because the UE will not receive a page
from the system during this time.
If the above conditions are fulﬁlled AND a suitable WCDMA cell is found, the UE may
return (ping-pong effect) to GSM after a short time, which also affects service availability.
In fact, every time an ISCR takes place, the UE must perform location area updates and
RAUs. These procedures can last several seconds, during which no service is available.
The UE cannot be reached on the system it just left, nor on the system it is attempting
to camp on, because it has not yet signaled to the network (through LA or RA update)
that it has changed serving networks.
6.4.2 Message Flow and Delays
This section presents more detailed information on the ISCR procedure and on the signaling message ﬂow. In Idle Mode, the procedure is the same for both the PS and CS domains
14
A UE may start an inter-system cell reselection towards a WCDMA cell before decoding the BCCH
of the WCDMA cell, leading to a short interruption of service if the WCDMA cell is not suitable. If this
happens, the UE returns to GSM/GPRS and a loss in service availability can occur. This case is referred to as
GSM-to-WCDMA cell reselection reject, or G2W-reject.
15
A ﬁxed RSCP-based threshold for GSM-to-WCDMA cell reselection has been added to the standard as
an optional feature for the UE, to mitigate some of the parameter setting constraints (see Section 6.6.3).
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RNC

MSC/SGSN

BSC

System Information Block 3/4
UE measures neighbor GSM/GPRS cells
UE reselects to GSM/GPRS target cell and read System Information
Location updating request
Paging request Type 1
ISCR
delay

Immediate assignment
GPRS suspension request
Location updating accept
Routing Area Update request
Routing Area Update accept
Routing Area Update complete

Figure 6.14 WCDMA-to-GSM/GPRS inter-system cell reselection message ﬂow

and usually the UE initiates the reselection autonomously. Network-controlled [6] reselections are not included in this framework because they are not widely implemented in
existing systems.
6.4.2.1 WCDMA-to-GSM/GPRS Cell Reselection Message Flow
Figure 6.14 illustrates a simpliﬁed WCDMA-to-GSM/GPRS cell reselection message ﬂow.
First, the UE reads the system information to ﬁnd which measurements shall be performed on the GSM/GPRS cells. Next, the UE applies the ranking procedure described
in Section 6.4.1.1, which may initiate reselection to a target GSM/GPRS cell. Finally, the
UE registers location area updates and RAUs, during which the UE cannot be paged nor
can it access any service. This delay is normally several seconds, but could last longer
depending on the Core Network implementation.
6.4.2.2 GSM/GPRS-to-WCDMA Cell Reselection Message Flow
Figure 6.15 illustrates the signaling for a GSM/GPRS-to-WCDMA cell reselection message ﬂow.
The UE ﬁrst reads the system information about the measurements to be performed
on WCDMA cells and related parameters. System Information 2Quater [12] carries the
WCDMA Neighbor List information. The UE then ranks the cells, evaluates the reselection
criteria (see Section 6.4.1.2), and eventually reselects to the target WCDMA cell. Finally,
the UE registers location area update and RAU, during which the UE cannot be paged
nor can it access any service.
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BSC

UE

MSC/SGSN

RNC

System information 2Quater
UE measures neighbor WCDMA cells
UE reselects to WCDMA target celland read System information

RRC Connection Request
RRC connection setup
ISCR
delay

RRC connection setup complete

Location/Routing Area Update request
Location/Routing Area Update accept
Location/Routing Area Update complete

Figure 6.15 GSM/GPRS-to-WCDMA inter-system cell reselection message ﬂow

The ISCR procedure–whether from GSM/GPRS to WCDMA or from WCDMA to
GSM/GPRS–has a delay of several seconds. The call ﬂow in Figure 6.15 applies to UEs
registered in both the PS and CS domains. For a UE in GPRS Packet Transfer Mode, the
ﬁrst step (not shown in Figure 6.15) would be a transition from Packet Transfer Mode to
Packet Idle Mode.
6.4.3 Idle Mode Performance Metrics
Compared to the intra-frequency cell reselection metrics discussed in Chapter 4, additional
metrics are needed for ISCR, to address WCDMA coverage and service availability.
The two primary metrics are the WCDMA Idle Mode coverage and the WCDMA
service availability:
• WCDMA idle mode coverage. Deﬁned as the percentage of the route during which
the UE is camped on WCDMA cells.
• WCDMA service availability. Deﬁned through the following indirect metrics:
— Cumulative distribution of the WCDMA camping cell Ec /No and RSCP collected
over the metric route. Low Ec /No and RSCP may lead to missed paging occasions
and access failures, respectively.
— Number of ISCR and G2W-rejects. Both successful and attempted (but rejected)
ISCR affect the service availability, because neither paging nor access is possible
during the procedures. For every reselection, the UE performs a registration (location area update and RAU) and is unavailable for several seconds. In Idle Mode,
call setup occasions (access and paging) are missed in both domains and, for PS
connections, ongoing data transfer is interrupted.
— Out-of-Service (OOS) occurrences.
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It is also useful to distinguish the WCDMA-to-GSM reselection trigger causes, namely,
unsuitability and/or measurement rules; they indicate which parameters play a signiﬁcant
role under different loading and channel conditions.
For ISCR, standby time is not as important as it is for intra-frequency cell reselection,
because inter-system reselections occur less frequently. However, standby time can be
seriously affected if inter-system reselection occurs frequently in a stationary environment
(ping-pong effect between the two systems).
6.4.4 Inter-System Cell Reselection Parameters
This section summarizes the ISCR parameters. Section 6.6.3 explains how to optimize
the parameter settings for different scenarios. Tables 6.7 and 6.8 list the parameters for
WCDMA-to-GSM/GPRS and GSM/GPRS-to-WCDMA cell reselection, respectively. The
lists cover most of the commonly observed parameters in commercial networks.
Most infrastructure vendors allow cell reselection parameters to be set at the cell level,
which provides better support for performance optimization when inter-system boundaries
are present.
Table 6.7 WCDMA-to-GSM/GPRS Inter-System Cell Reselection parameters [8]
Parameters

Range [units]

Deﬁnitions

Treselection
Qrxlevmin

0–31 [sec]
−115 to −25 [dBm], in
2 [dB] increments
−24 to 0 [dB]

Cell reselection timer value.
Minimum quality level in the cell,
expressed in terms of CPICH RSCP.
Minimum quality level in the cell,
expressed in terms of CPICH Ec /No .
System-speciﬁc threshold provided by
the serving cell and applied to the
inter-system measurement rules.
Hysteresis. Used for TDD and GSM
cells, and for FDD cells if the quality
measure for cell selection and
reselection is set to CPICH RSCP.
Ranking offset between two cells. Used
for TDD and GSM cells, and for
FDD cells if the quality measure for
cell selection and reselection is set
to CPICH RSCP.
Max(UE TXPWR MAX RACH P MAX, 0) Pcompensation is not
signaled to the UE; it is calculated
by the UE from internal or signaled
parameters.
Maximum transmit power level the
UE may use when accessing the cell
on RACH.
Maximum RF output power of the UE.

Qqualmin
SsearchRAT

−32 to 20 [dB], in 2
[dB] increments

Qhyst1s

0–40 [dB], in 2 [dB]
increments

Qoffset1s,n

−50 to 50 [dB]

Pcompensation

Not signaled [dBm]

UE TXPWR
MAX RACH

−50 to +33 [dBm]

P MAX

−50 to +33 [dBm]
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Table 6.8 GSM/GPRS-to-WCDMA Inter-System Cell Reselection parameters [6]
Parameters

Range [units]

FDD Qmin

0 = −20 [dB], 1 = −6 [dB],
2 = −18 [dB], 3 = −8 [dB],
4 = −16 [dB], 5 = −10 [dB],
6 = −14 [dB], 7 = −12 [dB]
(Default value = −12 [dB])
Search for 3G cells if signal level is:
below (0–7) threshold: 0 =
−98 [dBm], 1 = −94 [dBm] to 6
= −74 [dBm], 7 = ∞ (always)
above (8–15) threshold: 8 = −78
[dBm], 9 = −74 [dBm] to 14
= −54 [dBm], 15 = ∞ (never)
Default value = 15 (never)
0 = −∞ (always select a cell if
acceptable), 1–15 = −28 to 28
[dB], in 4 [dB] increments
Default value = 0 [dB]

Qsearch I
(Qsearch P)

FDD Qoffset

Deﬁnitions
Minimum CPICH Ec /No
threshold for WCDMA cell
reselection

Qsearch I (or Qsearch P for
PS services) indicates
whether inter-system
measurements shall be
performed when RLA of the
serving cell is below or
above the threshold
Applies an offset to RLA for
WCDMA cell reselection

6.5 Test Setup for Inter-System Handover and Cell Reselection
Performance Assessment
To characterize the ISHO and cell reselection performance, we perform drive tests on
selected routes where clear boundaries between WCDMA and GSM/GPRS coverage
exist.
For the WCDMA-to-GSM/GPRS direction, the metrics discussed in Sections 6.3.4 and
6.4.3, starting from a point with good WCDMA coverage and ﬁnishing well inside the
GSM/GPRS-only region are collected. In Connected Mode, a call is set up at the starting
point and remains up while we drive across the boundary, collecting data and measurements from the test phone. If ISHO from GSM/GPRS to WCDMA is also supported,
we perform drive testing in both directions for Connected Mode. For cell reselection,
an identical test is performed, keeping the UE in Idle Mode during the entire route and
driving in both directions.
The tests are repeated enough times to ensure that the measured metrics are statistically
valid. The scope of the test and the metrics being measured may require a different
amount of testing. For example, to test cell quality metrics, many measurements can be
collected in Connected Mode with limited testing. In Idle Mode, however, a larger test
effort would be needed because Idle Mode measurements occur only during the DRX
cycle. For metrics such as call drop statistics, ISHO failures, and resource consumption,
including the network counters in addition to collecting UE data can help increase the
statistical relevance. These can be recorded for cells close to the boundary. To detect
Neighbor List issues, we collect and evaluate scanner data as well. Figure 6.16 shows an
example test setup for inter-system transitions.
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Figure 6.16 Example of Inter-System Handover test setup

6.6 Optimizing Inter-System Parameters
Sections 6.6.2 and 6.6.3 provide examples that explore how to optimize ISHO and cell
reselection parameters. But ﬁrst it is important to understand the relationship between
both sets of parameters. Section 6.6.1 discusses the interplay between them.
6.6.1 Interplay between Inter-System Handover and Cell Reselection Parameters
The metrics used for WCDMA cell reselection characterization imply that maximizing
WCDMA coverage and quality are the primary goals. However, maximizing Idle Mode
WCDMA coverage should not be an optimization goal per se; instead, it should be evaluated in conjunction with Connected Mode coverage. In fact, there is no reason for having
more coverage in Idle Mode than in Connected Mode, because the UE immediately activates Compressed Mode (CM) and initiates ISHO after setting up a call across the border
region. If the user moves into a coverage hole and the channel deteriorates during CM,
the call may even drop. Therefore, Idle Mode coverage should correspond to Connected
Mode coverage.
By itself, Connected Mode coverage areas may be quite different for the CS and PS
domains, according to the required data rates and the particular implementation:
• If PS services do not use CM and simply wait for the call to drop before handing over
to GSM, the PS coverage in WCDMA may be signiﬁcantly larger than the CS coverage.
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• If CS call retention has the highest priority, Idle Mode coverage should not be much
larger than CS coverage.
• If service availability has the highest priority, Idle Mode coverage should match PS
coverage.
In the PS domain, state transitions (i.e., CELL DCH to CELL FACH to CELL PCH
to URA PCH) will change the coverage deﬁnitions. Weigh these state changes carefully
when deﬁning the threshold for inter-system changes. Consider, for example, a case
in which reselection occurs earlier than handover. In the PS domain, the coverage in
CELL FACH, governed by reselection, would be smaller than in CELL DCH, governed
by handover. As a result, a UE in CELL FACH would perform an inter-system reselection
to GSM/GPRS and then eventually return to WCDMA on CELL DCH. In other words,
the UE would be in a ping-pong scenario.
6.6.2 Optimizing Inter-System Handover Parameters
Several infrastructure vendors use Event 2d to activate and Event 2f to deactivate CM, and
Event 3a to trigger ISHO. This section focuses on optimizing parameter settings related
to Events 2d, 2f, and 3a. Most of these parameters can be set only RNC-wide, so this
section does not cover cell-based parameter optimization.
6.6.2.1 Optimization Based on Events 2d, 2f, and 3a
ISHO performance does not depend on ISHO parameters alone; it also relies on intrafrequency handover parameters. For instance, in a scenario characterized by Pilot pollution
and quickly changing best servers (that is, any scenario that leads to cells rapidly dropping
from and re-adding to the Active Set), CM may be activated unnecessarily because it takes
approximately 300 to 600 ms to add a cell after removing it.
Following the recommendation outlined in Chapter 4 for intra-frequency, handover
parameters will lead to a reasonably long time-to-trigger for Event 1b (e.g., 640 ms)
and a very short time-to-trigger for Event 1a (e.g., 0 ms), to ensure timely inclusion
of fast-rising Pilots into the Active Set. Cell Individual Offset (CIO) could be used to
mitigate difﬁcult situations such as corner effects or narrow, urban canyons. Compared to
a less dynamic setting, these recommended time-to-trigger settings for Events 1b and 1a
signiﬁcantly reduce the number of unnecessary CM activations. These settings also reduce
intra-frequency measurement reporting, and, most importantly, improve call retention.
This comes at the expense of a slight increase in mean Active Set size16 and slightly
reduced air-interface capacity.
Parameter optimization for CM and ISHO triggering is based on this key concept:
activate CM only when an ISHO is necessary, to avoid having to deactivate it. “Necessary”
in this context means that CM must be initiated early enough to fulﬁll the call drop
probability requirement. Ideally, if CM is activated, it should rarely be deactivated, and
ISHO should occur immediately after completing the measurements. This minimizes time
in CM and avoids unnecessary network resource usage. At the same time, call retention
16

This assumes that changes in inter-system parameters do not affect Connected Mode WCDMA coverage.
Otherwise, mean Active Set size is inﬂuenced by two factors (the Active Set size tends to be higher at the cell
edge).
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performance also improves. Why? Because deactivations may delay ISHO and result
in a call drop. (If CM must be reactivated, inter-system measurements restart from the
beginning.) Using the CM optimization concept, you can derive the thresholds and timeto-trigger settings for the events listed above, and tune the hysteresis parameters of each
single event to reduce CM measurement reporting.
The measurement quantity of Events 2d, 2f, and 3a can be set either to Ec /No or
to RSCP. Each conﬁguration has advantages and disadvantages. Since the Downlink is
usually limited by capacity and the Uplink by coverage, Ec /No is better for tracking
the Downlink, and RSCP is better for tracking the Uplink (alternatively, Uplink transmit
power measurements could be used). Early deployments usually are coverage-limited,
which makes RSCP a good-quality measurement. However, early deployments often lack
radio frequency optimization and also exhibit Pilot pollution. For such deployments, it is
more useful to measure Ec /No . In fact, Ec /No is the recommended measurement quantity
for both early and more mature deployments because Ec /No can track weak coverage,
whereas RSCP is not a good choice for tracking Pilot pollution.
While it is widely believed that GSM provides good coverage outdoors and indoors,
that is not always the case. Therefore, the GSM threshold of Event 3a should not be set
too high, because the UE may remain in CM for a long time without triggering the ISHO.
Call retention performance would suffer.
6.6.2.2 Combining Coverage and Capacity Triggering
For the conﬁguration described in Section 6.6.2.1, the Ec /No thresholds must be set
relatively high for coverage-limited situations. This unnecessarily reduces the WCDMA
coverage. When infrastructure vendors support it, a combination of Events 2d and 2f, and
Events 6a and 6b is used. Events 6a and 6b track the UE transmit power and are ideal for
tracking the Uplink channel. CM is activated as soon as the UE transmit power exceeds
a deﬁned threshold for a speciﬁed amount of time. This reserves activation of the Ec /No
threshold setting only for capacity-limited and Pilot-polluted situations.
6.6.3 Optimizing Inter-System Cell Reselection Parameters
As described in Section 6.4, ISCR enables the UE in Idle Mode to choose a new cell of
another system to camp on, thus providing service availability when WCDMA coverage
deteriorates. Contrary to ISHO, the UE autonomously determines cell reselection, on the
basis of measurements and parameters distributed in the system information.
This section discusses how to tune these parameters, based on examples that reﬂect
boundary scenarios frequently observed in deployed networks. The examples are taken
directly from Ref [14] and cover the most typical ISCR scenarios: WCDMA Network
Boundary at the end of the WCDMA region, a coverage hole (i.e., a coverage imperfection) within the WCDMA region, and indoor situations (i.e., entering a building) where
the WCDMA coverage is limited and comes from outdoor cells.
Section 6.6.3.1 discusses the scenarios and the collected ﬁeld measurements. Section 6.6.3.2 introduces the optimization methodology and tools. Section 6.6.3.3 presents
the optimization results for each analysis case, along with appropriate recommended
parameter settings.
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6.6.3.1 Scenarios and Field Measurements
The ﬁrst step in optimizing ISCR parameters is to select representative scenarios and
collect ﬁeld measurements to evaluate their radio channel and mobility characteristics. The
following examples cover three different ISHO scenarios in commercial UMTS networks
in Europe [14]:
• Network boundary. Characterized by the loss of WCDMA coverage when leaving the
WCDMA region.
• Coverage hole. Represents areas inside a WCDMA region that are subject to bad
outdoor WCDMA coverage.
• Entering a building. Implies limited indoor WCDMA coverage within a WCDMA area.
Table 6.9 classiﬁes the scenarios in terms of radio frequency environment and mobility.
6.6.3.2 Optimization Methodology
For each scenario, measurements are collected on several runs along a representative metric route. Because of the relatively short duration of the measurements across the border
Table 6.9 Classiﬁcation of measured data17
Scenario
Network
Boundary

Coverage Hole

Entering a
Building

RF environment and mobility
WCDMA coverage with high Ec /No for a given RSCP (fewer Node Bs at
boundary to cause interference; thus less interference);
Gradual fading of WCDMA signal strength when moving into GSM-only
coverage;
Suburban area, vehicular channel, average speed of 20 km/hr;
Dominant Pilot in WCDMA coverage;
Measurements for the GSM-to-WCDMA direction are obtained by
reversing the time axis (see Section 6.6.3.2)
WCDMA coverage with low Ec /No for a given RSCP (Node Bs all
around; thus more interference);
Urban environment, vehicular channel, average speed of 25 km/hr with
large speed variations between runs;
Measurements are collected while crossing the coverage-hole area in both
forward and reverse directions
WCDMA coverage with medium Ec /No for a given RSCP (Node Bs all
around, but UE is closer to one; medium level of interference);
Entering and walking down a large indoor corridor of a large commercial
building;
Abrupt decrease in WCDMA signal strength when moving from WCDMA
into GSM-only coverage;
Dominant Pilot in WCDMA coverage, pedestrian channel, average speed of
3 km/hr;
Measurements from indoor (GSM) to outdoor (WCDMA) are obtained by
reversing the time axis (see Section 6.6.3.2)

17
The networks were lightly loaded and characterized by a low Node B density. Both factors lead to higher
Ec /No measurements for any given RSCP, and vice versa
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region, and of the DRX operation in Idle Mode, comparing parameters using only a drive
test may be too time-consuming for the requested statistical relevance. As an alternative,
different parameter settings could be compared by collecting fewer ﬁeld measurements
and complementing that analysis with dynamic computer simulations that emulate the
ISCR procedures, as detailed in Ref [14]. This method collects channel measurement
data in Connected Mode while signiﬁcantly reducing the amount of drive testing required
to gather enough statistics (conventionally, performance metrics are collected once every
DRX cycle directly from the UE). Advantages of this method include the following:
• Channel measurements are logged at a much higher rate than one sample per DRX
cycle. By shifting the starting point by a few milliseconds (i.e., longer than the channel
coherence time) and sampling once per DRX cycle, many instances of the measured
multipath channel can be gained from a single measurement run.
• The same ﬁeld data can be used to evaluate many parameter settings.
• The time axis of the ﬁeld data can be reversed to emulate an identical measurement
run in the opposite direction. This facilitates a side-by-side comparison between the
two cell reselection schemes: GSM/GPRS to WCDMA and WCDMA to GSM/GPRS.
6.6.3.3 Optimization Results
Since the measurement data are collected in low-site-density networks under light loading
conditions, WCDMA-to-GSM/GPRS reselections are more frequently triggered by unsuitability (low RSCP) rather than by the measurement rules. Accordingly, the Qrxlevmin parameter has the greatest inﬂuence on WCDMA-to-GSM/GPRS reselection, while Qqualmin
plays only a secondary role. Favoring WCDMA, the Qsearch I and FDD Qoffset parameters are set so that WCDMA cells are always measured and reselected as soon as they
meet the quality criteria. The GSM/GPRS-to-WCDMA reselection is controlled mainly by
the FDD Qmin parameter. As Table 6.10 shows, Qrxlevmin settings of −115, −113, and
−111 dBm are tested together with FDD Qmin settings of −12, −10, and −8 dB. The
quantities deﬁned in Section 6.3.4.1 and 6.3.4.2 are used for performance metrics.
6.6.3.3.1 Network Boundary Scenario
In the Network Boundary scenario (see results in Figures 6.17, 6.18, and 6.19), the
route starts in good WCDMA coverage and ends in poor WCDMA coverage, while
the GSM/GPRS coverage remains strong throughout. “WG→G” indicates the direction
in which WCDMA coverage deteriorates, while “G→WG” indicates the reverse direction.
Figure 6.17 shows that WCDMA quality and strength are low in the WG→G direction.
In the G→WG direction, WCDMA quality is better because of the high FDD Qmin
settings, which must be exceeded for 5 sec before reselecting to WCDMA. The downside
is that the UE stays in GSM/GPRS longer, as shown in Figure 6.18, with most reselections
in the WG→G direction triggered by unsuitability due to low RSCP.
Figure 6.19 shows that a high FDD Qmin is the most effective way to reduce intersystem reselections and prevent G2W-rejects, thus improving service availability at
the expense of a slight reduction in WCDMA Idle Mode coverage. A decrease in
Qrxlevmin increases the number of ISCRs in the G→WG direction because of fewer
G2W-rejects, and decreases the serving cell strength. Therefore, Qrxlevmin = −111 dBm
and FDD Qmin = −8 dB are recommended for this scenario.
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Table 6.10 Parameter settings for inter-system cell reselection
Parameter

Setting

Comments

Qrxlevmin

−115, −113, −111 [dBm]

SsearchRAT + Qqualmin

−14 [dB]

Qqualmin

−18 [dB]

Qoff set1n + Qhyst1s
Treselection

3 [dB]
1 [sec]

FDD Qmin

−12, −10, −8 [dB]

Qsearch I
FDD Qoffset

Always measure W
−∞

In this RF, main driver for WCDMAto-GSM/GPRS reselection
To avoid “ping-pong effect”:
F DDQ min > SsearchRAT +
Qqualmin
In this RF, secondary driver for
WCDMA-to-GSM/GPRS
reselection
Ranking generally fulﬁlled
Common to intra-frequency cell
reselection
Drives GSM/GPRS-to-WCDMA cell
reselection
To prioritize WCDMA
To prioritize WCDMA

Network boundary scenario
−7
G → WG (−8, −111)
−8
G → WG (−10, −111)
−9

G → WG (−12, −111)
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Figure 6.17

WCDMA serving cell quality in dB versus strength in dBm
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Figure 6.18 WCDMA Idle Mode coverage versus WCDMA to GSM/GPRS triggered by unsuitability relative to all WCDMA to GSM/GPRS triggers
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Number of G2W-rejects versus number of inter-system cell reselections
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Figure 6.20

WCDMA serving cell quality in dB versus strength in dBm

6.6.3.3.2 Coverage Hole Scenario
In the Coverage Hole scenario (shown in Figures 6.20, 6.21, and 6.22), the route starts
and ends in areas with good WCDMA coverage, denoted by A and B. Between these
points, the route crosses an area with poor WCDMA coverage.
In this scenario, we use different channel measurements in the A→B and B→A directions (instead of reversing the time axis). Results are provided for both directions. As
indicated in Table 6.9, the high interference results in low Ec /No for a given RSCP.
Accordingly, WCDMA-to-GSM/GPRS reselections triggered by the measurement rules
are more signiﬁcant, as shown in Figure 6.22.
Because of the relatively high RSCP levels corresponding to a speciﬁc Ec /No (see
Figure 6.20), a low Qrxlevmin setting can be used to reduce inter-system reselections
and prevent G2W-rejects, while increasing WCDMA Idle Mode coverage. Therefore, a
Qrxlevmin setting of −115 dBm is recommended for this scenario. We also recommend
a low setting of FDD Qmin (e.g., −12 dB) to increase WCDMA Idle Mode coverage at
the expense of a tolerable reduction in serving cell quality.
6.6.3.3.3 Entering-a-Building Scenario
In the Entering-a-Building scenario, the results are given for the WG→G (entering
the building) and G→WG (exiting the building) directions along the same route (see
Figures 6.23, 6.24, and 6.25). The scenario is similar to the Network Boundary case
and the inter-system reselection is unavoidable. Because of the channel conditions, the
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Number of G2W-rejects versus number of inter-system cell reselections
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Figure 6.22 WCDMA Idle Mode coverage in percent versus WCDMA-to-GSM/GPRS triggered
by unsuitability relative to all WCDMA-to-GSM/GPRS triggers
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Entering-a-building scenario
−11
G → WG (−8, −111)

−12

1 percentile of Ec /No [dB]

G → WG (−10, −111)

−13

G → WG (−12, −111)
G → WG (−12, −113)

G → WG (−12, −115)

−14

−15
WG → G (−8/−10/−12, −111)

−16

WG → G (−12, −113)

−17

−18
−120

WG → G (−12, −115)

−118

−116

−114

−112

−110

−108

−106

−104

−102

1 percentile of RSCP [dBm]

Figure 6.23

WCDMA serving cell quality in dB versus strength in dBm
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Figure 6.25 WCDMA Idle Mode coverage in percent versus W2G triggered by unsuitability
relative to all W2G triggers

WCDMA signal deteriorates more abruptly in this scenario, but the low speed of a
pedestrian user compensates for the quick drop.
As illustrated in Figure 6.23, a medium interference level and Ec /No values can be
observed, owing to one dominant Pilot cell and several nearby cells. The tail of the
RSCP distribution is relatively low in the WG→G direction, especially for low Qrxlevmin
settings. Therefore, as in the Network Boundary scenario, a Qrxlevmin of −111 dBm is
recommended.
Figure 6.24 indicates that a high FDD Qmin is most effective in reducing inter-system
reselections and preventing G2W-rejects while maximizing service availability. In addition, a high F DD Qmin = −8 dB improves the tail of the RSCP distribution at the
expense of a slight reduction in WCDMA Idle Mode coverage, especially in indoor areas.
As in the Network Boundary scenario, most reselections in the WG→G direction are
triggered by unsuitability criteria, as Figure 6.25 shows.
A stationary, indoor UE near a cell may experience high Ec /No values for low RSCP
and may require an even higher FDD Qmin to avoid frequent G2W-rejects18 . This situation would severely degrade standby time performance, due to ISCR.
18

This optimization study [14] assumes that the FDD RSCP threshold parameter (explained in Section 6.4.1.2) is not used. Although this parameter and the corresponding functionality have been added to
the standard, most currently available UEs do not use this functionality.
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6.6.3.3.4 Inter-System Cell Reselection Optimization Summary
On the basis of the results for ISCR optimization in Idle Mode, the following parameter combinations seem to perform well at the loading under which the tests were performed:
• Coverage hole. Qrxlevmin = −115 dBm; F DD Qmin = −12 dB
• Network boundary. Qrxlevmin = −111 dBm; F DD Qmin = −8 dB
• Entering a building. Qrxlevmin = −111 dBm; F DD Qmin = −8 dB
Infrastructure vendors usually allow cell reselection parameters to be set at the per-cell
level. However, operators who want to simplify the task of deciding which scenarios
apply to each cell can simply apply the most convenient settings for the entire area.
In other words, the operator could determine which scenarios and environments would
be the most representative and strategic for the area and tune the parameters’ settings
accordingly. When load increases, the tuning must be repeated to optimize performance
at higher interference levels.

6.7 Additional Inter-System Planning and Optimization Issues
In addition to the concepts we have covered so far in this chapter, some other issues pertain
to inter-system boundary planning, ISHO, and ISCR. The following sections brieﬂy touch
on two of these issues:
• ISHO in the presence of other WCDMA carriers
• ISHO triggering mechanisms in response to capacity or load distribution goals
6.7.1 Inter-System Handover when more WCDMA Carriers are Present
As trafﬁc increases in WCDMA areas, operators can take advantage of additional
WCDMA carriers in their license agreements to expand coverage for hotspots, or simply
to distribute trafﬁc better and maximize resource utilization. To do this, operators must
activate inter-frequency cell reselections and handover procedures. This may require
resolving compatibility issues with inter-system transition settings.
The procedure for inter-frequency handover is similar to the procedure for ISHO, and
consists of a hard handover execution triggered by UE Measurement Reports. To measure
the quality of other carriers, the UE uses CM, which can be activated for coverage or
capacity reasons. Figure 6.26 represents a realistic scenario in which a hotspot with multiple WCDMA carriers is deployed on top of single-carrier WCDMA area, and GSM/GPRS
is typically present everywhere.
When a UE connected to Frequency 2 (F2) approaches the border of the hotspot, the
measured quality decreases and CM is activated. The network determines the patterns
to measure the quality of Frequency 1 (F1) and to enable a possible inter-frequency
handover. This can be done by taking inter-frequency and inter-system measurements
simultaneously, and then determining which handover to execute when the measurements
are reported.
Parameter settings that were optimized only for ISHO scenarios may not be the best
settings for this situation and may require the following modiﬁcations:
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GSM only

WCDMA - F1 + F2

Figure 6.26

WCDMA F1

WCDMA hotspot scenario with multiple carriers

• Compressed mode parameters. These provide the correct triggers and conﬁgure
appropriate patterns.
• Inter-System Handover events/Inter-frequency handover events. These events
should be tuned together to prevent the UE from switching to GSM/GPRS when good
coverage is available on another WCDMA carrier. The joint tuning also prevents call
drops caused by late triggering of ISHO when WCDMA deteriorates on all carriers
(similar to the case in which the user enters a building).
• Additional parameters. These minimize the ping-pong effects caused by WCDMA
inter-frequency handovers.
Cell reselection is somewhat simpler than ISHOs because parameters such as Sintersearch
can independently trigger the inter-frequency measurements, and operators can determine
the settings according to their desired strategy. For example, when moving from the area
covered by Frequency 1 alone into the area where both WCDMA carriers are available,
inter-frequency cell reselection could be used to achieve a ﬁrst load distribution, while
inter-frequency handover could be triggered for capacity reasons, to further adjust the
network load [15].
6.7.2 Inter-System Triggered for Capacity Reasons
In addition to inter-system transitions triggered for coverage reasons, some scenarios
may require inter-system changes for capacity reasons. With the increasing demand for
new advanced services that can only be offered cost-effectively on WCDMA, operators
may decide to accommodate voice and low-rate data services mainly on the GSM/GPRS
network where good coverage is available.
The standard provides several mechanisms to support this, some of which involve intersystem transitions triggered for capacity reasons. This could be achieved by conﬁguring
Measurement Report events for CM and ISHO triggering, which can sense the loading
of the WCDMA network. In this case, Ec /No is the suggested measurement quantity for
CM triggering, and additional measurements can identify critical capacity situations.
ISCR can also redistribute users between WCDMA and GSM, in conjunction with other
mechanisms such as directed retry or redirection of signaling connections. Parameters can
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be set to distribute users in Idle Mode evenly between the two systems, but to make the
mechanism more effective a network intervention at call setup is probably necessary to
ensure that every user gets access to the system that is offering the best quality for the
requested service.
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7.1 Motivations for High Speed Downlink Packet Access (HSDPA)
Release 99 originally deﬁned three techniques to enable Downlink (DL) packet data. Most
commonly, data transmission is supported using either the Dedicated Channel (DCH) or
the Forward Access Channel (FACH). The Downlink Shared Channel (DSCH) was also
deﬁned, but was not widely adopted or implemented for FDD and was eventually removed
from the speciﬁcations [1].
CELL DCH (DCH) is considered the primary means of supporting any signiﬁcant
data transmission. Each DCH is transmitted on a Dedicated Physical Channel (DPCH).
Individual users are assigned a unique Orthogonal Variable Spreading Factor (OVSF)
code, depending on the required data rate; the lower the spreading factor the higher the
data rate that can be supported. This, however, comes at the expense of coverage and
capacity, because the spreading gain is reduced (a coverage limitation) and the number
of OVSF codes are limited (a capacity limitation). Fast closed loop power control is
employed to ensure that the target Signal-to-Interference Ratio (SIR) is maintained, as
needed, to sustain a required Block Error Rate (BLER). Macro diversity is also supported
for the DPCH with soft handover.
Alternatively, packet data transfer can be supported in the CELL FACH state, using
the FACH channel on the DL and the Random Access Channel (RACH) on the Uplink
(UL). The FACH is a common channel transmitted on the Secondary Common Control
Physical Channel (SCCPCH), which employs a ﬁxed length OVSF code with a spreading
factor conﬁgurable from 4 to 256. Because it generally must be received by all UEs in
a cell’s coverage area, a relatively high spreading factor (128 or 256) is employed. As
a result, only relatively low data rates are supported, 4 to 16 kbps. Macro diversity is
not supported and the channel operates with a ﬁxed (or slow changing) power allocation.
Although multiple SCCPCH channels could be deﬁned per cell to increase the capacity,
the lack of any macro diversity or fast power control would render this inefﬁcient.
WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects
 2006 QUALCOMM Incorporated
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Table 7.1 Comparison summary among CELL DCH, CELL FACH, and HSDPA
Mode
Channel type
Power control

Soft handover
Suitability for
bursty trafﬁc
Data rate

CELL DCH

CELL FACH

HSDPA

Dedicated
Closed inner loop:
1500 Hz
Slow outer loop
Allowed
Poor

Common
None

Common
Fixed power with link
adaptation

Not allowed
Good

Not allowed
Good

Medium (limited
to 384 kbps)

Low (limited to 4 to
16 kbps in practical
deployment)

High (theoretically up to
14 Mbps depending
on channel condition
and UE category)

Release 99 deﬁned a third technique for DL packet data for bursty, low-duty-cycle data:
the DSCH. This common channel, transmitted on the Physical Downlink Shared Channel
(PDSCH), is always associated with a DCH. Many users share a common, variable spreading factor, with assignments controlled by Physical Layer signaling. Multicode operation
is also possible, enabling data rates higher than with the DCH alone. Although the DSCH
has been implemented in commercial TDD networks, there have been no such implementations in Release 99 FDD systems and the technique was removed from the speciﬁcations
completely in 2005 for Release 5. Table 7.1 summarizes the main Release 99 as well as
HSDPA DL data transfer modes.
There are two motivations for deploying HSDPA, both associated with the limitations
of using either CELL DCH or CELL FACH for packet data applications. The ﬁrst is peak
data rate. Although Release 99 allows for data rates of up to 2.0 Mbps (with DSCH), it
has only been implemented with a maximum DL data rate of 384 kbps (with DCH), usually with limited coverage and capacity as highlighted in Chapters 2 and 3, respectively.
Although this data rate is adequate for many existing applications, the substantial ongoing
growth in data services implies an increasing demand for high-data-rate, content-rich, multimedia services. HSDPA addresses this need by offering signiﬁcantly higher peak data
rates than Release 99, theoretically up to 14 Mbps for a fully capable user equipment
(UE) (category 10).
The second and most signiﬁcant advantage of HSDPA compared to Release 99 relates
to cell capacity. The previously stated inability to use CELL FACH for any signiﬁcant
data transfer means that dedicated resources must be employed to meet the demands of
majority of packet data applications. However, the use of dedicated resources is inherently inefﬁcient for many applications (see Chapter 5) where the demand is of a rapidly
changing, bursty nature.
For the DCH, ﬁrst consider code tree management where each DCH uses a single OVSF
code. Shorter codes are used for higher data rates and longer codes for lower data rates.
When an OVSF code of a particular length is employed, all longer codes derived from
it become unavailable [2]. Shorter codes above the assigned code on the same branch
of the tree are also unavailable. This limits how many simultaneous users a given cell
can support. The lack of codes could be addressed using a secondary scrambling code,
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but this introduces nonorthogonality between channels that limits capacity from a power
point of view.
For example, consider a 384 kbps bearer that uses an OVSF code with a spreading factor
of 8. As discussed in Chapter 3, this limits the maximum number of simultaneous users to
seven after the minimum required DL common channels (CPICH, PCCPCH, SCCPCH,
AICH, and PICH) are accounted for. Under this limitation, channel switching should be
used to ease the OVSF code space limitation and thus the capacity limitation, but only if
users do not require continuous data transmission. Typical deployments introduce further
limitations, admission control, code space, UL interference, and DL power reduces the
capacity to two to three simultaneous packet switched (PS) 384 Radio Bearers.
Even when used, the effectiveness of channel switching limits the overall achievable
efﬁciency. Two factors affect this: the time taken to switch rate or type, and the event or
measurement that triggers the change. The change itself takes between 80 and 160 ms,
depending on the type of switching and the speciﬁc infrastructure. This is an intrinsic
delay, caused by the message exchange and the 40 ms Transmission Time Interval (TTI)
of the Signaling Radio Bearers (SRBs), apparent regardless of the sensitivity of the trigger
used to initiate the switch. Single or multiple events or measurements can trigger the
change, including UE measurement reports, DL data buffer occupancy, network inactivity
timers or Node B code/power usage. For a packet data application with a predominantly
bursty trafﬁc proﬁle, the reactive nature of these triggers–along with the time to complete
the change–makes high utilization difﬁcult to achieve without affecting user perception.
In contrast, HSDPA addresses the slow channel switching, rate or type, by using a
common channel for data transfer along with Node B scheduling. In this implementation
the Node B, not the Radio Network Controller (RNC), is responsible for scheduling
a set of high-speed channels among multiple users. This allocation uses a 2 ms TTI,
signiﬁcantly smaller than those available in Release 99. This rapid scheduling of shared
resources is well suited to the bursty nature of packet data.
Another Release 99 capacity limitation relates to the coding and modulation scheme
employed with DCH dedicated resources. For modulation, a single Quadrature Phase
Shift Keying (QPSK) option is available, where one modulation symbol represents two
information bits. Forward Error Correction (FEC) using R = 1/2 or R = 1/3 convolution,
or R = 1/3 turbo coding, is allowed, although the latter is always employed for higher
rate data services because of its greater efﬁciency. Both these factors can be restrictive,
especially in good radio conditions where employing higher order modulation or higher
coding rates could signiﬁcantly increase spectral efﬁciency. HSDPA addresses both these
issues by allowing 16-QAM modulation (where one modulation symbol represents four
information bits) and effective coding rates between R = 1/3 and close to the theoretical
limit of R = 1. In HSDPA, modulation and coding are adapted to the channel condition.
This requires accurate and recent knowledge of the channel condition, which is achieved
with fast feedback from the UE to the Node B scheduler of a so-called Channel Quality
Indicator (CQI). For HSDPA, Adaptive Modulation and Coding (AMC), often referred to
as link adaptation, replaces fast power control.
The limitation of the power control mechanism employed for Release 99 DCHs relates
to the relatively slow outer loop. The fast inner loop varies the Node B transmit power
at a rate of 1500 Hz so that a DL target SIR is achieved. The outer loop then varies the
SIR target based on the achieved BLER. Different radio conditions produce different SIR
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to BLER mappings. The frequency and manner in which the SIR target is changed can
result in a waste of resources. The rate at which the SIR target is changed is not deﬁned
in the speciﬁcations but will clearly be a much slower rate than the inner loop.

7.2 HSDPA Concepts
Figure 7.1 illustrates a basic functional overview of HSDPA. For HSDPA, four new channels are deﬁned [3]. The Data payload is carried on a transport channel called the High
Speed Downlink Shared Channel (HS-DSCH), which operates on a ﬁxed TTI of 2 ms.
At the Physical Layer, the HS-DSCH is mapped onto the High Speed Physical Downlink Shared Channel (HS-PDSCH). This common channel, which is capable of multicode
transmission, is shared among users by employing a combination of time and code division
multiplexing. Scheduling and control information relating to each HS-PDSCH transmission is communicated to a UE on one of several possible High Speed Shared Control
Channels (HS-SCCH). During each 2 ms TTI, a single HS-SCCH carries control information for one UE. Therefore, the number of necessary HS-SCCH channels is deﬁned by
the number of UEs that will have concurrent HS-PDSCH transmissions.

Iu
RNC
Iub

Iub
Node B

R99 DPCHs

HS-PDSCHs
HS-SCCH set
HS-DPCCH
Node B
HS-DSCH
serving cell

Figure 7.1

HSDPA functional overview
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Node B
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RNC

Physical Channel: HS-PDSCH
Carries the Transport Channel
HS-DSCH

Physical Control Channel: HS-SCCH
Multiple HS-SCCH can be defined at
Node B level, UE should be capable of
monitoring up to 4
Physical Control Channel: HS-SCCH
Physical Control Channel: HS-DPCCH

The Release 99 Physical Channel (DPCH)
carries the Release 99 transport channel (DCH)

Figure 7.2 HSDPA-related channel mapping

On the UL, Release 5 introduces a new Physical Layer channel called the High
Speed Dedicated Physical Control Channel (HS-DPCCH). Each UE operating in HSDPA
mode has a single HS-DPCCH, which carries a positive or negative acknowledgment
(ACK/NAK) of a transmitted HS-DSCH data transmission and also the CQI report that
informs the Node B scheduler of the quality of the channel. Figure 7.2 shows the mapping
of transport and physical channels.
The functional overview illustrates the fact that, in this example (Figure 7.1), the UE is
in soft handover with two Release 99 DPCHs. For HSDPA to function, a UE must always
be in CELL DCH (associated DCH hereafter), notably to carry the UL user payload and
to transfer the Layer 3 signaling. Furthermore, there is no soft handover for HSDPA,
meaning that there can only be one serving HS-DSCH cell at any one time. Both of
these factors represent important issues for HSDPA dimensioning and performance. Their
impact is discussed in more detail in upcoming sections.
7.2.1 Common Channel with Multicode Operation
HSDPA achieves high data rates by allocating multiple codes to a single user. In
Release 99 a single, dedicated OVSF code is allocated to each user with a spreading
factor dependent on the required data rate. HSDPA allocates codes with a ﬁxed spreading
factor of 16 to either a single or multiple users. A code set, between 1 and 15 SF16 OVSF
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codes, can be reserved for HS-PDSCH transmissions. An additional feature of HSDPA is
that both the HS-DSCH and the HS-PDSCH operate with a 2 ms TTI, compared to the
minimum 10 ms TTI employed with Release 99.

7.2.2 Adaptive Modulation and Coding
In Release 5 for the HS-PDSCH, AMC replaces power control. For Dedicated Mode in
Release 99, fast power control is used so that a target SIR is met, but with a relatively slow
outer loop adjusting the target based on a required BLER. As a result of this mechanism, a
progressively larger proportion of the total available PA power is allocated to a user when
the distance from the serving cell increases, the interference increases, or the propagation
conditions worsen. The total power available for one user is constrained, however, so the
highest data rates are not offered over the complete cell coverage area for all geometry (c.f.
Section 4.2.3). This prevents a single, high-data-rate user at the cell edge from utilizing
all the available power and hence all DL capacity. Down-switching (384 kbps to 128 kbps
to 64 kbps, for example) is generally employed to enable continuous PS data service.
In HSDPA, a relatively ﬁxed power allocation is employed while both the modulation
scheme and the effective coding rate are adapted to the prevailing RF conditions. In
contrast to Release 99, this results in an achieved data rate that varies dynamically over the
coverage area of the cell, depending on the condition of the radio channel. The advantage
of this technique over power control is that it more effectively utilizes resources on the
basis of the current channel conditions, overcoming the inherent slow nature with which
the target SIR is adjusted in Release 99.
For modulation, Release 99 offers only QPSK, where two information bits are represented by a single modulation symbol. HSDPA offers both QPSK and 16-QAM modulations. 16-QAM doubles the data rate as compared to QPSK, by representing four
information bits per modulation symbol. While advantageous, 16-QAM’s application is
limited to areas with good RF conditions, because accurate magnitude information and
phase information are both required to correctly discern the position of the symbol in
the resulting constellation. Figure 7.3 shows the difference between QPSK and 16-QAM
modulations.

2 bits

Modulator
(QPSK)

3.84 Mcps

Spreading

4 bits

Modulator
(16-QAM)

3.84 Mcps

Spreading

Figure 7.3 Conceptual representation of QPSK and 16-QAM modulations
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For FEC, Release 99 employs R = 1/3 turbo coding for higher data rates. The output
of the encoder consists of systematic bits (the original input data bits) and two sets of
parity bits. Thus, each input information bit yields three output bits. In Release 5, R = 1/3
turbo coding remains the basis of FEC but Hybrid Automatic Repeat Request (HARQ) is
also implemented. HARQ combines FEC with ARQ, resulting in a technique that allows
a wider range of effective coding rates by enabling the transmission of only some of the
coded information, if desired. A two-stage rate-matching procedure allows coding rates
close to unity, this being necessary to achieve the maximum theoretical HSDPA data rate.
Another key aspect of HSDPA is that the UE saves information from previously failed
decoding attempts, then combines it with retransmissions for future decoding. A ﬁrst
transmission could consist of predominantly systematic bits, with later retransmissions
sending redundant information if the ﬁrst transmission fails. As shown in Figure 7.4, two
types of HARQ schemes are supported:
• Chase. Each transmission is self-decodable; therefore, the systematic bits are always
prioritized. This makes it possible to achieve a time diversity gain whereby the same
coded packet could be transmitted many times.
• Incremental redundancy. Parity bits are prioritized with retransmissions, such that
additional redundant parity information is transmitted if decoding is unsuccessful on
the previous attempt.
Systematic bits

User data

Turbo coder

Parity 1 bits
Parity 2 bits

Tx 1: Systematic bits

Tx 2: Systematic bits

Tx 1: Systematic bits

Chase
combining
HARQ

Tx 1: Parity 1 bits
Tx 1: Parity 2 bits

First decoding:
decoding is attempted
from systematic bits and
transmitted parity bits.
Not all parity bits are
transmitted.

Tx1: Parity 1 bits

Tx 2: Parity 1 bits
Tx1: Parity 2 bits

Second decoding:
decoding is attempted
from systematic bits and
transmitted parity bits.
Soft combining of the
received bits are used
for decoding attempts.

Tx 2: Parity 2 bits

Tx 1: Systematic Bits

Incremental
redundancy
HARQ

Figure 7.4

Tx 1: Systematic bits

Tx 1: Parity 1 bits

First decoding:
decoding is attempted
from systematic bits and
eventual parity Bits.

Tx 2: Parity 1 bits

Tx 2: Parity 2 bits

Second decoding:
decoding is attempted
from systematic bits
(initial Tx) and parity
bits from following
transmission.
Parity bits may be
different during each
transmission.

Conceptual description of chase and incremental redundancy HARQ
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The proprietary scheduling algorithm of the Node B determines the type of HARQ
scheme employed on each retransmission, which is signaled to the UE on the HS-SCCH
by the Redundancy Version (RV) parameters s and r.
7.2.3 Fast Scheduling and Retransmissions
A key aspect of AMC described above is the ability of the scheduler to respond quickly to
changes in radio channel conditions. To enable this, Release 5 makes a signiﬁcant change
to the protocol stack. In Release 99, Radio Resource Control (RRC), Radio Link Control
(RLC), and Medium Access Control (MAC) all terminate at the RNC. The Release 5
speciﬁcation [4] deﬁnes a new MAC sub-layer called MAC-hs, which terminates at the
Node B. MAC-hs works in conjunction with the MAC-d entity at the RNC, the latter
mapping user data from logical DTCH channels to MAC-d ﬂows. These arrive at MAChs located in the Node B, which then routes the data to priority queues. Figure 7.5 shows
the components of the MAC-hs entity.
The scheduler is responsible for taking data from each priority queue and assigning it
to an individual HARQ process. There can be up to eight HARQ processes associated
with a single UE. Multiple processes are necessary to ensure that a continuous stream of
information can be transmitted to the UE. The scheduler determines the amount of data
sent, on the basis of the CQI report along with the number of codes and power available
for HS-PDSCH transmission. The choice of modulation scheme also affects the amount of
data that can be sent. Figure 7.5 also shows the reception of the ACK/NAK by the HARQ
processor and scheduler. Although each UE makes a synchronized acknowledgment of a
HS-PDSCH transmission, the timing of retransmissions is not standardized; the scheduler
decides if and when to retransmit any NAK’ed data.
MAC-d Flows

...

MAC-hs

...

Queue
distribution

Priority
queue

...

Priority
queue

Resource
availability

...

Queue
distribution

Priority
queue

...

Priority
queue

Scheduler

HARQ processes

CQI

ACK/
NACK
Signaling on
HS-DPCCH

HS-DSCH

Signaling on HS-SCCH

Figure 7.5 Node B MAC-hs architecture
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HSDPA channel timing diagram

To understand the impact of Node B scheduling, consider the HSDPA timing diagram
shown in Figure 7.6, which illustrates the relationship between the UL and DL Physical
Layer channels. The timing is based on a time interval of 2 ms, corresponding to 3 slots.
Figure 7.6 illustrates the following steps:
Step 1. When the UE enters the HS state, it starts transmitting a CQI report based on
the measured channel quality. This is transmitted on the HS-DPCCH with any
required ACK/NAK from a previous transmission, if applicable. In most implementations, when the UE ﬁrst enters the HS state, the Node B will not schedule
the UE until a CQI is received.
Step 2. Also, as the UE enters the HS state, it starts decoding the HS-SCCH. The Node B
scheduler decides to send data to a UE and sends control information on the HSSCCH. This transmission tells the UE that it has been scheduled and also provides
the information necessary for the UE to demodulate and attempt to decode the
data transmission. The timing position of the HS-SCCH transmission shown is
the fastest that data could be scheduled while taking into account the CQI report
shown in Step 1.
Step 3. During subframe 3, the data payload itself is transmitted from 1 through 15
HS-PDSCH in accordance with the scheduling information transmitted during
Step 2.
Step 4. An ACK or NAK for the transmitted data is generated and sent (along with a CQI
report) on the HS-DPCCH 7.5 slots (5 ms) at the end of the data transmission.
Many of the timing relationships shown are set by the standard. First, the HS-PDSCH
must be transmitted two slots after the start of its control information transmitted on
the HS-SCCH, with the illustrated one-slot overlap. The overlap is possible because the
HS-SCCH has two distinct parts. The ﬁrst (single slot) part tells a single UE which
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OVSF codes to monitor, along with the type of modulation scheme employed. As will be
discussed later, the addressing inherent to part 1 is critical to the optimal performance of
the system. Part 2, which is not received in its entirety until one slot after the start of the
HS-PDSCH transmission, contains the information necessary for the UE to decode the
data, primarily Transport Block Size (TBS), HARQ processes identiﬁcation, redundancy
information, and identiﬁcation of new or retransmitted data.
Second, there is always a synchronized response to a transmitted block of data, with a
UE generating an ACK or NAK 7.5 slots (5 ms) after the end of the data transmission.
However, retransmissions need not be synchronized. If an initial transmission is NAK’ed,
according to the timing diagram shown in Figure 7.6, a retransmission would be possible
12 ms after the original transmission, at the earliest, if the scheduler waits to receive
the entire HS-DPCCH transmission. It is up to the scheduler, though, to decide on the
timing of retransmissions. This must be considered along with the role of HARQ. Each
HS-PDSCH transmission is associated with a single HARQ process. To support consecutive assignments of data, multiple processes are required–a minimum of six to achieve
the theoretical maximum data rate, assuming the 12 ms round trip time described above.
However, the speciﬁcation [4] deﬁnes that up to eight HARQ processes can run simultaneously for a single UE. Therefore, when a UE sends a NAK, this allows up to 16 ms
for the reception of a NAK for retransmission after the original transmission. In addition,
multiple HARQ processes can manage multiple data ﬂows with differing priorities and
still achieve the maximum theoretical data rate.
The Node B deﬁnes the frequency of the CQI report. The report itself is based on a
three-slot measurement period that ends one slot before the start of the report transmission. This introduces a nominal offset of 6 ms between the beginning of the measurement
and its reporting. The report is a ﬁve-bit number taking values 0 through 30, which is an
index for a table in which each row corresponds to a requested Transport Format Resource
Combination (TFRC). The TFRC includes a TBS deﬁning the data rate that the UE can
support. The CQI is further deﬁned as the TBS that can be supported with a BLER no
greater than 10% [5]. Because of the limited number of reporting bits, different CQI index
tables are deﬁned in Ref [5] for the different UE capabilities. Table 7.2 summarizes these
for UE categories 1 through 10. With the maximum TBS and an assumed inter-TTI, the
supported data rate can be calculated from the following equation:
Supported data rate [bps] =

TBS [bits]
TTI [sec]

(7.1)

This calculation does not consider the number of HS-PDSCH channels, since the entire
transport block is transmitted over the code set, not per code.
Table 7.2 and equation 7.2 suggest that the maximum bit rate that a category 10 UE
(the highest capability) would support is 12.8 Mbps, signiﬁcantly less than the theoretical
maximum of 14.4 Mbps. However, the actual TBS sent would ultimately be left to the
scheduler, up to a maximum of 27952 or 14.0 Mbps [4]. The differences among the 12
different types of UE categories will be examined in Table 7.7.
Another important aspect of CQI reporting is that it is implementation-dependent because
the speciﬁcations do not deﬁne how the Node B processes the reports. Consequently, the
Node B scheduler does not have to react to an individual report and may use a ﬁltering
algorithm that considers their variation. For example, the scheduler could be more or less
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Table 7.2 CQI index for UE categories 1 through 10
CQI
value

Transport block size, per UE category
Cat. 1-6

Cat. 7-8

Cat. 9-8

Cat. 10

0
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20
21
22
23

NA
137
173
233
317
377
461
650
792
931
1262
1483
1742
2279
2583
3319
3565
4189
4664
5287
5887
6554
7168
7168

NA
137
173
233
317
377
461
650
792
931
1262
1483
1742
2279
2583
3319
3565
4189
4664
5287
5887
6554
7168
9719

NA
137
173
233
317
377
461
650
792
931
1262
1483
1742
2279
2583
3319
3565
4189
4664
5287
5887
6554
7168
9719

NA
137
173
233
317
377
461
650
792
931
1262
1483
1742
2279
2583
3319
3565
4189
4664
5287
5887
6554
7168
9719

24

7168

11418

11418

11418

25

7168

14411

14411

14411

26

7168

14411

17300

17300

27

7168

14411

17300

21754

28

7168

14411

17300

23370

29

7168

14411

17300

24222

30

7168

14411

17300

25558

Number of codes
(HS-PDSCH)

Modulation

HSDPA not supported
1
QPSK
1
QPSK
1
QPSK
1
QPSK
1
QPSK
1
QPSK
2
QPSK
2
QPSK
2
QPSK
3
QPSK
3
QPSK
3
QPSK
4
QPSK
4
QPSK
5
QPSK
5
16-QAM
5
16-QAM
5
16-QAM
5
16-QAM
5
16-QAM
5
16-QAM
5
16-QAM
5-Cat. 1 to 6;
16-QAM
7-All other Cat.
5-Cat. 1 to 6;
16-QAM
8-All other Cat.
5-Cat. 1 to 6;
16-QAM
10-All other Cat.
5-Cat. 1 to 6;
16-QAM
10-Cat. 7 or 8;
12-Cat. 9 or 10
5-Cat. 1 to 6;
16-QAM
10-Cat. 7 or 8;
12-Cat. 9; 15-Cat. 10
5-Cat. 1 to 6;
16-QAM
10-Cat. 7 or 8;
12-Cat. 9; 15-Cat. 10
5-Cat. 1 to 6;
16-QAM
10-Cat. 7 or 8;
12-Cat. 9; 15-Cat. 10
5-Cat. 1 to 6;
16-QAM
10-Cat. 7 or 8;
12-Cat. 9; 15-Cat. 10
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aggressive in the TFRC that it chooses for a particular transmission, depending both on the
most recent value and on the recent rate of change of the report.

7.3 HSDPA Planning
7.3.1 HSDPA Deployment Scenarios
Deployment strategy is a key consideration for implementing HSDPA. This section examines three distinct deployment scenarios:
• One-to-one overlay
• Single carrier shared between Release 99 and HSDPA
• Deployment in hotspots
7.3.1.1 Scenario 1: One-to-One Overlay
When an operator has an existing operational Release 99 network, HSDPA technology
will likely be deployed initially as a one-to-one overlay to existing sites, either in the
entire network or in a selected area (Figure 7.7).
This approach makes an incrementally efﬁcient use of spectrum for PS services, as
HSDPA-capable devices are gradually introduced into the market and existing Release 99

F2: Network
expansion
HSDPA

F1: Existing
Release 99
network

Idle Mode mobility:
reselection per
existing network
settings

Access to CELL_DCH:
per existing network
setting, call directed to
F1 through (re)
configuration

Connected Mode mobility,
CELL_DCH: handover per
existing network setting within F1

Access to HS: per
existing network
setting, call directed to
F2 through
(re)configuration

Connected Mode mobility, HS:
handover (associated DCH) and
cell change (HS) within F2.
At F2 boundary, call reconfigure
to CELL_DCH on F1.

Figure 7.7 HSDPA deployment with a one-to-one overlay
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PS users migrate to HSDPA. Ultimately, all PS trafﬁc–using HS–would move to a single
carrier, with the initial carrier being used only for circuit switched (CS) trafﬁc. At ﬁrst,
this type of deployment makes limited use of the HSDPA carrier, but does not cause any
signiﬁcant impact on Release 99 users. Such a deployment also signiﬁcantly reduces the
need to manage mobility in both Idle and Connected Modes, because users, regardless of
their capabilities, can use the schemes already in place on the initial carrier. The handdown to the HS carrier can be done easily by reconﬁguring the Physical Channel when
the HSDPA-capable users are moved to the HS state, with no impact on the legacy users.
7.3.1.2 Scenario 2: Single Carrier Shared Release 99 and HSDPA
In the early stages of a one-to-one overlay, spectrum is used relatively inefﬁciently. To
avoid this, a second deployment scenario shares the initially deployed single carrier among
all types of trafﬁc (CS and PS, CELL DCH, and HS) (Figure 7.8). In this scenario, it is
important to estimate the impact on both the new HS-capable and legacy UE and the trafﬁc
domain. Also, management of the OVSF code tree and HPA power allocations becomes
important. Not only does HSDPA use more of these resources but also implementationdependent issues may exist.
For example, the speciﬁcations do not deﬁne the question of how HPA power is
allocated to HSDPA. One infrastructure may require that HSDPA power be ﬁxed as a
percentage of the total, while another may dynamically allocate power rapidly on the basis
of usage by other services. The ﬁxed power allocation beneﬁts HSDPA users, because
a minimum cell edge throughput can be planned, as Section 7.3.3 will discuss. Because
available power is arbitrarily limited, however, this setting may limit the capacity for

F1: Existing
Release 99 network
HSDPA deployed
over selected cells
on F1

Idle Mode mobility:
reselection per
existing network
settings

Access to CELL_DCH:
per existing network
setting

Connected Mode mobility,
Cell_DCH: handover per existing
network setting

Access to HS: per
existing network
setting

Connected Mode mobility, HS:
handover (associated DCH) and
cell change (HS).
At HS boundary, call
reconfigured to CELL_DCH.

Figure 7.8 HSDPA deployment with carrier sharing between Release 99 and HSDPA
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legacy trafﬁc. On the other hand, a dynamic power allocation may leave little power
available for HS users, limiting performance and thus impeding the commercial uptake of
the technology. In either case, the OVSF code tree management will likely limit the maximum data rate available to an HS user. Mobility management here is simple, because
it relies exclusively on the existing Release 99 network settings. The only additional
issue is reconﬁguring the HS users in CELL DCH when they reach the boundary of the
HS-enabled cells. However, this applies to all deployment scenarios.
7.3.1.3 Scenario 3: Deployment with Hotspots
Another deployment alternative to the one-to-one overlay is to deploy HSDPA only in
hotspot conﬁgurations, where smaller, localized high-demand areas are served by microcells or picocells (to a greater extent than in a typical macro network), or by dedicated
in-building systems (Figure 7.9).
The hotspot scenario offers the following advantage: its radio environment, with generally higher cell geometry and lower multipaths, enables increased 16-QAM modulation
and higher coding gains. These factors produce signiﬁcantly higher available peak data
rates and improved spectral efﬁciency for HSDPA compared to a macro environment
deployment. The disadvantage of this approach centers on controlling the transition of
the HSDPA-capable users between macro- and micro-layers.
As mentioned in Chapter 2, using Hierarchical Cell Structure (HCS) in WCDMA is
impractical when a single carrier is used, which limits deployment options for microcells
and picocells. Accordingly, the most appropriate hotspot deployments would be over a
dedicated frequency, with either HS only or shared HS and Release 99 selected. Sharing
the frequency ensures similar coverage for both CS and PS trafﬁc, but this comes at

F1: Existing
Release 99
network

F2: Shared between
Release 99 and
HSDPA traffic

Idle Mode mobility:
inter-frequency
reselection should be
enabled in area where
hotspots are present

Access (CELL_DCH
or HS): per existing
network setting, calls
are not redirected but
left on the access
carrier

Connected Mode mobility,
CELL_DCH: inter-frequency
handover should be enabled on
both carriers

Connected Mode mobility, HS:
at F2 boundary, call reconfigured
to CELL_DCH on F1

Figure 7.9 HSDPA deployment in hotspots
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the expense of throughput for the HSDPA-capable PS users. Capacity management is
less critical in this case because the improved channel conditions also improve overall
capacity. Mobility management can be achieved relatively easily through inter-frequency
reselection or handover, as discussed in Chapter 4. On the other hand, if a dedicated HS
carrier is deployed in the hotspots, mobility management is signiﬁcantly affected. The UE
would need to camp on the macro network and be directed to the HS carrier only when
activating HS service. The main drawback is that, in indoor environments notably, HS
could only be enabled for users that have service on the macro network.
When a dedicated carrier is used for HSDPA operation, the associated DCH will always
be carried on the HSDPA carrier. The DCH channel carried by the Release 99 carrier
would be the one for CS or legacy PS trafﬁc.
7.3.1.4 Deploying HSDPA
Clearly, both technical and business factors inﬂuence how an operator chooses to deploy
HSDPA. The overlay and hotspot conﬁgurations described above offer advantages for
speciﬁc situations, but these come with associated performance issues. From a technical perspective, consider the following issues when beginning to plan for an HSDPA
deployment:
• Existing Release 99 network. What is the extent of coverage? How deep is it in terms
of in-building penetration?
• Existing Release 99 service mix. What is the breakdown of the current usage between
the offered CS and PS services?
• Available spectrum. How many carriers are available? What costs and issues are
associated with upgrading to a multicarrier network?
• Planned HSDPA services. What PS services will be offered once HSDPA is deployed?
How do these differ from those offered with Release 99? What average HSDPA rates
will be available to the users? What percentage of PS trafﬁc will be supported on
Release 99 and HSDPA?
• Expected HSDPA user mobility. What is the predominant mode in which the HSDPA
users will operate? Will it be stationary in-building (with laptop data cards), or mobile
(pedestrian or vehicular)?
Initial analysis should focus on the existing network deployment. The network’s current utilization and any planned future expansion both determine how to deploy HSDPA.
Initially, deploying HSDPA on the same carrier as existing Release 99 services is costeffective. As HSDPA usage increases, however, the quality of existing services may
eventually degrade, as the HSDPA users demand more of the available power. To assess
the impact of sharing HSDPA with current users, the dimensioning should consider both
the current network and the planned PS trafﬁc that HSDPA will support. In this process,
it is important to keep in mind that many deployed Release 99 networks support signiﬁcant circuit switched services, in the form of 12.2 kbps AMR voice and 64 kbps circuit
switched video-telephony. Demand and usage for these will likely be unaffected with
the introduction of HSDPA; therefore, both current and predicted CS loading should be
considered. Another PS trafﬁc issue is the impact of existing PS users who migrate to
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HSDPA. The increased available data rates, plus any change in billing rate could affect
demand patterns and must be considered.
User mobility and distribution also play a key role in HSDPA deployment and in assessing its relative beneﬁt. HSDPA offers 16-QAM modulation, which doubles throughput as
compared to QPSK. As discussed previously, the stronger modulation and higher coding
gains possible with HSDPA are best suited to scenarios where the UE has line of sight
to the Node B and the propagation conditions are characterized by a strong dominant
path. As a result, HSDPA offers signiﬁcantly higher spectral efﬁciencies if deployed in
a microcell environment. Therefore, when planning the deployment, examine the predominant mode of operation and location of the HSDPA users as this may inﬂuence the
scenario choice.
7.3.2 HSDPA Link Budget
After quickly reviewing the CELL DCH Link Budget concept detailed in Chapter 2, this
section discusses HSDPA Link Budgets, their detailed parameters, and an example of
such a Link Budget. For HSDPA planning, the CELL DCH Link Budget should always
be considered ﬁrst. This is because HS operation requires the simultaneous assignment
of DCH channels, notably to carry signaling and UL user payload. As a result, the
CELL DCH Link Budget deﬁnes the extent of the coverage, while the HSDPA Link
Budget deﬁnes the maximum user throughput at this deﬁned edge of coverage. More
speciﬁcally, the coverage will be limited by the UL Link Budget for PS 64. On the
DL, a low data rate would be required on the associated Release 99 DCH because only
signaling has to ﬂow through this Radio Bearer: SF256 would be sufﬁcient to support the
SRB at 3.4 kbps.
7.3.2.1 Downlink Budget Key Concepts
One of the key initial steps in planning any radio network is generating a Link Budget
for the UL and DL. As shown in Chapter 2, this generally involves accounting for all
the gains and losses in the system, then determining a Maximum Allowable Path Loss
(MAPL) for each service. In turn, the coverage area associated with each service can be
determined, followed by the number of Node Bs necessary to meet a predeﬁned coverage
objective. Two inputs to a Release 99 DL Link Budget are also vital when deﬁning an
HSDPA Link Budget:
• Maximum DPCH Ec /Ior . Ec /Ior represents the fraction of the total transmitted HPA
power (Ior ) used for a given service (Ec for the code or channel or code set). Its
maximum value is the upper limit of power that can be allocated to a single Trafﬁc
Channel for a particular service, when the HPA is transmitting at its rated maximum
power. As this maximum is increased, the MAPL and, hence, the coverage area for a
particular service also increases. Ec /Ior could be set at any value within the limits of
the HPA but is normally set so that higher data rate services have a smaller coverage
area than lower rate services. This permits acceptable capacity to be obtained across a
cell so that, for example, a single high-rate user at the cell edge does not exhaust all
available power.
• Cell geometry: Îor /Ioc . In terms of the cell geometry, Ioc is the spectral density of all
channels of all cells that a UE is not connected to. Effectively, it represents interference.
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Iˆor is the spectral density of the signal from the target cell but also includes cells that
the UE is in soft handover with. Conceptually, therefore, cell geometry is the deﬁned
SIR at the UE.
Following Ref [6] and as shown in equation 2.7 (Chapter 2), both of these parameters
deﬁne the achieved DPCH Eb /Nt at the cell edge and hence whether the required Eb /Nt
is met at the chosen operating point. In equation 2.7, the only other variables are β, the
combining gain due to soft handover, and ai , which represents the weighting factors of
each path of the chosen channel model, such that:
N


ai2 = 1

(7.2)

i=1

Once the DPCH power allocation and cell geometry are ﬁxed and an adequate Eb /Nt
has been achieved, the effective receiver sensitivity (RX sens ) can be calculated. Initially,
this involves calculating the sensitivity without considering interference. The median
maximum path loss can then be calculated by taking the difference between this value and
the maximum DPCH EIRP. The total power received from the serving cell is calculated by
subtracting this path loss from the total cell EIRP. Dividing this calculated absolute power
by the spreading bandwidth of 3.84 MHz yields Iˆor . The absolute other-cell interference
Ioc can thus be determined from the deﬁned ratio of Iˆor /Ioc . Finally, the effective receiver
sensitivity RX sens can be calculated such that:
RX sens = (Iˆor + Ioc ) × (Eb /Nt )achieved × R

(7.3)

where, R is the information rate.
Once RX sens is calculated, the MAPL can be determined by subtracting this value from
the maximum DPCH EIRP and factoring in the propagation components associated with
the transmit and receive chains.
The role of the maximum DPCH Ec /Ior and cell geometry in the Link Budget deﬁnition
for Release 99 is signiﬁcant. For an HSDPA Link Budget, these two variables remain
equally important. However, compared to Release 99, a number of substantial differences
exist, as the following section explains. The basic principle of DL modeling is the same,
though, with interference from adjacent cells and power allocation controlling the available
coverage area. An important consideration for HSDPA is the difference in a cell geometry
compared to Release 99. In Release 99, Iˆor includes the power from all cells in the Active
Set, whereas, in HSDPA, no soft handover is allowed, thus leading to different geometry
between these two cases. This results in noticeably lower cell geometries for HSDPA
than for Release 99, especially in the transition region between adjacent cells where the
absolute coverage (in terms of RSSI) of each cell is similar. As an example, referring
to Table 2.9 in Chapter 2, the geometry degradation between Release 99 channels and
HSDPA could be up to 4.7 dB.
7.3.2.2 HSDPA Link Budget Parameters
HSDPA uses a relatively constant transmission power with fast link adaptation, so the
effective coding rate and modulation scheme are adjusted to account for changes in radio
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conditions. This is fundamentally different from the fast power control with ﬁxed coding and modulation employed in Release 99, where the transmission power is adjusted
to achieve a target SIR. For HSDPA, data rates are distributed throughout a cell coverage area, with their distribution relating to both the distance from the antenna and the
propagation conditions associated with each user. Therefore, in contrast to Release 99
where a DL Budget deﬁnes a MAPL for a speciﬁc service, an HSDPA Link Budget
deﬁnes the achievable data rate either at the cell edge or at any other position throughout
the cell.
In addition to the general propagation parameters necessary for compiling a Release 99
DL Budget as shown in Section 2.3, this section introduces several additional concepts
and parameters that facilitate HSDPA analysis:
•
•
•
•

HSDPA Power Allocation
Ec /Nt to Data Rate Mapping
Operating Margin
Scheduling Gain

Dynamic

Total available cell power

Static

Total available cell power

7.3.2.2.1 HSDPA Power Allocation
For HSDPA Link Budget, the power allocation algorithm inﬂuences the achieved data
rate. The Release 5 speciﬁcations do not deﬁne how power should be allocated for
HSDPA. However, in general terms, either a static or dynamic methodology, as shown in
Figure 7.10, could be applied.
Because HSDPA operates in conjunction with Release 99, both schemes must allocate
sufﬁcient power from the total available cell power for the mandatory common channels
(CPICH, PCCPCH, SCCPCH, PICH, and AICH). In the static scheme, a ﬁxed portion of
total PA power is reserved for the HSDPA, HS-PDSCH, and HS-SCCH channels, with
the remainder available for any of the Release 99 power-controlled DCHs. By contrast,
with dynamic power allocation, HSDPA can utilize the net remainder of HPA power

Dedicated channels (power
controlled)
HS-PDSCHs + HS-SCCHs

Other common channels (not power controlled)

HS-PDSCHs + HS-SCCHs

Dedicated channels (power
controlled)
Other common channels (not power controlled)

Figure 7.10 Possible HSDPA power allocation schemes
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after all necessary power has been allocated to the required common and any Release 99
power-controlled DCHs.
The chosen power allocation scheme is managed within the limits imposed by the speciﬁc UTRAN infrastructure. Different vendors have proposed and implemented different
methods. For example, in Ref [7], the power available for HSDPA is dynamically adjusted
so that the entire power is always utilized. This allows the highest utilization of PA power
but with the disadvantage of a more complex scheduler and admission/congestion control algorithm that must rapidly manage both Release 99 and HSDPA power allocations.
Simpler schemes involving a ﬁxed allocation of power are possible and would be equally
suitable, especially in a situation where HSDPA is deployed alone on a single carrier.
Another factor in a power allocation scheme, in a shared carrier conﬁguration, is the
relative priority of HSDPA services over any existing Release 99 services.
7.3.2.2.2 Ec /Nt to Data Rate Mapping
The next HSDPA-speciﬁc Link Budget item is the Ec /Nt to data rate mapping. As
described in Section 7.3.2.1, a Release 99 DL Budget allows calculation of the MAPL,
and hence the cell coverage area for a speciﬁc service. The DL operating point is set
so that the combination of maximum DPCH Ec /Ior and cell geometry achieves a target Eb /Nt . This is the value required to maintain a speciﬁc BLER for a particular
service in a speciﬁc set of propagation conditions. With HSDPA, a similar situation
exists: a speciﬁc allocation of PA power is reserved for HSDPA with the UE in a speciﬁc location within a cell described by the cell geometry. In the HSDPA Link Budget,
an achieved Ec /Nt (chip-to-total noise and interference ratio) is determined, in contrast
to determining the achieved Eb /Nt (information bit-to-noise and interference ratio) in
Release 99. This difference illustrates the fact that the actual information rate is not yet
deﬁned.
The achieved Ec /Nt relates to an achievable data rate based on the TBS, the modulation scheme, and the coding that could be supported successfully in the deﬁned
interference environment. Obviously, this depends on the implemented receiver architecture. Figure 7.11 shows an example of achievable data rate with the achieved Ec /Nt
determined through a link-level simulator. These values were derived from a receiver performance model that assumed AWGN propagation conditions with a full capability UE.
Any HSDPA Link Budget requires a set of such curves or lookup tables, corresponding
to each UE (both manufacturer and capability) that a network will support.
As stated above, the curve shown in Figure 7.11 assumes an AWGN environment. In
an actual deployment, the radio environment varies dramatically throughout the coverage
area of a cell. The mapping of achievable data rate to achieved Ec /Nt depends on both the
multipath delay proﬁle and the speed of the UE. To account for this in the Link Budget
developed here, the concept of Sub-Packet Error Rate (SPER) is introduced. This is the
achieved BLER of HS-PDSCH transmissions when the modulation and coding inferred
from the curve in Figure 7.11 are applied. The curve shows the Physical Layer data rate
with the SPER deﬁning how many retransmissions would be necessary.
7.3.2.2.3 Operating Margin
AWGN generally represents the most favorable propagation condition. To account for less
favorable conditions, an operating margin is deﬁned. This offsets the operating point of
the Ec /Nt by an amount designed to optimize a ﬁxed number of retransmissions. The
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Figure 7.11 Sample Ec /Nt to data rate mapping

operating margin is subtracted from the achieved Ec /Nt , and the resultant effective Ec /Nt
value is used to select a TBS that maps to a Physical Layer data rate. With this technique,
different operating margins can be adopted to reﬂect either conservative or aggressive
strategies. An aggressive strategy, with a small or negative margin, would allocate less
power per information bit, thereby achieving a relatively high Physical Layer data rate
but with many retransmissions. A conservative approach with a large or positive margin
would allocate more power per information bit, resulting in a lower Physical Layer data
rate but with fewer retransmissions.
Table 7.3 shows an example of how SPER varies with both operating margin and channel model. The channel models [8] shown in Table 7.4 are the standard ITU models: PA3
and PB3 correspond to Pedestrian A and B multipath proﬁles, respectively, at 3 km/hr;
VA30 and VA120 correspond to Vehicular A multipath proﬁle at 30 km/hr and 120 km/hr,
respectively. The operating margins shown are optimum values that enable the decoding
of a packet in either one or two transmissions for a low velocity channel, and correspond
to 1.3 dB for one transmission (operating margin 1) and −2.2 dB for two transmissions
(operating margin 2).
Table 7.3 Variation of SPER with channel model and
operating margin
Channel model

PA3
PB3
VA30
VA120

Sub-Packet Error Rate (SPER)
Operating
margin 1 (%)

Operating
margin 2 (%)

8
30
30
30

40
60
60
60
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Table 7.4 Channel models considered for HSDPA evaluation
ITU Pedestrian A ITU Pedestrian B ITU Vehicular A ITU Vehicular A
speed 3 km/hr
speed 3 km/hr
speed 30 km/hr speed 120 km/hr
(PA3)
(PB3)
(VA30)
(VA120)
Multipath
proﬁle

First (reference) path
Second path
Third path
Fourth path
Fifth path
Sixth path

Relative Relative Relative Relative Relative Relative Relative Relative
delay
mean
delay
mean
delay
mean
delay
mean
[ns]
power
[ns]
power
[ns]
power
[ns]
power
[dB]
[dB]
[dB]
[dB]
0
110
190
410
NA
NA

0
−9.7
−19.2
−22.8
NA
NA

0
200
800
1200
2300
3700

0
−0.9
−4.9
−8.0
−7.8
−23.9

0
310
710
1090
1730
2510

0
−1.0
−9.0
−10.0
−15.0
−20.0

0
310
710
1090
1730
2510

0
−1.0
−9.0
−10.0
−15.0
−20.0

7.3.2.2.4 Scheduling Gain
An additional factor in an HSDPA Link Budget is the effect of the scheduler. When
allocating resources, the scheduling algorithm likely accounts for the propagation conditions in which the UE is experiencing. If a proportionally fair or CQI-based scheduling
algorithm is employed (as will be described in Section 7.4.3.6), the uncorrelated demand
proﬁle and radio conditions of the UEs being served are exploited to increase overall cell
throughput–by scheduling a UE for data transfer when conditions are more, rather than
less, favorable. Depending on which algorithm is employed, a scheduling gain could be
added to the Link Budget to account for this effect; this would offset the achieved Ec /Nt ,
deﬁning a higher instantaneous data rate.
Such a scheduling gain in the Link Budget could be useful, given the knowledge of
the scheduler employed and the trafﬁc proﬁle of the users. In the analysis shown in the
following section, the absolute data rate of a single user is determined without regard for
the scheduler; thus this factor is set to zero.
7.3.2.3 Sample HSDPA Link Budget
This section uses the concepts described above to develop a sample HSDPA Link Budget.
Because HSDPA always requires the presence of Release 99 UL and DL DCH channels,
the HSDPA cell edge is deﬁned by the cell edge of the service with which HSDPA
will coexist. This analysis assumes that the UL is the limiting link and that the UL PS
bearer is 64 kbps. The Link Budget could, however, be adjusted to assume any limiting
link with any associated Release 99 service. Speciﬁcally, for HSDPA, it is likely that
a 384 kbps UL bearer will be implemented where full capability UEs are employed, in
situations where higher sustained peak data rates are probable. The throughput achieved
with a 384 kbps UL bearer might be necessary to support the size and rate of TCP
layer acknowledgments, depending on the conﬁguration, particularly the maximum TCP
segment size and acknowledgement frequency. A higher UL data rate may also be required
to address the asymmetry of data rates that HSDPA will introduce between the UL and DL.
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Table 7.5 Sample Release 99 Uplink budget for HSDPA1
Reference
a
b
c
d
e
f
g
h
I
j
k
l
m
n
o1
o2
o
p
q
r
s
t

1

Description
Maximum transmit power
UE cable and connector losses
UE antenna gain
EIRP
Thermal noise density
Information rate
Thermal noise ﬂoor
Receive noise ﬁgure
Uplink load
Noise rise over thermal
Required Eb /Nt
Receiver sensitivity
Node B antenna gain
Node B cable connector and
combiner losses
Cell-edge conﬁdence
Standard deviation
Log normal fade argin
Soft handover gain
Building penetration loss
Body loss
Gain of propagation components
Maximum Allowable Path Loss
(MAPL)

Value

Units

19.0
dBm
0.0
dB
0.0
dBi
19.0
dBm
−174.0 dBm/Hz
48.1 dBHz
−125.9
dBm
5.0
dB
50
%
3.0
dB
3.4
dB
−114.5
17.0
dBi
3.0
dB
90
8.0
10.3
4.1
20.0
3.0
−29.2
118.4

%
dB
dB
dB
dB
dB
dB
dB

Details of calculations are available in Chapter 2, Section 2.3.1

Table 7.5 shows the UL Budget for this analysis. It is similar to the Link Budget
described in Chapter 2, with two important differences.
First, row a shows a reduced UE transmit power of 19 dBm, compared to 21 dBm
used in the Release 99 Link Budget (see Chapter 2). As before, a Class 4 UE is assumed.
However, the 3GPP speciﬁcation [9] allows a reduction in maximum transmit power to
mitigate the increased Peak-to-Average Ratio (PAR) because now three OVSF codes are
employed in the spreading for the UL. In Release 99, the control and data portions of
the UL DCH are transmitted on the DPDCH and DPCCH, respectively. These are I/Q
multiplexed, with the DPDCH mapped to the I branch and the DPCCH mapped to the Q
branch. To permit cost-effective and efﬁcient ampliﬁer design, Hybrid Phase Shift Keying
(HPSK) modulation using complex scrambling is employed on the UL. The beneﬁt is
twofold: reducing the number of zero-crossings, and distributing the power more evenly
across the constellation. Ampliﬁer operation becomes more efﬁcient, resulting in higher
possible maximum transmitted power while maintaining an adequate Adjacent Channel
Leakage Ratio (ACLR). In Release 5, the HS-DPCCH is multiplexed onto the Q branch
with the DPCCH. This results in a three-code UL with the power of each of the three
channels speciﬁed by the signaled scaling factors βd , βc , and βhs for data, control, and
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HS respectively. The effectiveness of HPSK is subsequently reduced, resulting in a likely
higher PAR when HSDPA is active. The allowed reduction in maximum UE transmit
power depends on the ratio of the control and data parts of the Release 99 DPCH, with
the largest reduction of 2 dB allowed when 15/7 ≤ βc /βd ≤ 15/0.
The second difference between the Release 99 Link Budget illustrated in Chapter 2 and
the present one is the information rate. As stated above, a 64 kbps PS UL is assumed, to
model the following possible implemented scenario: an application using HSDPA for DL
data transfer, and a Release 99 64 kbps bearer for the UL.
Once the UL Budget has been deﬁned, the resulting MAPL can be used as an input to
the HSDPA DL Budget, which is shown in Table 7.6.
Notice that, in the HSDPA Link Budget, the calculation of achievable data rate has four
distinct parts. Rows a and b deﬁne the operating environment by specifying the channel
model, in this case Vehicular A at 30 km/hr, and the UL MAPL that was deﬁned as
118.4 dB in Table 7.5.
Rows c through j deﬁne HSDPA-speciﬁc parameters:
Table 7.6 Sample HSDPA Link Budget
Reference

Description

Value

Units

Formula

VA30
118.4
20

dB
%

Input
Input

100

%

Input

e
f
g
h
I
j
k
l
m
n
o
p
q
r

Channel model
Uplink MAPL
Power allocated to Release 99
overhead channels (CPICH,
PCCPCH, SCCPCH, AICH)
Percentage of Remaining
power allocated to HSDPA
Operating margin
Ioc /Iˆor (1/geometry)
Required HS-SCCH Ec /Nt
Orthogonality factor
Scheduling gain
Average SPER
BTS antenna gain
BTS cable losses
Body loss
BTS Tx power (dBm)
UE noise ﬁgure
UE antenna gain
Total trafﬁc Ec /Ior
Control Channel Ec /Ior

1.3
1.0
−14.4
0.5
0.0
30
17.0
3.0
3.0
43.0
8.0
0.0
−1.0
−11.9

dB
dB
dB
dB
%
dBi
dB
dB
dBm
dB
dBi
DB
DB

s
t
u

Available Ec /Ior for HS-DSCH
Achieved Ec /Nt for HS-DSCH
Max PHY data rate

−1.3
−3.8
800

DB
DB
kbps

v

Max MAC data rate

615

kbps

Input
Input
Input
Input
Input
Dependent on row a
Input
Input
Input
Input
Input
Input
= 10 log(1 − c)
Nt /Ior (dB) + HS-SCCH
Ec /Nt (dB)
= 10 log((10q/10 ) − (10r/10 ))
see equation 7.4
Lookup of Ec /Nt using (for
example) Figure 7.11
= u/(1 + j)

a
b
c

d
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• Power allocations. Rows c and d show that 20% of power is reserved for the Release 99
mandatory common channels with all the remaining HPA power allocated for HSDPA.
• Required HS-SCCH Ec /Nt . This is necessary to calculate how much of the HSDPA
allocated PA power must ensure that the DL HSDPA control information is successfully
received by the UE.
• Ioc /Îor (1/geometry). The assumed value of 1 dB shown in row f is somewhat higher
than that which would be expected in an embedded cell within a typical macro network.
A higher value is speciﬁed here because, in this conﬁguration with a 64 kbps UL bearer,
the cell edge is assumed to be closer to the Node B than the associated CPICH cell edge.
• Operating margin and SPER. A conservative operating margin of 1.3 dB is assumed.
This results in a SPER of 30% for VA30 channel conditions, as shown in Table 7.3.
• Orthogonality factor. Set at 0.5 (50%) in this analysis, this factor accounts for the
loss of orthogonality due to multipaths, as described in Chapter 2.
• Scheduling gain. Set to 0 dB in the analysis; the effect of any scheduling algorithm
is not included in calculating the achievable data rate, so would be representative of
round robin scheduling, or a single user, full capability UE.
The third section of the Link Budget (rows k to p) deﬁnes the propagation components
and UE characteristics that are unaffected by HSDPA. For the Node B transmit chain, a
43 dBm PA is assumed with a 17 dBi gain antenna and 3 dB feeder loss. At the UE, an
8 dB noise ﬁgure is assumed with 3 dB body loss and a 0 dBi gain antenna.
The ﬁnal section of the Link Budget focuses on determining the achievable data rate
using the parameters deﬁned in the ﬁrst three sections. This is calculated as follows:
• The available Ec /Ior for HSDPA is calculated on the basis of the deﬁned power allocations for the Release 99 common channels and the percentage of the available remaining
power that will be used for HSDPA (row q). The stated value (100% of remaining
power) would correspond to a carrier dedicated to HSDPA, as no power would be
available to support CS or legacy PS trafﬁc.
• The required power for the HS-SCCH is calculated in terms of an Ec /Ior (row r).
Only a single HS-SCCH is speciﬁed in this analysis but the number could be changed
to reﬂect multiple HS-SCCH channels, to enable HS-PDSCH transmission to multiple
UEs concurrently.
• Available Ec /Ior for HSDPA trafﬁc (HS-DSCH) is calculated (row s) on the basis of
the powers deﬁned in the previous two points.
• Achieved Ec /Nt is calculated (row t) using the following equation:
 
1
Ec
.
×
(7.4)
Ec /Nt =
kTWN
Ioc
Ior HSDPA Trafﬁc
F
+
+ (1 − α)
(PBTS MAPL) Iˆor
Equation 7.4 takes into account the power allocated to the HS-DSCH Ec /Ior , the path
loss between the Node B and the UE (MAPL), the interference condition as speciﬁed
by the cell geometry, and the assumed orthogonality factor (α). In the equation, k is
Boltzmann constant, T is temperature in kelvin, W is the WCDMA spreading bandwidth,
and NF is the UE noise factor.
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Figure 7.12 Variation of data rate with distance for two different operating margins

Once the achieved Ec /Nt has been determined, this value minus the operating margin
can be referenced in a lookup table, such as that shown graphically in Figure 7.11, to
determine the Physical Layer data rate (row u).
The MAC Layer data rate is determined from the Physical Layer data rate, taking into
account the retransmissions that are necessary due to the deﬁned SPER.
As previously stated, the data rate deﬁned by this Link Budget yields the data rate at the
cell edge, with the cell edge being deﬁned by the UL MAPL of the associated Release 99
DPCH. To illustrate the variation of peak data rate throughout a cell’s coverage area,
Figure 7.12 shows how Physical Layer and MAC Layer data rates vary with relative
distance from the center of the cell. The distance relates to a cell geometry deﬁned,
following Ref [10], by assuming a hexagonal grid of three-sectored Node Bs with a
propagation constant of n = 4. The cell edge (d/D = 1) in this example is for the DL
CPICH, whereas the cell edge used in the Link Budget above corresponds to that deﬁned
for the UL 64 kbps bearer at d/D = 0.87. The two values of operating margin shown
correspond to offsets of +1.3 dB and −2.2 dB for the achieved Ec /Nt .
As expected, there is a clear reduction in data rate with increasing distance from the
cell center. The Physical Layer and MAC Layer data rates achieved with the two different
operating margins can be noted. The Physical Layer data rate is signiﬁcantly higher when
a negative margin is used, as opposed to a positive margin. Signiﬁcantly, the resultant
MAC Layer data rate is relatively similar in both cases, with the positive operating margin
(case 1 in Figure 7.12) showing a small advantage for most distances.
7.3.3 HSDPA Capacity and Performance
This section discusses HSDPA capacity and performance. A number of factors inﬂuence
the achieved HSDPA performance, including the capability and conﬁguration of the UE
and the network, along with the mobility and propagation conditions of the users.
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7.3.3.1 UE Capability
As mentioned in Section 7.2, the maximum theoretical data rate for HSDPA is 14.4 Mbps.
However, in reality, twelve different categories of HSDPA-capable terminals exist [11],
offering maximum data rates ranging from 0.9 to 14.0 Mbps. The differences are due to
the following factors:
• HS-PDSCH codes. The maximum number of HS-PDSCH channels that a UE can
simultaneously decode. This can be 5, 10, or 15. A lower number of codes than the
maximum can be supported and are signaled over the HS-SCCH.
• Inter-TTI interval. The minimum interval, in terms of 2-ms TTIs, between successive
HS-PDSCH assignments. Values of 1, 2, or 3 are possible, with 1 corresponding to
an ability to decode consecutive HS-PDSCH channels. Values other than 1 reduce the
maximum data rate, as observed by comparing categories 11 and 12, for example.
• Transport block size. The maximum HS-DSCH TBS that can be supported by the UE
in a single TTI.
• Incremental redundancy buffer size. The number of soft bits that can be buffered by
a UE across all of the active HARQ processes.
• Modulation. The ability of a UE to support both QPSK and 16-QAM or solely QPSK.
Table 7.7 shows the characteristics of the 12 UE categories in terms of HS-PDSCH
codes, Inter-TTI interval, Maximum TBS, and Incremental Redundancy (IR) Buffer Size.
All categories support both QPSK and 16-QAM modulations, with the exception of categories 11 and 12 that support only QPSK. Table 7.7 also shows the maximum supported
data rate, which is a function of only the Maximum TBS and the Inter-TTI Interval.
The IR buffer size, while not affecting peak theoretical data rate for the deﬁned conﬁguration, does inﬂuence the effective throughput, because of the number of soft bits
available to support either Chase or IR combining. For example, consider categories 7
and 8, which support the same data rate but with different IR buffer sizes. For a typical
Table 7.7 HSDPA UE categories
HS-DSCH HS-PDSCH
category
codes

1
2
3
4
5
6
7
8
9
10
11
12

5
5
5
5
5
5
10
10
15
15
5
5

Modulation
supported

QPSK
QPSK
QPSK
QPSK
QPSK
QPSK
QPSK
QPSK
QPSK
QPSK
QPSK
QPSK

and
and
and
and
and
and
and
and
and
and

16-QAM
16-QAM
16-QAM
16-QAM
16-QAM
16-QAM
16-QAM
16-QAM
16-QAM
16-QAM

Min.
Max.
UE IR
Peak data
inter-TTI TBS [bits] buffer size rate [Mbps]
[SML]
3
3
2
2
1
1
1
1
1
1
2
1

7298
7298
7298
7298
7298
7298
14411
14411
20251
27952
3630
3630

19200
28800
28800
38400
57600
67200
115200
134400
172800
172800
14400
14400

1.2
1.2
1.8
1.8
3.6
3.6
7.2
7.2
10.1
14.0
0.9
1.8
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HSDPA session where six HARQ processes may be operating with equal division of soft
bits between processes, 19200 and 22400 bits are available per process for categories 7
and 8, respectively. This corresponds to nominally 1.33 and 1.55 times the maximum
TBS, respectively. For peak data rate operation, Chase combining would be more suitable for the category 7 UE, while the category 8 UE would be best suited to support both
Chase and IR because it can buffer more redundant information.
7.3.3.2 OVSF Code Tree Utilization
A key issue when considering HSDPA capacity, especially for a network with concurrent
CS and PS users, is utilization of the OVSF code tree. Each HS-PDSCH uses a SF16
code with a maximum of 15 allocated to HSDPA, out of the 16 available in the Primary
Scrambling Code OVSF tree. For example, consider the code tree diagram shown in
Figure 7.13, showing 15 SF16 codes allocated for HS-PDSCHs. On the tree, once a code
with a speciﬁc spreading factor has been utilized, the codes above and below on the same
branch become unavailable. In this example, this leaves a single SF16 branch available
for the mandatory Release 99 common channels, one or more HS-SCCH channels, and
the required Release 99 DCHs for each HSDPA active user.
As further illustrated in Figure 7.13, the PICH, AICH, CPICH, and PCCPCH each
require an SF256 code. The ﬁgure also shows the utilization of a SF128 code for a
single SCCPCH (this channel can be conﬁgured with any code from SF4 to SF256) and a
SF128 code for a single HS-SCCH. As a result, a single SF32 branch is available for any
Release 99 DCH. A further limitation in this example is that only one HSDPA user can
be allocated an HS-PDSCH set in any 2-ms TTI, because only one HS-SCCH is deﬁned
and an HS-SCCH is required for each concurrent user. If a SF256 code, the minimum
possible, is assumed for the associated Release 99 DCH of each HSDPA user, eight active
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X

X

X
X

X

X

X
X

X

X

X

SF = 4

X

SF = 8

X

15 HS-PDSCH codes

X

SF = 64
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SF = 256

Figure 7.13
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X
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Example utilization of the PSC OVSF code tree with HSDPA
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Table 7.8 Number of supported active HS users as a function of number of
codes and HS-SCCH channels
Number of HS-SCCH

Number of SF16
OVSF reserved
for HS-PDSCH

Maximum number of
supported HS users
assuming SF256
for associated DCH

5
10
15

1

2

3

4

5

168
88
8

166
86
6

164
84
4

162
82
2

160
80
NA

HSDPA users could be supported with this conﬁguration but, as described above, only
one user would be served in any 2-ms TTI.
Allowing HSDPA operation using 15 codes would be unrealistic in most cases, while 5
or 10 code allocations offer a reasonable trade-off between individual user throughput and
cell capacity, measured in terms of concurrent active HS users. Table 7.8 illustrates this
trade-off, that is, the number of possible active HS users when the number of HS-SCCH
channels varies from one to ﬁve. In this estimation, a SF256 is used in the DL for the
associated DCH. This is sufﬁcient to carry the RRC signaling. Consequently, the results
shown in this table represent the absolute maximum number of users, because some users
may require a shorter OVSF.
7.3.3.3 Impact of HSDPA on a Release 99 Network
To illustrate how deploying HSDPA affects an existing network, this section explores how
the capacity available for existing Release 99 services is affected when more power is
allocated to HSDPA.
Figure 7.14 shows the DL PS coverage for a typical macro network with a site spacing
of nominally 1 to 1.5 km. No HSDPA is present in this prediction and the coverage
areas for 384 kbps and 64 kbps are shown on the basis of predominantly vehicular trafﬁc,
according to a relatively large number of Monte-Carlo simulations.
Table 7.9 shows the capacity that would be supported for 384 kbps and 64 kbps PS
service and voice (AMR 12.2 kbps) and video-telephony (64 kbps) CS service. For the
PS services, this is expressed as a mean throughput and mean number of users per cell,
while for CS services only the mean number of users per cell is shown. The table also
lists the maximum DPCH power allocation available for each service.
Table 7.10 shows the effect of implementing HSDPA with a ﬁxed allocation of total PA
power. For three cases, corresponding to 20, 50, and 80% of total power, the reduction
in available Release 99 DL capacity is clearly demonstrated and expected. This capacity
reduction, however, must be considered in light of the resulting gain in HSDPA capacity.
Figure 7.15 demonstrates this point, by showing the DCH and HSDPA cell capacity for a
range of HSDPA power allocations, both individually and as a total cell capacity. In this
simulation, the Release 99 DCH throughput was derived from a combination of 384 kbps
and 64 kbps users.
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64 kbps
491

Figure 7.14 Release 99 PS Downlink coverage areas
Table 7.9 Release 99 available cell capacity, based on Monte Carlo simulation
Service

384 kbps PS
64 kbps PS
64 kbps CS (Video-telephony)
12.2 kbps CS (AMR voice)

Mean
Standard Mean Standard Mean
Maximum
DPCH power throughput deviation users deviation DPCH
per cell
(kbps) per cell
allocation
power
(dBm)
(kbps)
(dBm)
37.0
36.5
36.0
31.5

742.8
715.0

182.7
161.3

2.3
11.0
7.1
108.7

0.7
2.3
1.7
17.5

34.0
29.9
31.8
22.85

Figure 7.15 illustrates two important points. At the higher HSDPA power allocations,
the improved spectral efﬁciency achieved with HSDPA is quite clear, with mean cell
throughputs twice over those attainable with Release 99 alone. Equally important, however, are the composite throughputs obtained with relatively small HSDPA power allocations. With only a small impact on the Release 99 network in terms of Release 99
capacity, HSDPA can signiﬁcantly increase the overall PS cell capacity. An additional
beneﬁt of HSDPA is clearly its increased peak data rates, compared to Release 99. These
allow users to enjoy bandwidth-hungry, content-rich applications.
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Table 7.10 Release 99 capacity with different HSDPA power allocations
Service

Mean throughput
per cell (kbps)

Standard
deviation
(kbps)

Mean users
per cell

Standard
deviation

1.7
5.6
3.7
63.0

0.6
1.0
0.7
8.5

0.7
2.1
0.8
29.9

0.6
0.5
0.4
4.6

0.0
0.0
0.0
0.7

0.0
0.0
0.0
0.6

20% of total power allocated for HSDPA
384 kbps PS
594.0
129.4
64 kbps PS
388.9
60.2
64 kbps CS (Video-telephony)
12.2 kbps CS (AMR voice)
50% of total power allocated for HSDPA
384 kbps PS
200.83
127.3
64 kbps PS
169.12
26.4
64 kbps CS (Video-telephony)
12.2 kbps CS (AMR voice)
80% of total power allocated for HSDPA
384 kbps PS
0.00
0.0
64 kbps PS
0.00
0.0
64 kbps CS (Video-telephony)
12.2 kbps CS (AMR voice)

Cell throughput (kbps)

2000

1500
HSDPA
Release 99 DCH

1000

HSDPA + DCH

500

0
0

15 20 25 30 35 40

45 50 55 60 65 70 75 80

Percent of total powers for HSDPA

Figure 7.15 Concurrent DCH and HSDPA cell capacity

Figure 7.16 shows the peak achievable data rates available with a 50% power allocation
for HSDPA.
From this analysis, it is obvious that sharing a single carrier between Release 99 and
HSDPA offers good improvement, in terms of capacity, over a Release 99-only network.
The improvement becomes more signiﬁcant as the portion of PS data trafﬁc carried over
HSDPA increases. A secondary beneﬁt, even for limited HSDPA power allocations, is the
increased user data rate at the cell edge: from 64 kbps in Release 99-only to 320 kbps
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Figure 7.16 HSDPA data rate coverage with 50% power allocation

with HSDPA, at 50% power allocation. For lower HSDPA power allocations, the cell
edge user data rate decreases to a point where HSDPA is not available over the entire
area (CQI = 0 would be reported). This effect would be more pronounced for relatively
smaller power allocations.
7.3.3.4 HSDPA Cell Capacity
This section describes the results of several link-level simulations that show the effect
on cell capacity of several factors relating to UE capability and network scheduling
conﬁguration. The simulations assume a suburban environment, with users distributed
according to three scenarios, as shown in Table 7.11. Each scenario assumes a different
mix of users in PA3, PB3, and VA30 channel conditions:
• In Scenarios 1 and 2, all users are distributed in an environment with signiﬁcant
multipaths.
• In Scenario 3, 25% of all users are in a PA3, that is, with a strong dominant path,
representing in-building or microcell circumstances, among others.
For all of the simulations presented, a full trafﬁc buffer is assumed such that all
users always have data to send. For the CQI measurements, delay, measurement, and
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Table 7.11

HSDPA performance simulation scenarios

Channel
model
PA3
PB3
VA30

Scenario 1
(%)

Scenario 2
(%)

Scenario 3
(%)

0
75
25

0
50
50

25
50
25

quantization errors are accounted for. Transmission errors are not modeled, so a transmitted
CQI report is always correctly received. For the HS-SCCH, only the decoding is simulated;
false alarms, whereby a UE incorrectly assumes that it has been scheduled, are not modeled. Per cell, each simulation assigns 30 users, each having a UE capable of supporting
an Inter-TTI Interval = 1 with six active HARQ processes.
Table 7.12 shows the cell throughput results for each scenario under two conditions:
ﬁrst, 16-QAM modulation becomes available; second, the number of supported HS-PDSCH
codes increases from 5 to 15. The Relative Impact column expresses the throughput as a
percentage of the throughput for the basic UE (5 codes and no 16-QAM). A Proportional
Fair Scheduler is assumed for all simulations.
In Table 7.12, ﬁrst consider the number of HS-PDSCH codes. When 15-code UEs are
employed instead of 5-code UEs, cell throughput increases by approximately 12 to 15%.
Next, consider the introduction of 16-QAM modulation. This increases throughput only
negligibly compared to the QPSK-only UEs for Scenarios 1 and 2. Only for Scenario 3 is
the impact of 16-QAM noticeable, increasing throughput approximately 6 to 9% compared
Table 7.12 Simulation results for each scenario with different supported HS-PDSCH codes and modulation
Scenario

Number of Availability
Cell
Relative
codes/
of
throughput
impact
HS-PDSCH 16-QAM
[Mbps]
(same scenario)
[%]

1

5
5
15
15

No
Yes
No
Yes

1.780
1.783
2.017
2.023

Reference
0.2
13.3
13.7

2

5
5
15
15

No
Yes
No
Yes

1.519
1.523
1.750
1.754

Reference
0.3
15.2
15.5

3

5
5
15
15

No
Yes
No
Yes

2.171
2.301
2.404
2.573

Reference
6.0
10.8
18.5
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to the QPSK-only UEs. Overall, the maximum obtainable cell throughput–obtained by
increasing the number of codes the UEs can support from 5 to 15 and introducing 16-QAM
modulation–is nominally 18%.
Although the UE’s capability can signiﬁcantly affect cell throughput, the Node B’s
scheduling algorithm can have a much greater effect. Section 7.4.3.6 describes possible
HSDPA scheduling techniques in detail. Here, Table 7.13 shows the results of the same
simulations shown in Table 7.12, but using both a Proportional Fair and Round Robin
scheduling scheme. In Table 7.13, the Relative Improvement column shows the relative
throughput increase of Proportional Fair over Round Robin, for each illustrated UE capability. Depending on the scenario, the cell throughput obtained with the Proportional Fair
scheduler is 32 to 76% greater than that obtained using a simple Round Robin approach.
Clearly, the scheduling algorithm has a greater effect on cell throughput than UE capability differences. From a network–and thus an operator’s–perspective, the Proportional
Fair scheduler has an undeniable advantage. From the user’s perspective, though, only
those users in good RF conditions see the advantage. Such users would be scheduled with
Table 7.13 Simulation results for each scenario with both a Round Robin and Proportional Fair
scheduler
Scenario

Number of
codes

16-QAM
available

Scheduler

Cell throughput
(Mbps)

Relative
improvement (%)

1

5
5
5
5
15
15
15
15

No
No
Yes
Yes
No
No
Yes
Yes

Round Robin
Proportional Fair
Round Robin
Proportional Fair
Round Robin
Proportional Fair
Round Robin
Proportional Fair

1.196
1.780
1.197
1.783
1.280
2.017
1.280
2.023

Reference
48.8
Reference
48.9
Reference
57.6
Reference
58.1

2

5
5
5
5
15
15
15
15

No
No
Yes
Yes
No
No
Yes
Yes

Round Robin
Proportional Fair
Round Robin
Proportional Fair
Round Robin
Proportional Fair
Round Robin
Proportional Fair

1.146
1.519
1.147
1.523
1.254
1.750
1.254
1.754

Reference
32.5
Reference
32.8
Reference
39.5
Reference
39.9

3

5
5
5
5
15
15
15
15

No
No
Yes
Yes
No
No
Yes
Yes

Round Robin
Proportional Fair
Round Robin
Proportional Fair
Round Robin
Proportional Fair
Round Robin
Proportional Fair

1.368
2.171
1.402
2.301
1.434
2.404
1.462
2.573

Reference
58.6
Reference
64.2
Reference
67.7
Reference
76.0
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higher priority than users experiencing less favorable conditions. In less favorable conditions, users could observe a degradation of service: either reduced application throughput,
or increased end-to-end latency, which would be even more pronounced. Unfortunately,
from a user or operator point of view, little can be done on this subject as schedulers are
typically vendor implementation-dependent with no control to ﬁne-tune their behavior.
To summarize the effects of the scheduler, the number of UE codes, and the UE
modulation, Figure 7.17 shows their cumulative effect on cell throughput for each of the
three scenarios. The impact of each factor is clearly visible:
• For Scenarios 1 and 2. Only the type of scheduler and number of codes increase the
cell throughput.
• For Scenario 3. All three factors yield an improvement.
The ﬁgure also shows a nominal range of cell throughput that would be expected for
typical PS service in a Release 99-only macro network for a range of typical fading
environments.
Figure 7.17 illustrates what is probably the main justiﬁcation for HSDPA. This is true
even though the achieved cell or user throughput, in a realistic deployment situation, is far
below the theoretical limits. For such realistic user proﬁles, the throughput improvement
over Release 99 CELL DCH is still two to three times better, thus reducing the cost per
bits in the same ratio.
3

Cell throughput [Mbps]

2.5

2

1.5

1

Typical Release '99 Cell throughput

0.5

0
Scenario 1

Scenario 2

Base UE (5-codes − QPSK only)
15-codes capable UE

Figure 7.17

Scenario 3

Proportional Fair Scheduler
16-QAM capable UE

Comparison of overall simulation results

www.4electron.com

HSDPA

291

7.4 HSDPA Operation and Optimization
Previous sections have dealt with only HSDPA concepts and performance. This section
discusses the signaling required to enable and operate HSDPA. The purpose of this signaling is mainly to start, stop, or reconﬁgure the HS bearers. Optimization engineers should
take a keen interest in signaling, because it can explain why HSDPA performance might
be suboptimal in a deployed network.
7.4.1 HSDPA Conﬁguration
7.4.1.1 Establishing and Stopping HSDPA
The RRC is responsible for setting up and tearing down HSDPA operations, as well as
for the signaling of all necessary Layer 1 and Layer 2 parameters. It is a requirement
that the UE be in CELL DCH for HSDPA to function, such that the serving HSDPA cell
will always have an associated Release 99 DPCH. One function of this channel is the
transmission of RRC information on the DCCH logical channel, which cannot be mapped
to the HS-DSCH in Release 5.
Figure 7.18 shows a sample message ﬂow to enable the establishment of HSDPA.
The sequence of messages is as follows:
Step 1. With the UE already in CELL DCH, the RNC decides to start HSDPA operations.
This could be based on availability of DL data from the PS Core Network, and

UE

1

Node B

RNC

UTRAN decides to start HSDPA for the UE
Measurement Control message (Setup Event 1d)

2

Measurement Report message (Report Event 1d)
Radio link reconfiguration prepare
Radio link reconfiguration ready

3

Radio link reconfiguration commit
Radio Bearer Reconfiguration message

User plane data can flow on the HS-DSCH
4
Radio Bearer Reconfiguration Complete message

Figure 7.18

Sample message ﬂow to begin HSDPA operations
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QoS negotiations that occurred at the NAS layer when the data call was initially
established. UTRAN is notiﬁed of a UE’s HSDPA capability during initial RRC
Connection Setup.
Step 2. The RNC sends a Measurement Control message requesting that the UE perform
measurements to determine the best cell in its Active Set. Event 1d is used for
this purpose, causing the UE to send a Measurement Report whenever there is
a change in the best cell. Release 5 modiﬁed this event to require the UE to
immediately report the initial best cell when the measurement is set up if there
are two or more members of the Active Set, to always start HSDPA service on
the best serving cell within the Active Set.
Step 3. The RNC notiﬁes the Node B that controls the best cell to set up an HS-DSCH
radio link on that cell. Practically, in the Reconﬁguration message, the Serving
HSDPA link would be identiﬁed by its PSC. An activation time in terms of
Connection Frame Number (CFN) will be included in this message exchange.
Step 4. The RNC sends a Reconﬁguration message to notify the UE that the HS-DSCH
is available, and to signal all the parameters associated with HSDPA operations.
After that point, as mentioned before, the scheduling of the UE is independent
from RNC signaling; the Node B performs this task using the HS-SCCH.
This sequence of messages is one example of how HSDPA could be initialized using
the Radio Bearer Reconﬁguration message when a UE is already in Connected Mode.
However, all required Information Elements (IEs) are also contained in the Radio Bearer
Setup, Radio Bearer Release, and Cell Update messages. The option to start HSDPA
operation using the Radio Bearer Setup message is of particular interest as it would allow
an HSDPA-capable UE to start operating on HSDPA whenever a PS data call is originated.
In this case, the RNC should conﬁgure both the associated DCH and the HS channels.
Additionally, Layer 1 and Layer 2 HSDPA conﬁgurations could also be changed using
the Physical Channel Reconﬁguration and Transport Channel Reconﬁguration messages,
respectively. Section 7.4.1.2 describes the speciﬁc IE contained in each of these messages.
Stopping HSDPA service involves either removing the HS-DSCH transport channel
while the UE remains in CELL DCH, or removing the HS-DSCH with a transition to
CELL FACH. This is useful when a large number of codes are assigned to HS-PDSCH
because code tree limitations can be mitigated by switching low activity or low priority
users to CELL FACH when resources are limited. Figure 7.19 shows a sample message
ﬂow with the following message sequence:
Step 1. With the UE in CELL DCH state, the RNC decides to stop HSDPA operations.
Possible reasons include a lack of DL activity, a change in RF conditions, high
mobility detected, or resource management or when a UE can no longer be served
by an HSDPA-capable Node B.
Step 2. The RNC notiﬁes the Node B that controls the Serving HS-DSCH Radio link to
stop transmitting to the UE on the HS-DSCH.
Step 3. The RNC sends a Reconﬁguration message to notify the UE that the HS-DSCH
is not available. This is accomplished by removing the Radio Bearer mappings to
the HS-DSCH, removing MAC-d ﬂows, and/or indicating that no radio link is a
Serving HS-DSCH Radio link (i.e., Serving HS-DSCH set to none). When the UE
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UE

Node B

RNC

1
UTRAN decides to stop HSDPA but keep DCH for the UE due to:
1. Low Downlink data activity
2. High UE mobility

Radio link reconfiguration prepare
Radio link reconfiguration ready

2

Radio link reconfiguration commit
Radio Bearer Reconfiguration message

User plane data only flows on the DCH

3

Radio Bearer Reconfiguration Complete message

Figure 7.19

Sample message ﬂow to stop HSDPA operations and remain in CELL DCH

remains in CELL-DCH (as shown here), the message may also alter the data rate
of the DCH. If the UE is to transition to the CELL FACH state, DCCH/DTCH
logical channels would also be remapped to RACH and FACH.
As in the previous example, the Radio Bearer Reconﬁguration message was used here
to stop HSDPA services. As with the initialization of HSDPA, all necessary IEs are
contained in a number of other messages. Speciﬁcally, to stop HSDPA while remaining in CELL DCH, the following messages could be used: Radio Bearer Reconﬁguration, Radio Bearer Setup, Radio Bearer Release, Physical Channel Reconﬁguration, and
Transport Channel Reconﬁguration. For a transition to CELL FACH, however, logical
channels can only be remapped by using the Radio Bearer Setup, Reconﬁguration, and
Release messages. An Active Set update would also stop HSDPA if the serving HS cell
were removed from the Active Set.
7.4.1.2 HSDPA Information Elements
This section describes the IEs that are signaled to the UE to conﬁgure HSDPA. As stated
above, all the IEs necessary to conﬁgure or reconﬁgure HSDPA service are contained
in the Radio Bearer Setup, Reconﬁguration, and Release messages as well as in the Cell
Update Conﬁrm message. Signaling of Layer 1 or Layer 2 IEs alone can be achieved using
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the Physical Channel Reconﬁguration and Transport Channel Reconﬁguration messages,
respectively.
For the Physical Layer, the following IEs are signaled and are necessary for HSDPA
operation:
• Downlink scrambling code. This enables possible use of secondary scrambling codes
for the HS-PDSCHs as a solution to OVSF code tree exhaustion; it defaults to the
Primary Scrambling Code if not signaled.
• HS-SCCH channelization codes. Each UE must be able to monitor at least four
HS-SCCH channels. The OVSF codes applied to each HS-SCCH are deﬁned by the
UTRAN and must be signaled to the UE. UTRAN may however signal less than four
codes to monitor.
• Serving HS-DSCH radio link indicator. Because the UE can be in a multiway handover, a signal must be sent to indicate which scrambling code of the Active Set is
used as the serving HS-DSCH radio link.
• ACK, NAK, and CQI power offsets. The power allocated to each portion of the
HS-DPCCH is deﬁned by the offsets ACK , NACK , and CQI , which are deﬁned in
relation to the associated Release 99 DPCCH.
• CQI feedback cycle and repetition factor. Each CQI report can be conﬁgured to be
repeated up to three times. The frequency at which the report is transmitted is also
conﬁgurable in 2-ms increments ranging from 2 to 160 ms (1 to 80 subframes). If no
CQI report is scheduled, DTX bits are transmitted. A CQI repetition factor greater than
1 will reduce the maximum throughput by a factor equal to the number of repetitions.
• ACK/NAK repetition factor. Each positive or negative acknowledgment can be conﬁgured to be repeated up to three times. Because of the synchronous nature of the
ACK/NAK with the HS-PDSCH, this reduces the maximum achievable data rate by a
factor equal to the number of retransmissions.
• HS-PDSCH power offset from CPICH (). In calculating the CQI, the UE assumes
that the power of the HS-PDSCH is greater than the Primary CPICH by /2 dB.
The signaled HSDPA Layer 2 IEs relate to the MAC-d and MAC-hs entities. DTCH
data arrives at MAC-hs on MAC-d ﬂows. There can be up to eight MAC-d ﬂows deﬁned
per UE. Radio bearer mapping information signaled to the UE denotes the mapping of
each DTCH to either HS-DSCH or DCH. For HSDPA channels, the UE is further signaled
an identiﬁer (0–7) that associates each with a MAC-d ﬂow. A single MAC-d ﬂow can also
contain multiple logical channels if C/T multiplexing is applied. Regarding the logical
DCCH channels, their mapping to HS-DSCH is not allowed in Release 5 and all Layer 3
messaging will therefore always be sent to the UE on the existing Release 99 DCH.
The remaining Layer 2 IEs are associated with the conﬁguration of MAC-hs and the
HARQ mechanism. Each MAC-d ﬂow arrives at MAC-hs and is distributed to one or
more of up to eight priority queues. Only one MAC-d ﬂow can be associated with each
queue. It is then the responsibility of the scheduler within MAC-hs to assign data from
each priority queue to an individual HARQ process. To enable this functionality, the
following IEs are signaled to the UE:
• Number of HARQ processes. A maximum of eight processes can be deﬁned for
each UE.
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• MAC-d to priority queue mapping. The mapping of each MAC-d ﬂow to a priority
queue is conﬁgured before HSDPA operations start; mappings can be altered only by
Layer 3 signaling.
• Division of soft buffer bits between HARQ processes. The total available UE HARQ
buffer can be divided equally or with an explicit division between processes.
• Size index identiﬁer. MAC-hs concatenates MAC-d RLC PDUs and adds a header
to form the HS-DCSH transport blocks. The header contains the Size Index Identiﬁer
(SID), a three-bit number that represents up to eight valid MAC-d PDU sizes. The
mapping table of PDU size to index number must be signaled to the UE before HSDPA
can begin operation.
Two additional Layer 2 IEs relate to HARQ. While multiple HARQ processes are
operating simultaneously, data can arrive at the UE out of order. Because RLC requires
that its PDUs be delivered in the correct sequence, a reordering queue is necessary.
Here, data can be buffered while missing NAK’ed data is retransmitted. MAC-hs has
a limited sequence number space of 6 bits limiting how long the protocol can wait for
a missing block of data before either stalling or experiencing sequence number wrap.
Two mechanisms, one window-based and one timer-based, are employed to overcome
this problem with the following IEs:
• Reordering queue timer. Each reordering queue has an associated timer, which ﬂushes
the queue of data after the timer expires. This is used to avoid stalling if the UE misses
the last in a sequence of transport blocks or the Node B mistakes a NAK for an ACK.
The timer starts when a hole is detected.
• Reordering queue transmit window. Each reordering queue has an associated window, which is used to avoid sequence number ambiguity due to the limited sequence
number space. The upper edge of the window advances whenever the Node B transmits a new transport block; the lower edge of the window advances whenever the
Node B receives an acknowledgment from the oldest transmitted transport block. Any
previously received blocks of data that move outside the window to a more recent
transmission are delivered to RLC regardless of any holes.
If a PDU is discarded in either case, it would be up to higher layers, typically RLC if
data is send in Acknowledge Mode (AM), or the application layer to either conceal the
missing data or request further retransmissions. Such retransmissions originate at the RNC
or beyond, rather than at the Node B level as is the case for MAC-hs retransmissions.
Clearly, additional retransmission delays would be observed.
7.4.2 HSDPA Serving Cell Change
An important distinction between HSDPA and Release 99 DCH is that HSDPA lacks soft
handover. In Release 99 for the DPCH, the UE may have an Active Set consisting of
multiple cells from multiple Node Bs. As the radio conditions change, radio links are
added and deleted to and from the Active Set, depending on the strength of the associated
CPICHs and the deﬁned event triggers. However, HSDPA can have only one serving HS
cell at a time. If the radio conditions change, the serving cell must change; thus HS data
transfer is discontinued on the current serving cell and reestablished in the new target cell.
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Why is this signiﬁcant? At the Node B, data may be buffered in MAC-hs. No mechanism is deﬁned to recover untransmitted data from a Node B once a cell change has been
completed. As a result, any data remaining in the MAC-hs buffer of a previously serving
cell is ﬂushed and discarded. In terms of recovery, the deﬁned transmission mode (AM
or UM) then determines whether this data is retransmitted by RLC; higher layers may
also cope with the missing data.
Cell change is performed independently of the Active Set update procedure and can be
completed with any one of the six reconﬁguration messages described in Section 7.4.1.
Dependencies between cell change and Active Set still exist, because the serving HS
cell must be within the Active Set. The exclusion of the Active Set Update message
to complete the cell change introduces a number of potential performance issues. For
example, a cell that is increasing in strength but not yet in the Active Set cannot become
the serving HSDPA cell without ﬁrst being added to the Active Set by an Active Set
Update message, which would then have to be followed by the cell change procedure.
Furthermore, if an Active Set Update message removes the serving HSDPA cell from the
Active Set, HSDPA operations would stop. The network must manage these transitions and
their associated delays. In a rapidly changing RF environment, this becomes increasingly
complex, leading to the possibility of race conditions between Active Set management
and cell changes.
7.4.2.1 Cell Change Procedure
The HSDPA Serving Cell change procedure itself may be either synchronized or unsynchronized. The difference between the two techniques is whether an Activation Time is
included in the messages used to carry out the cell change.
The unsynchronized procedure does not include the action time. This produces a much
faster cell change than the synchronized procedure would, but it ﬂushes any untransmitted
data in the MAC-hs buffer of the previous Node B. For RLC AM, this produces signiﬁcant
retransmissions; for RLC UM, permanent loss occurs.
In the synchronized case, mandating an action time allows the Node B to attempt to
transmit any remaining data before the cell change occurs. Hence, data loss (for UM services) or retransmissions (for AM services) is minimized. However, if the activation time
is set far enough ahead to ensure that all data from the MAC-hs buffer has been transmitted, a signiﬁcant delay can be introduced. One possible result would be a suboptimal or
even unsuitable serving HSDPA cell. The impact of a cell change delay would be most
apparent in a rapidly changing RF environment, where the time duration for which a cell is
the best one may be less than the time taken to switch HSDPA to that cell. Optimizing the
MAC-hs buffer size and Activation Time, as well as the Event 1d-associated parameters
would alleviate but not eliminate this issue, for given RF and mobility conditions.
To illustrate the concept of cell change, Figure 7.20 shows a sample message ﬂow for
a synchronized HSDPA cell change. An existing source Node B is assumed to be already
serving the HSDPA cell.
The ﬁgure shows the following steps:
Step 1. In response to a previous Measurement Report (not shown), a new Node B (the
target) is added to the Active Set. This target Node B is ﬁrst instructed to set up
a radio link, and then the RNC sends the Active Set Update message to the UE.
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UE

Target
Node B

Source
Node B

RNC

Radio link setup request
Radio link setup response
1

Active Set Update message
Active Set Update Complete message

2

Measurement Report Message (Report Event 1d)
Radio link reconfiguration
prepare
Radio link reconfiguration
ready
Radio link reconfiguration
commit
Messages
contain an
activation
time

Radio link reconfig. prepare
3

Radio link reconfig. ready
Radio link reconfig. commit
Radio Bearer Reconfiguration message

4

User plane data can flow on the Target Node B HS-DSCH
Radio Bearer Reconfiguration Complete message

Figure 7.20 Sample HSDPA synchronized cell change message ﬂow

For the associated DCH channel, the UE is now in soft handover and has a DPCH
on both target and source Node Bs, and an HS-DSCH on the source Node B.
Step 2. Eventually Event 1d is triggered, in which the UE reports that the best cell is
the one just added: the target Node B. This triggers the beginning of the Serving
HS-DSCH Cell change procedure. The RNC sends a message to the current
Serving HS-DSCH Node B to prepare the Release of the HS-DSCH. This gives
the Node B a chance to ﬁnish transmitting data already in its MAC-hs buffers.
The Commit message contains an action time that speciﬁes the time after which
this Node B will stop sending HS-DSCH data.
Step 3. The RNC instructs the target Node B to establish HSDPA channels for the UE.
The Commit message contains the same action time, indicating the time at which
HS-DSCH operations begin for this UE.
Step 4. The RNC sends a Radio Bearer Reconﬁguration message to change the Serving
HS-DSCH Radio link. This message contains the same action time, at which time
the UE begins receiving HS-DSCH data from the new cell.
For comparison, Figure 7.21 shows a sample message ﬂow for an unsynchronized cell
change.
The ﬁgure shows the following steps:
Step 1. In response to a previous Measurement Report (not shown), a new Node B (the
target) is added to the Active Set. This target Node B is ﬁrst instructed to set
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UE

Target
Node B

Source
Node B

RNC

Radio link setup request
Radio link setup response
1

Active Set Update message
Active Set Update Complete message
Measurement Report message (Report Event 1d)
Radio link setup request

2
Radio link setup response

Do it ASAP

Radio link release request
3

Radio link release response
Radio Bearer Reconfiguration message

4

User plane data can flow on the Target Node B HS-DSCH
Radio Bearer Reconfiguration Complete message

Figure 7.21 Sample HSDPA unsynchronized cell change message ﬂow

up a radio link, and then the RNC sends the Active Set Update message to the
UE. The UE is now in soft handover and has a DPCH on both target and source
Node Bs, and an HS-DSCH on the source Node B. This process is identical to
the Synchronized process.
Step 2. Event 1d is triggered and the UE reports that the best cell is the one just added;
the target Node B. This triggers the beginning of the Serving HS-DSCH Cell
change procedure. The RNC sends a message to the target Node B instructing
it to establish HSDPA channels for the UE, with no Action Time speciﬁed in
this case.
Step 3. The RNC sends a message to the Serving HS-DSCH Node B to Release the
HS-DSCH with no Action Time speciﬁed.
Step 4. The RNC sends a Radio Bearer Reconﬁguration message to notify the UE that
the HS-DSCH is available on the new Serving HS-DSCH Radio link (no Action
Time is speciﬁed).
Looking at the two message ﬂows shown in Figures 7.20 and 7.21, the most signiﬁcant
difference is the inclusion, in the synchronized case, of an Action Time, which is sent
in the Radio Link Reconﬁguration Commit messages–both to the source and to the
target Node B–and also in the Radio Bearer Reconﬁguration message to the UE. In
the synchronized case, setting the Action would have to take two things into account: the
amount of data likely buffered at the Node B, and the time likely taken to complete the
ﬂow of messages. In the unsynchronized case, without the Action Time, some data may
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be lost, mainly due to the data in the source Node B being ﬂushed at the completion of
the cell change.
7.4.2.2 Measurement Event for Triggering Cell Change
With the speciﬁcation that there can be only one serving HSDPA cell, a key aspect of
performance is focused on triggering the cell change procedure. As described above, this
is achieved by the deﬁnition of Event 1d, which is triggered when the best cell changes.
Figure 7.22 shows an example of such a triggering.
The ﬁgure shows CPICH Ec /No varying in two cells. Initially Cell 1 is providing
HSDPA. When Cell 2 becomes stronger than Cell 1 plus a hysteresis (point A), a timer
starts. At point B the timer equals the Time-to-Trigger (TTT) of the event, which generates
a Measurement Report. This initiates the cell change procedure, which is completed at
point C when the HS-DSCH data transfer commences on Cell 2.
In the example described above, the Pilot measurement quality for each Pilot is Ec /No ,
although RSCP or path loss could also be used. The speciﬁc parameters associated with
this event are the hysteresis, the TTT, and the ﬁlter coefﬁcient. All of these, along with
their setting trade-offs, are described in the following section.
7.4.3 HSDPA Parameter Tuning
HSDPA parameter tuning is vital to ensuring adequate performance. This section focuses
on the HSDPA-speciﬁc parameters that can be set and optimized to ensure that the
high-speed services possible with HSDPA can be realized. This section does not cover the
RF and Release 99 parameters, but they are of the utmost importance for achieving good
HSDPA performance. The RF conﬁguration affects HSDPA by maximizing the geometry,

Ec/No

Cell 1

Hysteresis (H1d/2)

Cell 2

Time-to-Trigger

Cell change time

HS-DSCH on Cell 1

A

Figure 7.22

HS-DSCH on Cell 2

B

C

Time

Cell change triggering with Event 1d

www.4electron.com

300

WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects

which is one of the main drivers of HSDPA throughput, as discussed in Section 7.3.2.
Release 99 parameters for cell reselection and handover also play a role in HSDPA performance. Both sets of parameters ensure that the most appropriate cell is in the Active
Set when HSDPA operation starts (for details, see Chapter 4).
7.4.3.1 HS-SCCH Parameters
The HS-SCCH channel tells the UE that it has been scheduled. Each HSDPA UE may
continuously monitor up to four HS-SCCH channels. The information transmitted on the
channel enables the UE to decode packets scheduled on the HS-PDSCH channels. It is
critical, therefore, that the UE can successfully decode the HS-SCCH. Any misdetection
by the UE while monitoring the HS-SCCH channels results in the UE not receiving the
packets intended for it, thereby increasing the overall number of HARQ retransmissions
and reducing throughput.
The following parameters are associated with the HS-SCCH:
• Number of codes. The number of codes assigned for the HS-SCCH channels determines how many users can be concurrently scheduled for HS-PDSCH transmission in
a single subframe. Assigning fewer codes impact the number of concurrent HS users;
assigning more codes impacts the resource (code and power) available for both HS and
non-HS users.
• HS-SCCH power allocation. The power allocated to the HS-SCCH not only determines its BLER but also affects the decoding performance of the UE. An HS-SCCH
detection error is deﬁned in Ref [9] as the event when the UE is signaled on the
HS-SCCH, but a DTX is observed in the corresponding HS-DPCCH ACK/NAK ﬁeld.
This failure is observed when the CRC check fails in decoding Part 2 of the HS-SCCH.
Though the CRC is attached only to the Part 2 bits, it is calculated jointly over both
Part 1 and Part 2 of a HS-SCCH transmission. A consistency check is also carried
out by the UE. The Node B conformance speciﬁcation [12] deﬁnes an acceptable error
rate of 1 to 5%, depending on the channel condition, for HS-SCCH power assignment
of −10 dB, Ec /Ior . This results in a signiﬁcant amount of power being utilized for
the HS-SCCH, reducing power that could be allocated for the data payload on the
HS-PDSCH, and reducing overall cell throughput. This effect increases in severity as
more HS-SCCHs are added to support concurrent assignments to multiple UEs in the
same subframe. However, the above HS-SCCH power assignment would be necessary
only in poor RF conditions at the cell edge. Signiﬁcantly less power would be required
in all other scenarios. This implies that a power control mechanism is necessary for the
HS-SCCH to use HPA power effectively. The Release 5 speciﬁcations neither specify
nor prevent HS-SCCH power control; the decision to implement such a scheme is left
to the infrastructure vendor’s discretion. Two schemes likely to be implemented could
be based either on the DL DPCH power control feedback provided by the UE, or on
the CQI feedback report, as described below:
• DPCH-based HS-SCCH power control. In this case, the power allocated to the
HS-SCCH is a ﬁxed offset from the power allocated to the serving DL DPCH.
Because soft handover is not supported for the HS-SCCH, different offsets will be
necessary depending on the handover state of the DPCH. In the presence of multiple
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soft DPCH links, each Active Set member transmits lower power. This necessitates a
higher HS-SCCH to DPCH offset to ensure the same HS-SCCH BLER. If HS-SCCH
power offset cannot be changed according to the handover state, then the ﬁxed offset
should be calculated for the worst-case handover state. Dynamically changing the
offset allows an optimum HS-SCCH power setting that most effectively utilizes
available power but at the expense of additional processing at the Node B.
• CQI-based HS-SCCH power control. It can be shown [13] that there is a linear relationship between the reported CQI and power allocation required to ensure that the
HS-SCCH BLER meets deﬁned performance requirements. Thus, HS-SCCH power
can be adjusted as a function of the reported CQI on a per-UE basis. An advantage
of this approach is that the actual HS-SCCH transmitted power is a direct function
of the link quality associated with the serving cell and there is no dependency on
the handover state.
7.4.3.2 CQI Reporting

K

AC

CQI
measurement
Period

C
Q
I

The Release 5 speciﬁcation [5] mandates that the CQI be based on the perceived performance during a three-slot period that ends one slot prior to the two-slot transmission of
the actual CQI value, as shown in Figure 7.23. The reported value corresponds to the
highest HS-DSCH TBS that could have been supported with a BLER less than 10%.
Figure 7.24 illustrates the CQI reporting parameters that govern how often CQI is
reported. Each block represents a two-slot CQI report; the space between reports represents
the single-slot ACK or NAK. The best HSDPA performance is obtained when the Node B
scheduler has the most recent measurement of channel conditions, enabling an appropriate
TBS to be selected for the HS-SCCH.
The CQI feedback cycle deﬁnes how often a CQI report is transmitted to the Node B.
The CQI Repetition Factor deﬁnes how many times the same CQI is reported during
the same feedback cycle. In Figure 7.24, the feedback cycle is 8 ms for all three cases;
the repetition factor is 1 for Cases A and B, and 2 for Case C. The repetition factor is

HS-DPCCH

HS-SCCH
6 ms

HS-PDSCH

1

2

3

4

5

Figure 7.23 CQI measurement period
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Feedback cycle = 8ms
Feedback cycle = 8 ms, offset = 0,

2 ms

Case A

repetition factor = 1
Offset = 2
Feedback cycle = 8 ms, offset = 2,

Case B

repetition factor = 1
Feedback cycle = 8 ms, offset = 0,

Case C

repetition factor = 2

Figure 7.24

CQI reporting parameters

up-bounded by the feedback cycle, such that a CQI report cannot be repeated more times
than would be allowed by the cycle length.
The CQI Reporting Offset is a number of subframes that a CQI report may be delayed,
with respect to the earliest time it could have reported during a reporting cycle. This
could be used to reduce the UL interference by distributing the CQI reports of different
UEs over a number of subframes. Case B shows an offset of 2 in this example.
The CQI Reporting parameters must be set in conjunction with one another. To properly
schedule an appropriate TBS, the Node B requires an accurate estimate of the channel
condition. If the CQI feedback cycle is set too large, the CQI report may be substantially
out of date by the time it is received by the Node B. However, this must be considered
in conjunction with the increased required power and UL interference associated with
a low setting. For the Repetition Factor, repeating the CQI report relatively few times
will reduce any delay in reception but may require higher power. Conversely, a relatively
high repetition rate allows a lower power (which may be beneﬁcial in cell-edge scenarios)
but may delay accurate reception of the report. In any case, CQI feedback cycle, offset,
and repetition factor setting should also consider any CQI ﬁltering done at the Node B.
Node B CQI ﬁltering, a vendor implementation process, will affect how CQI is used and
would impact the validity of the following discussion.
Simulations [14] have shown how the CQI feedback cycle affects the achieved throughput in a single-path Rayleigh fading environment for different UE velocities. When using
the CQI report alone to decide on TBS, there is little difference between the throughputs obtained using a CQI feedback cycle of either 1 or 3 subframes at 3 km/hr. At
10 km/hr, however, the 1-subframe feedback cycle produces the highest throughput; all
other combinations appreciably reduce the throughput. At 30 and 120 km/hr, there is
little difference in the throughputs obtained using any feedback cycle between 1 and 30
subframes. Because of the high mobility, the CQI report is substantially out of date by
the time a transport block can be scheduled on the basis of the report. A feedback cycle
beyond 30 does appreciably degrade the throughput. These results suggest that in static
or low velocity conditions, a CQI feedback cycle greater than 2 ms performs adequately.
As velocity increases, a CQI report is necessary every 2 ms, although beyond 30 km/hr
a relatively high CQI feedback cycle affects the achievable throughput only marginally.
Another aspect of the channel quality reporting mechanism is the CQI Power Offset;
CQI . This deﬁnes an offset between the CQI transmitted on the HS-DPCCH and the
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associated Release 99 DPCCH. This offset must be set in conjunction with the feedback
cycle parameter described above, to ensure that the CQI report is successfully received
within the deﬁned performance range:
• Setting it too low affects the DL HSDPA throughput if the CQI report is not detected
often enough.
• Setting it too high unnecessarily increases UL interference and the PAR, and also
negatively affects UE battery standby time.
Another consideration for setting CQI Power Offset is the UE handover state. To ensure
that UL capacity is not adversely affected by HSDPA operation, the HS-DPCCH is powercontrolled on the basis of the associated DCH, offset by CQI . Because of macro diversity
gain, the transmit power of the UE may be reduced while in handover. The HS-DPCCH,
however, is detected only at the serving HSDPA cell. This situation is further complicated
by the fact that serving cell change may occur at a lower rate than Active Set updates,
potentially resulting in a UE, sending the CQI (and associated ACK/NAK) to a weak
member of the Active Set. To mitigate this problem, different CQI Power Offsets can be
set according to the handover state so that in handover, CQI could be increased by the
typical handover gain, 3 dB for 2-way, and 4.7 dB for 3-way. The ability to conﬁgure a
network in this manner is not standardized and is infrastructure-dependent.
7.4.3.3 ACK-NAK Reporting
The positive or negative acknowledgment of a HS-PDSCH transmission is always sent
7.5 slots (5 ms) after its transmission; it may be conﬁgured to repeat up to four times. As
with the CQI report, both the ACK and NAK have individual conﬁgurable power offsets
compared to the associated Release 99 DPCCH. Trade-offs for setting these offsets are
similar to those for the CQI power offset: that is, the higher misdetection rate of a smaller
offset must be weighed against the increased UL interference and PAR, and reduced
battery life, of a higher offset. The soft handover issue is also similar: the DPCH on
which the offset is based may be transmitted at a lower level if multiple radio links
exist.
In setting the ACK/NAK offsets, the relative impact of an ACK misinterpretation versus
a NAK misinterpretation should be considered:
• ACK misdetected as either a DTX or a NAK. This causes the HARQ process at the
Node B to retransmit that data packet. If correctly decoded by the UE, this duplicate
transmission is simply disregarded. Although this second packet could have been used
for a new data transmission, the overall impact is relatively small with just one extra
transmission required by a single HARQ process.
• NAK misdetected as an ACK. This error has a more signiﬁcant impact. Here in this
case, the Node B assumes that the UE correctly decoded the data; thus a new data
block is sent associated with that same HARQ process. When the UE detects that
new data has been sent, it ﬂushes any previously stored transmissions of the original
data block. RLC retransmissions would recover this discarded data, assuming AM.
Clearly, the effect is more signiﬁcant than a single retransmission of a HARQ as in the
previous case.
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The other item associated with ACK/NAK reporting is the Repetition Factor. Increasing the number of times that an acknowledgment is transmitted improves the reliability
of detection. However, because of the synchronized relationship of HS-PDSCH and
ACK/NAK transmissions, repeating an acknowledgment disallows certain subframes for
HS-PDSCH data transmission. As a result, the achievable maximum data rate decreases
by the number of times that ACK/NAK is repeated. To maximize data throughput, the
repetition factor is usually set to 1 for initial deployments, except when the infrastructure allows different settings for UEs in soft handover. In that case, allowing multiple
ACK/NAK transmissions is acceptable; it reduces achievable throughput, but maintains
the integrity of the HARQ processes, compared to signiﬁcant RLC retransmissions.
7.4.3.4 MAC-hs Reordering Queue Parameters
As described in Section 7.4.1.2, a reordering mechanism must buffer and sort the packets
from multiple HARQ processes before PDUs can be delivered to RLC, in order. The
MAC-hs reordering entity employs both window and timer mechanisms to ﬂush holes,
avoid sequence number ambiguity, and prevent stalling.
First, the MAC-hs Transmit/Receive Window size should be set to allow the maximum
desired number of transmissions associated with each HARQ process. If the window size
value is too small, signiﬁcant RLC retransmissions–as substantially incomplete blocks
of data–would be delivered to RLC, even though the UE Physical Layer successfully
received them. This could possibly cause stalls in environments with rapidly changing
RF. Conversely, if the window size value is too large, latency increases. Data delivery
could be delayed while the mechanism waits for delivery of a single HARQ transmission,
which has been unsuccessfully transmitted multiple times. If IR combining is being used
instead of Chase combining, this also increases the required UE memory utilization.
In terms of what is an appropriate number of retransmissions, Ref [15] demonstrates
that, usually, little gain is obtained beyond the second transmission for both Chase and IR
combining. Assuming that a UE could have the maximum number of 8 HARQ processes
assigned to it, this implies an appropriate window size of 16.
The MAC-hs Reordering Release (T1) Timer is used for stall avoidance. The timer
is started on the successful reception of a later packet after a previous packet has been
NAK’ed, except when the timer is already running. On expiration of the timer, all PDUs
are delivered, regardless of whether the hole has been ﬁlled or not. The timer should be
set in such a way that the maximum desired retransmissions from all HARQ processes
are allowed to complete. Setting the timer too high, particularly in relation to the Status
Prohibit Timer at the RLC layer, results in unnecessary RLC retransmissions. Also, this
could introduce signiﬁcant delays in delivering data to higher layers.
The Release 5 speciﬁcations allow different receiver window sizes and timer settings
for different reordering queues. While initial deployments will likely be implemented with
a single queue, future implementations could set characteristics for queues depending on
their applications. For example, for queues serving delay-sensitive applications, relatively
low values would achieve better performance. For queues serving delay-tolerant applications, relatively high values would be more appropriate. Both parameters, though, must
be set in conjunction with the RLC parameters of the respective logical channels that are
being served.
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7.4.3.5 Serving Cell Change Parameters
As mentioned in Section 7.4.2, HSDPA does not allow soft handover for the serving HS
cell. If the UE has multiple Release 99 radio links in its Active Set, the cell with the
strongest radio link should be the HSDPA server. The UE uses Event 1d to report the
strongest cell to the RNC, reporting whenever the strongest cell changes. Also, when
set up with a Measurement Control Message, the event immediately reports the best cell
regardless of whether the strongest cell has recently changed.
The following parameters deﬁne how an Event 1d is reported:
• Measurement quantity. The measurement quantity can be path loss, CPICH RSCP,
or CPICH Ec /No . The most appropriate measure for triggering the event is CPICH
Ec /No because it provides the closest estimate of the radio link quality.
• Event 1d hysteresis (H1d ). Using CPICH Ec /No as the measurement quantity, an
Event 1d is triggered when:
Ec /No(NotBest) ≥ Ec /No(Best) + H1d /2

(7.5)

where:
• Ec /No(NotBest) is the Ec /No of any cell that is currently not the best cell2
• Ec /No(Best) is the Ec /No of any cell that is currently the best cell2
• H1d is the hysteresis for Event 1d
• A cell individual offset (CIO) could also be applied but is not considered here.
Because of the inherent delay associated with cell change, depending on whether synchronized or unsynchronized cell change is implemented, an appropriate hysteresis must
be chosen that avoids ping-pong effect between two cells of similar strength, yet does
not delay cell change to the extent that the serving HS cell is signiﬁcantly weaker than
another available cell. In the synchronized cell change case, frequent Event 1d triggering
increases signaling load and also causes frequent ﬂushing of the MAC-hs buffers of the
cells involved in the cell change. This triggers RLC retransmissions that signiﬁcantly
affect the achievable user data rate and thus capacity. In the unsynchronized cell change
case, using a large hysteresis causes the serving HSDPA cell to be of a relatively poor
or even unsuitable quality compared to others. This could lead to possible data transfer
interruption and throughput degradation.
• Event 1d Time-to-Trigger (TTT). The condition shown in equation 7.5 must exist for
a time equal to the TTT before a Measurement Report is generated. If this parameter is
set to a relatively high value, the necessary triggering of the event due to a signiﬁcantly
stronger cell is delayed or may not take place at all. If set to a relatively low value,
small ﬂuctuations in CPICH Ec /No of nonbest server can trigger Event 1d, leading to
frequent cell changes. TTT must also be set in conjunction with the ﬁlter coefﬁcient,
which was described in Chapter 4, because they have similar effects.
As handover parameters, TTT and hysteresis have opposite effects: larger TTT and
small H1d is almost equivalent to low TTT and large H1d . The selection of a suitable
set should then be based on the overall number of cell changes and on throughput. But
it depends on the mobility observed: in low mobility, long TTT and low H1d work
best; in high mobility, short TTT and high H1d work best.
2

Either best or not best cell can be the currently serving cell.
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Another factor affecting the cell change parameters is how much time the speciﬁc
infrastructure typically takes to complete the cell change. A network capable of rapid
cell change is more suitable for UEs in RF environments where the best cell changes
frequently; the hysteresis and TTT can then be set accordingly. At the time of this writing,
typical cell change times can range from 300 to 800 ms depending on infrastructure
vendor.
7.4.3.6 Scheduler
The throughput and latency performance of an HSDPA system is a function of available
resources. This includes power allocated to the HS-PDSCH and HS-SCCH channels, as
well as the number of HS-SCCH deﬁned and the number of OVSF codes that are available
for the HS-PDSCH. If only a single user accesses HSDPA services from a cell, the cell
can allocate all available resources to that user. In the real world, however, there will
always be multiple users–each with an individual demand proﬁle–attempting to utilize
the available resources. The HSDPA cell is expected to manage the available limited
resources to serve all the users accessing the system, as effectively as possible. The
function of allocating resources to various users is performed by the scheduler, which, as
described previously, resides at the Node B for HSDPA. To decide when, and with what
resources, a user is served, the scheduler requires the following inputs:
•
•
•
•
•
•
•
•

Available HS-PDSCH power
Available HS-SCCH power
Number of HS-SCCH
Available OVSF codes for HS-PDSCH
User CQI reports
User data availability (buffer occupancy)
Buffer data arrival rate
Number of users to be served

Additionally, the scheduler may also have to satisfy users’ different QoS requirements [16], such as the following:
•
•
•
•

User priority
Guaranteed data rate
Latency requirement
User trafﬁc class

On the basis of these factors, the scheduler must decide when to schedule a user and
which TBS to assign. No criteria specify how the scheduler should make this decision;
thus scheduling can be designed to achieve one of several goals. The following are the
main scheduling algorithms for HSDPA:
• Round robin. This is the simplest of all scheduling algorithms. Resources are allocated
to all users cyclically and for the same duration. Depending on implementation, the
size of the transport block allocated to each user can be based both on the reported CQI
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and the availability of power and codes, or the reported CQI can be ignored such that
the TBS allocated is blind to RF conditions.
• Maximum CQI. Scheduling is based on the CQI report of each user with the highest
priority given to whoever reports the greatest value. This approach is substantially
biased towards users in good RF conditions, and it produces very different results
than Round Robin. While the overall cell throughput is signiﬁcantly increased, users
at the edge of coverage rarely get service. From a fairness perspective, therefore,
this technique likely produces an unacceptable variation in service quality that would
negatively affect overall user satisfaction.
• Proportional fair. This type of scheduler takes advantage of the fact that the fading
experienced by the signals received by different UEs is uncorrelated. It attempts to
serve a user when the experienced channel conditions are relatively good, while still
maintaining equitable access to the available resources for all users. Figure 7.25 shows
this concept schematically. The ﬁgure shows the variation of the Signal-to-Interference
and Noise Ratio (SINR) with time for three different UEs. It also illustrates Opportune
Service Times where the SINR is relatively high within the time interval shown. The
result is the scheduling order shown in this example. In this type of scheduler, the
evolution of the CQI of a given user is more important than its absolute value (as in
the Maximum CQI scheme).
To decide which user to schedule, the Proportional Fair algorithm deﬁnes a priority for
each user. Assuming N active HSDPA users, the priority of each user Pi at subframe t is:
Pi =

CQIi (t)
λi (t)

(7.6)

such that:
λi (t + 1) = (1 − 1/α)λi (t) + 1/α × Current data rate

(7.7)

where α is a time speciﬁed in terms of a number of slots.
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Figure 7.25 Schematic diagram of a Proportional Fair Scheduler
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The two equations above indicate that if a user’s channel condition improves, the
priority increases; if it worsens, the priority decreases. In steady channel conditions, the
priority stays the same. The parameter α sets the sensitivity and can be changed to adjust
the rate at which a user’s priority recovers as channel conditions improve:
• If parameter α is set too low, the user’s priority increases too quickly after only a brief
recovery in channel quality.
• If parameter α is set too high, it takes too long for the user’s priority to increase,
resulting in possible missed opportunities where that user could have been scheduled
for data transmission.
An inherent property of the Proportional Fair algorithm is that it gives higher priority to
delay-sensitive applications such as HTTP, as opposed to delay-tolerant applications [17].
In addition to choosing which algorithm to employ, the scheduler also decides the TBS
to be transmitted to a UE. The scheduler bases this not only on CQI reports, but also on the
available OVSF codes and power, allocating these resources as required. For example,
if a cell is code-limited, the scheduler may decide to use a relatively low number of
codes but with a relatively high power allocation. If a cell is power-limited, the scheduler
may decide to use a relatively high number of codes but with a relatively low power
allocation.
The scheduler also has one more dimension that can be changed in terms of the modulation scheme. The Node B can choose between QPSK and 16-QAM (except for UE
categories 11 and 12 which support only QPSK) based on its perception of RF conditions.
Finally, scheduling decisions also may be inﬂuenced by the relative priority of the users
and the trafﬁc class.
7.4.4 RLC Parameters and HSDPA
The Release 5 speciﬁcations do not deﬁne any new RLC parameters for HSDPA. However,
the smaller 2-ms TTI and the higher data rates associated with HSDPA mean that typical
Round Trip Times (RTT) are lower than those in a Release 99 system. Hence, for HSDPA,
the RLC parameter setting recommendations that are described in Chapter 5 must be
reevaluated and new settings recomputed.
A speciﬁc RLC problem arises because of the higher data rates of HSDPA and the
transmit window associated with RLC. In Acknowledged Mode (AM), this window deﬁnes
the maximum number of RLC PDUs that can be transmitted before an acknowledgment
is required. RLC also normally uses the Transmit Status Prohibit (TSP) timer to keep the
receiver from sending status reports more often than one RTT. For a speciﬁc RLC PDU
size, RTT, and TSP, [18] the maximum data rate would be deﬁned as:
Maximum data rate =

RX window size × PDU size
.
RTT + TSP

(7.8)

The window size has a maximum value of 4096 PDUs, but a number of error conditions
would arise if this value were used. This leads to an actual maximum utilizable window
size of 2048 PDUs. In Release 99, if RTT is assumed to be 200 ms and the maximum
PDU size is 320 bits, this would limit the maximum HSDPA data rate to 1.6 Mbps,
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assuming that the setting recommended in Chapter 5 is followed for TSP. This is well
below the maximum data rate that many types of UE support.
To address this issue, one partial solution is to double the RLC PDU size to 640 bits,
thereby doubling the maximum supported data rate to 3.2 Mbps. Another factor is that
the RTT achieved with HSDPA is smaller than that of Release 99. If an RTT of 100 ms
is assumed, this limits the maximum supported data rate to 3.2 and 6.4 Mbps for 320 and
640 bit PDUs, respectively.

7.5 HSDPA Key Performance Indicators (KPI)
HSDPA is designed to provide high-speed PS data service. PS data service is used
for many diverse applications such as Web browsing, e-mail access, and so on. On
the basis of the performance requirements for each application, and as discussed in
Chapter 5, they can be classiﬁed into four trafﬁc class categories: conversational, streaming, interactive, and background. Each class has different requirements that can be speciﬁed in terms of two key indicators for PS data categorization, namely, throughput and
latency. To determine how well HSDPA can support different trafﬁc classes, these two
indicators should be used to qualify the network. Chapter 5 described how they could
be measured. The metrics described here focus more closely on HSDPA performance
measurements.
7.5.1 Physical Layer Metrics
The following Physical Layer metrics allow a UE’s performance to be categorized throughout a typical stationary or mobile test:
• Reported Channel Quality Indicator (CQI). Both the instantaneous and median CQI
reported by a UE are important, because they indicate the quality of the network
coverage area. Different UEs in the same radio conditions may report different CQIs,
but the Node B scheduler uses the absolute value and rate of variation to decide what
TBS, and hence data rate, to allocate.
• Transport Block Size (TBS). The TBS that the cell schedules for the UE under test.
The Physical Layer rate can be computed on the basis of the TBS information according
to equation 7.2.
• Percentage of time scheduled. The percentage of total time the tested UE is scheduled
by the cell, during the test. This is an important metric to evaluate when performing
tests that measure achievable UE throughput, assuming a full buffer. In a multiple UE
test, this metric can also be used to track the scheduler performances based on the PS
trafﬁc proﬁle.
• Mean time between schedules. The mean time between consecutive schedules for the
same user. Clearly, the scheduling algorithm signiﬁcantly affects this metric.
7.5.2 MAC Layer Metrics
For the MAC layer, performance metrics evaluate the achieved BLER and how this relates
to HARQ. One such metric is ﬁrst transmission BLER. This is the BLER calculated for
only the ﬁrst transmission of a given HARQ process. This can simply be evaluated
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by counting the number of NACKs received after every ﬁrst transmission (New Data
Indicator(NDI) set), as follows:
First transmission BLER
Total number of NACKs after ﬁrst transmission
.
=
Total number of new transmissions

(7.9)

In static conditions, the BLER is expected to be 10%, based on the deﬁnition of
CQI, assuming that the scheduler reacts and schedules resources as indicated by the CQI
report.
Residual BLER is the BLER at the end of the last retransmission for a given HARQ
process. This is the BLER that is presented to the RLC layer, thus governing the number
of RLC transmissions. A large Residual BLER leads to signiﬁcant RLC retransmissions
and also increases latency. It is calculated as follows:
Residual transmission BLER
Total number of NACKs after last retransmission
.
=
Total number of new transmissions + Total number of ACKs

(7.10)

An additional concern for the MAC Layer performance is accurate reception of any
acknowledgments sent on the HS-DPCCH. Of speciﬁc interest are the following:
• Percentage of ACK to NAK/DTX interpretations. The percentage of the total number
of ACKs transmitted by the UE that are detected either as NACKs or DTXs. This results
in a retransmission of the transport block by the associated HARQ process but does
not involve RLC. Any retransmitted transport blocks that are successfully decoded
by the UE are discarded. Throughput degrades when many of these misdetections
occur.
• Percentage of NAK to ACK interpretations. The percentage of the total number of
NACKs transmitted by the UE that are detected as ACKs. In this case, the Node B
assumes that the transmission has been successfully received by the UE. As a result,
the Node B never retransmits the transport block associated with that particular NAK.
Hence, every NAK to ACK conversion result in RLC retransmissions and an associated
increase in latency.
To avoid Transmission Sequence Number (TSN) wrap and stalling of the reordering
queue, two mechanisms are used to ﬂush the MAC-hs buffer: a transmit window that
aligns its leading edge with the most recent transmission, and a timer (T1) that starts
when a hole is detected in the reordering queue. A measurable performance metric is the
number of T1 expirations, because each expiration results in an RLC retransmission.
7.5.3 Serving Cell Change Metrics
As discussed in Section 7.4.2, there are two techniques for performing a serving HSDPA
cell change: synchronized or unsynchronized. The technique being used affects the time
taken to complete the change and also the amount of data lost. The following metrics
categorize the performance associated with the change:
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• Duration of data interruption. A change in serving cell is a form of hard handover
and the data ﬂow is interrupted during its occurrence. This interruption causes lower
throughput and increased latency during the change. It is computed as the time difference between the last packet received on the source cell and the ﬁrst packet received
on the target cell.
• RLC bytes retransmitted. The number of RLC bytes retransmitted during Serving Cell Change. In this case, RLC retransmissions are a result of a MAC-hs reset,
which is inevitable with an unsynchronized change but can also occur during a synchronized change if the speciﬁed action time does not allow the Node B enough
time to successfully transmit all remaining data. Other causes of a MAC-hs reset
include nonresidual BLER after the maximum number of HARQ retransmissions,
or NAK to ACK conversions due to a weak UL. Therefore, when computing RLC
bytes Retransmitted to study the impact of the cell change, retransmissions must
be appropriately categorized so as to exclude any retransmissions not related to cell
change.
• Activation time. The duration of the Action Time for a synchronized cell change; this
is implementation-dependent but generally based on proprietary buffer management
schemes. A long activation time means that the UE is forced to use nonbest server for
HSDPA for longer than may be necessary. A short activation time leaves insufﬁcient
time for the Node B to transmit all the data in the MAC-hs buffer, thus causing RLC
retransmissions.

7.6 Test Setup
As described earlier, throughput and latency are important performance indicators for a
packet data system. Throughput can be measured using applications such as FTP, perfmon,
Ethereal, or Iperf. While FTP uses TCP as its transport protocol, iperf can use either TCP
or UDP. Latency can be measured with ping or http. For HSDPA, the test methodology
used to measure throughput and latency is similar to that for Release 99, as described in
Chapter 5.
HSDPA allows priorities to be assigned at the MAC layer for the data ﬂows carrying the payloads of different applications. These applications may have different QoS
requirements. Figure 7.26 shows such a situation, with two MAC-d ﬂows assigned to two
different priority queues.
As an example of how applications fall into different trafﬁc classes, e-mail ﬁts into
the background trafﬁc class and is delay-tolerant. Video streaming, however, ﬁts into
the streaming trafﬁc class and is more sensitive to delay variations. Hence, a MAC-d
ﬂow corresponding to an e-mail application would be assigned to a lower priority queue,
whereas a MAC-d ﬂow corresponding to video streaming application would be assigned
a higher priority. The scheduler is expected to consider the priorities of the different ﬂows
while scheduling data on HS-PDSCH.
To determine the capabilities of an HSDPA system, tests must be carried out to evaluate
the performance of applications with different QoS requirements when these applications
are used simultaneously. Figure 7.26 illustrates one of the many possible combinations.
To fully qualify the user’s experience computing all of the following: throughput, latency,
HSDPA-speciﬁc metrics, and application-speciﬁc metrics is required.
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Multiple applications with different QoS requirements
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8
Indoor Coverage
Patrick Chan, Kenneth R. Baker and Christophe Chevallier

8.1 Introduction
It could be said that nobody plans indoor systems: people just walk into a building,
look around, and ﬁgure out where to put coverage antennas. While the cellular industry
is populated with experienced engineers who can do a pretty good job of providing
coverage inside individual buildings, it is our contention that such an approach does not
fully consider the best operation of the network as a whole. Is it more economically
feasible to provide coverage inside buildings from the outside network? Can a cell, or
perhaps a microcell, be placed adjacent to a building to provide coverage to the occupants
or does it make more sense to place a cell in the building? What impact will that microcell
have on the performance of surrounding cells or of the network as a whole? Would a
repeater, perhaps in combination with a Distributed Antenna System (DAS), provide a
more economical solution? Which will provide the best service for the lowest cost? This
chapter addresses these questions and more.

8.2 Design Approach and Economic Considerations
8.2.1 Indoor Coverage: The Traditional Approach
Traditionally, indoor coverage has been provided from outdoors. This approach has its
roots in the analog origins of cellular telephony in the late 1970s. Cellular telephones
used to ﬁt neatly under the seat of a car, or perhaps in the trunk. These phones were used
outdoors, in a vehicle, often with an antenna mounted on the roof and power supplied from
the vehicle’s electrical system. Network planners concentrated on the obvious: providing
coverage and capacity to the outdoor environment, with the emphasis on the streets and
highways where customers used their phones.
As cellular telephones became more portable, coverage for indoor environments gained
importance. The migration of cellular telephones indoors changed the way networks were
planned. The natural and most straightforward tendency was to put cells closer together:
WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects
 2006 QUALCOMM Incorporated

QUALCOMM Incorporated

www.4electron.com

316

WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects

a stronger signal outside implies more signal inside. How much closer could cells be
positioned? This was dictated by the Link Budget in concert with the maximum Signalto-Noise Ratio (SNR) that the air interface technology could tolerate, because putting cells
closer to one another increases the co-channel and adjacent channel noise. FDMA and
TDMA air interface technologies could, to some extent, use the frequency plan to help
mitigate interference–both co-channel and adjacent channel–as cell sites were spaced
more closely together. It was also possible to reserve certain sets of frequencies for use
indoors or in places where capacity or coverage dictated the use of a microcell.
Microcells and picocells were not initially part of network architecture. In other words,
the vendors of cellular networking equipment were not quick to introduce smaller cells
(lower output power, smaller equipment footprint) into their product lines. Even today,
these components are the exception for WCDMA. Yet, according to some estimates, 60
to 70% of cellular trafﬁc originates from indoors [1]. As data rates increase, the Link
Budgets for user equipments (UEs) with ﬁnite output transmit power will deﬁne cells
with smaller radii. It makes sense to put cells closer to where the customers are.
8.2.1.1 Placing Cells Closer Together
In most network plans, to make cells smaller and closer together, a Building Penetration
Loss (BPL), also referred to as a building penetration margin, is inserted into the Link
Budget. The Link Budget predicts the Maximum Allowable Path Loss (MAPL) that can
be sustained between transmitter and receiver. The MAPL in turn deﬁnes the cell radius
by casting the maximum sustainable path loss across some suitable propagation model.
It is important to remember that the BPL is a loss margin assumed and inserted into
the Link Budget to account for the anticipated reduction of power as signals propagate
into buildings. Outside the building, this reduction in received power does not exist. The
result is that cells are closer together and interference increases, on both the Uplink and
Downlink. In WCDMA, there is no frequency plan to help hide the extra interference
between cells. For any individual channel (UARFCN), all users utilize the same frequency
spectrum resource. As cells are placed closer together, interference goes up and, as a
collateral effect, per-cell capacity goes down.
It is important to specify that it is the capacity of an individual cell that decreases. If
many more cells are placed, the increased number of cells compensates for the reduced
capacity per cell and the overall network capacity increases. But at what cost? Every cell
site has an associated capital cost as well as continuing operating expenses. There is also
cost associated with the optimization effort, which tends to increase as the density of
cells increases. It becomes clear that as the density of cells in a given area increases, the
cost increases. At some point, the network operator encounters diminishing returns.
8.2.1.2 Analyzing Network Capacity as a Function of Cell Spacing
To illustrate this situation, we used a commercial network planning tool to simulate a
19-cell microcell system as shown in Figure 8.1. We analyzed the capacity for two propagation conditions: (1) line of sight (LOS) and (2) obstructed (OBS). Both propagation
conditions were modeled using two different antenna heights, for a total of four cases:
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Figure 8.1

1.
2.
3.
4.

Cluster of 19 microcells

LOS propagation from low antennas (3.7 m)
LOS propagation from high antennas (13.3 m)
OBS propagation from low antennas (3.7 m)
OBS propagation from high antennas (13.3 m)

The simulation was repeated for different cell spacing distances; that is, the cell density,
in terms of number of cells per square kilometer, became a variable in the simulations. In
this way, total system capacity was calculated as a function of the distance between cell
sites. System performance as a function of antenna height and propagation environment
can also be compared.
The LOS cases used a Fresnel zone break point model as shown in Figure 8.2, while
the OBS cases used a one slope path loss model as shown in Figure 8.3. For realistic
results, the propagation models used were based on measurement studies in a dense
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Line-of-sight Fresnel zone break point propagation model

Path loss [dB]

n2

n1
First Fresnel zone

Distance [km]

Figure 8.2

LOS propagation model

Path loss [dB]

Obstructed one-slope path loss propagation model

n

Distance [km]

Figure 8.3

OBS propagation model

urban environment where transmitter heights were low and cell spacing was less than
1 km [2].
For the relevant topology, it can be shown that this model is accurate if the break
point distance is selected carefully, as by the standard deviation indicated in Tables 8.1
and 8.2. In these tables, the measured standard deviation (σ ) is around 8 dB, a typical
value recognized by network planners as the limit of accuracy for a statistical model.
Table 8.1 LOS model accuracy and path loss exponents before (n1 ) and after (n2 ), the breakpoint
Antenna height

n1

n2

Low (3.7 m)
High (13.3 m)

2.18
2.07

3.29
4.16

σ (dB)
8.76
8.77
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Table 8.2 OBS model accuracy and path
loss exponents before (n), the breakpoint
Antenna height

n

Low (3.7 m)
High (13.3 m)

2.58
2.69

σ (dB)
9.31
7.94

Path loss [dB]

Network planning tool propagation model

K2

K1

Distance [km]

Figure 8.4 Network planning tool standard propagation model

In the network planning tool used for the simulation, a standard point slope model takes
the form presented in Equation 8.1 and illustrated in Figure 8.4 [3]. This model must be
adapted to the considered model, as presented in Table 8.3.
PL = K1 + K2 log(D)

(8.1)

The model, originally developed for 1900 MHz, was adjusted for the IMT-2000 frequency
band (2.1 GHz) by augmenting the intercepts by 0.91 dB, as in equation 8.2.


2110
PL = 20 × log
(8.2)
1900
The slopes and standard deviations remained unchanged, taken as reasonable assumptions within a limited frequency change.
Table 8.3 Summary of propagation models for capacity analysis
Low antenna height, LOS
High antenna height, LOS
Low antenna heights, OBS
High antenna heights, OBS

K1
K1
K1
K1
K1
K1

= 36.2 and K2 = 21.8 for d<159 m
= 11.76 and K2 = 32.9 for d>159 m
= 37.4 and K2 = 20.7 for d<573 m
= −20.245 and K2 = 41.6 for d>573 m
= 39 and K2 = 26.9
= 39 and K2 = 25.8
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Table 8.3 summarizes the four variants of this model used in this study.
To illustrate network performance, we analyzed the 19-sector system shown in
Figure 8.1 using multiple Monte Carlo simulations to determine the maximum trafﬁc
that could be sustained by the central cells. Considering only the central cells capacity
does not factor in the effects of network boundary (cell edge); thus, the simulation results
are consistent with the expected results for an embedded cell.
Figure 8.5 shows how the capacity of an individual cell decreases as the distance
between the cells decreases.
In Figure 8.5, the cells with lower antennas have more capacity than those with higher
antennas. Also notice that the OBS propagation models show greater capacity than the
LOS cases. Both these observations illustrate the effect of increased interference on the
air link capacity. These observations are consistent with expected results, because either
reducing the antenna height or increasing the isolation between cells (using the OBS
model in our case) is consistent with optimization techniques.
While the capacity of a single cell decreases, it is important to understand how the
overall network capacity evolves with reduced site-to-site distance. Figure 8.6 illustrates
how the number of calls per unit area increases as the cell density increases. This occurs
Maximum middle Node B cell capacity
Number of calls
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Low LOS
High OBS
Low OBS
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Figure 8.5 Node B capacity as a function of cell distance
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Low LOS
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Handover status as a function of cell distance

despite the fact that the capacity per sector decreases. In other words, increasing the
number of cells per square kilometer does increase the overall network capacity; however,
the cost per square kilometer increases dramatically as well.
Figure 8.6 shows that for the high antenna height/LOS model, capacity decreased when
the site spacing was less than 150 m. (This is approximately 50 cells per square kilometer.) This scenario is consistent with a network that is not perfectly optimized for RF
conﬁguration. It also represents what can be observed indoors at higher elevations (i.e.,
in tall buildings) on ﬂoors higher than the average clutter height in urban environments.
Figure 8.6 also shows that the number of calls per unit area increased as the density of
cells increased, except in the High LOS case just mentioned.
In addition to the obvious capital costs of such a dense network of microcells, there
is also a network resource cost, in the form of increased soft handover. Naturally, as
the cells get closer together, the amount of soft handover increases as well, assuming
that the handover parameters remain constant. Figure 8.7 illustrates the increase in soft
handover as a function of the distance between cells. Once again, lower cells exhibit less
soft handover than higher cells.
To summarize, a network can be deployed with site-to-site distances that could overcome building penetration of 40 dB. Such a network would provide a large, even if not
optimal, capacity because of the large overlap between cells.
8.2.2 Indoor Coverage: A Hypothetical Approach
Section 8.2.1 described the traditional approach to covering the indoors from the outdoor
network. But a key question might suggest another approach to indoor network planning:
where are the network users, the customers? Think of a typical urban environment characterized by dense population, tall buildings, and often narrow streets. Sometimes the
buildings are extremely tall, but not necessarily, and usually not over the entire urban
area of interest to WCDMA operators. In such an environment, the users are generally at

www.4electron.com

322

WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects

street level or inside the buildings. Indeed, if one believes the marketing research, 70%
of the users are in the buildings.
As a counter-example of planning, what if all cell sites for this urban area are inside the
buildings? Imagine a hypothetical world where there are no outdoor cell sites, only cells in
the buildings. Suddenly 70% of the user population has excellent indoor coverage. As for
users in the street, many of them will be covered by signals that leak out of the buildings.
This hypothetical world illustrates a second approach to indoor network planning, the
antithesis of the traditional approach. Here, the cells are placed inside the buildings and
the leakage from the buildings is allowed to cover the streets. BPL is symmetric. Radio
signals exit and provide coverage in the streets.
Some obvious questions when considering a network of indoor cells are what is the capacity of each individual cell and how will such a network operate as a whole? We can estimate
that the cells, considered individually, have more capacity. This is because the UEs, most
certainly those inside the buildings, would perceive less Downlink interference. Similarly,
our indoor cells would receive less Uplink interference from UEs in other cells, consistent
with the interference factor (α) introduced in the Uplink capacity equation in Chapter 3 (see
equation 3.5). This occurs because the BPL would now be working in our favor. The cell
receivers inside a building do not hear users in other cells, because most of them are in other
buildings. On the Downlink, the BPL shields the UE from other Downlink signals. Experiments have been done that support these hypotheses, for High Speed Downlink Packet
Access (HSDPA) performance indoors over an optical-ﬁber-based DAS [4].
As for the 30% of users in the street, they also receive less Downlink interference. This
occurs because our cells are low and small in power. A user would receive signals from
the building nearby, possibly also signals from the building across the street, but still in
a limited amount.
Imagine other advantages of our hypothetical world. Users, both inside and out, would
be in more intimate contact with the serving cell. Outdoor users would see a reduction
in reselection errors and perhaps a reduction in reselection altogether when mobility is
limited. Gone would be the urban canyon effect, in which a UE rounds the corner and is
immediately inundated with a powerful new cell. That environment is prone to reselection
errors and often requires signiﬁcant optimization effort. Consider also the users inside the
buildings, who are more likely to be using high-speed data services. In our hypothetical
world of indoor cells, the users are now closer to the cell’s transmitters and receivers,
perhaps even in a LOS propagation environment. Such users ﬁnd themselves enjoying a
much better QoS. Naturally, this perfect world also has drawbacks, mainly for the outdoor
users traveling at higher velocities. For them, fast reselection and handover, deﬁnitely
become issues and highlights the need for some level of outdoor-to-outdoor coverage.
8.2.3 Indoor Coverage: The Hybrid Approach
So far, we have considered two radically different network planning approaches. The
ﬁrst is traditional: a network is planned and deployed from the outside with the intent
of covering the inside areas with increased signal strength from outdoors. The second is
hypothetical: the majority of cells are indoors and the streets are covered via leakage from
the buildings. We have seen some advantages and disadvantages to both approaches.
We now consider a third approach to indoor network planning, which amounts to a
hybrid of the two previous approaches. The reality is that, at least for the foreseeable
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future, network deployments will always begin from the outside. The reasons for this are
based in tradition as well as economics. Network operators planning and deploying a new
service must provide coverage to a large section of the population and over the widest
area as quickly as possible. Capital budgets are always limited, but they are especially
so when the business is not yet up and running, before it generates income to offset the
investment in spectrum and equipment.
A hybrid approach is simple: the network is deployed primarily from the outside looking in, but migrates toward the hypothetical network of predominately indoor cells as
the number of users grows and the network matures. The beneﬁts of this hypothetical
indoor-looking-out network take shape as more indoor cells are added while lowering
and removing the outdoor cells. Let us be clear: outdoor cells will always be needed,
for parks and outdoor gathering areas, as well as for the high-speed mobility user on
the streets. There will always be buildings with no access for installing indoor coverage
solutions, or where the limited trafﬁc does not justify the cost. The methodology of this
hybrid indoor design approach is to begin with the outdoor-to-indoor network, assuming
a reasonable BPL, typically around 20 dB, but to keep the hypothetical world of indoor
cells as the goal for network growth. The real key to this method is this: operators must
recognize that putting more cells outdoors (increasing outdoor cell density) is no longer
to their advantage. It is also important to keep in mind that indoor users will affect the
performance and capacity of the outdoor network [5,6].
For each network operator, a different set of circumstances deﬁnes the point at which
the next new cell is indoors, not outdoors. Operators must weigh many factors. Each
operator has a different cost for capital purchases and associated labor. Carriers offer
different services to different types of users. For example, a given operator’s business
might rely on providing high-speed data services to business users at their places of
business. Other operators might primarily provide voice service to residential users when
located in or around their own home. Competition among service providers strongly drives
the amount of expected indoor coverage. Labor costs, which vary around the world, drive
the economics of indoor solutions so that it is difﬁcult to deﬁne a universal guideline.
Until more economically viable picocells come on the market, many indoor networks will
require a DAS; the associated labor costs of pulling cables can dominate such networks.
Backhaul requirements for picocells also drive up costs, but with large variations that
depend on the topology (daisy chain, star, and so on). In this decision-making process,
one factor is consistent irrespective of the operator approach: prioritization of the building
to be covered is paramount. Prioritization is necessary to deploy the indoor cells, and can
also help in selecting the location of the outdoor macro sites. An appropriately placed
macro cell can cover inside buildings with BPL up to 40 dB!
The rest of this chapter describes various methods for introducing picocell and microcell
Node Bs into the network. It also discusses other indoor coverage solutions such as
repeaters.

8.3 Coverage Planning and Impact on Capacity
This section begins with a review of the main techniques available for distributing signals indoors. Next the differences in coverage planning between indoor systems and the
outdoor macronetwork are discussed, including estimates of how the indoor coverage is
affected when provided by the outdoor network or by a dedicated indoor solution. Finally,
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Figure 8.8

Antenna system

Indoor system illustrating radio system and antenna system

because the introduction of 3G mostly intends to provide improved PS data service, what
is required in different scenarios to reach a data rate of 384 kbps is estimated, after looking
at indoor capacity.
8.3.1 Indoor Coverage Systems
An indoor network solution can be divided into two parts: the radio system and the
antenna system, as shown in Figure 8.8. The radio system determines how to facilitate
the provision of radio bearers. For the radio system, this section discusses the practical
aspects of applying either repeaters and/or a dedicated Node B. The antenna system
deﬁnes how to distribute the radio bearers and radiate them to different indoor areas of
the building. Antenna systems can be divided into two major categories: passive, where
only passive components are used; and active, in which ampliﬁers and signal converters
constitute all or part of the distribution network. For the purposes of discussion, the
antenna system and the radio system are considered independent. This implies that any
radio system can be connected to any antenna system.
8.3.1.1 Radio System Components: Repeaters
A repeater is one of the most common radio signal sources for in-building coverage
extension. Repeaters come in a variety of types and sizes. In its most basic form, a
repeater consists of linear ampliﬁers connected in a back-to-back fashion, as shown in
the block diagram of Figure 8.9.

Donor antenna

Coverage antenna

Downlink gain

Uplink gain
Node B

Duplexer

Figure 8.9

Duplexer

User

Repeater block diagram
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In Figure 8.9, the duplexers separate the Uplink and Downlink signals to the appropriate
ampliﬁer chain. The gains of the Uplink and Downlink ampliﬁers are often controlled
individually. On some smaller, lower-power repeaters, the gain is not controllable but
instead is preset and determined by an automatic gain control (AGC) function. On other
units, the Uplink and Downlink gain can be set, but not independently for each link. As
discussed below, setting the repeater gain correctly is one of the main ways to optimize
the use of a repeater in a WCDMA network.
Repeaters can be connected to a donor Node B in three ways: an over-the-air link
(Figure 8.10 (a)), via a cable, either coaxial cable or an optical ﬁber link (Figure 8.10
(b)), or daisy chained using either cable or over-the-air links (Figure 8.10 (c)). In all
cases, each repeater is treated as an individual radio system component that is connected
to an antenna system to distribute signals to the desired coverage area.
When connected to the donor cell via a radio connection, the repeater for indoor application has two antennas; one for internal and one for external operation. The external
antenna, or donor antenna, is located usually on the roof of the building being covered,
and receives the Downlink signal coming from the donor cell site. Simultaneously, the
donor antenna transmits the Uplink signals to the donor cell. The repeater receives and
ampliﬁes the Downlink signal and then retransmits the Downlink through the serving
antenna or antenna system to cover the building. The serving antenna or antenna system
receives the Uplink signals from UEs in the repeater coverage area.
Repeaters do not add capacity to the network. They only move the available trafﬁc
capacity of the donor cell to areas that the cell could not otherwise directly access. These
areas can be indoors, as is the focus of this discussion. However, repeaters apply equally
well to areas where network service is desired but direct coverage from the macrocellular

Repeater
(A)

Cell

UE

Repeater
(B)

Cell
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UE

Repeater 1

UE
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Figure 8.10

Various repeater connection options
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Table 8.4

Main criteria for repeater selection

Parameter

Recommended
value

Gain

Maximum 90 dB

Isolation
Donor side antenna

Gain + 15 dB
High gain and high
directivity

Server side antenna

Depends on coverage
requirements

Comments

Gain affects the isolation
requirement
Prevents oscillation
Reduces repeater gain
requirement and helps ensure
that a single donor cell is
repeated
Either a single antenna or a
distributed antenna system is
possible

network is not possible: rural areas, tunnels, canyons, urban underground garages, train
platforms, airport terminals, shopping malls, and the like.
Table 8.4 summarizes the main criteria for planning and optimizing repeaters. The
discussion following the table provides more details.
Noise ﬁgure and peak power handling are important speciﬁcations of a repeater. The
power handling capability is probably the most obvious RF parameter. To achieve the
desired coverage, the repeater unit must be capable of providing enough Downlink output
power to drive the antenna system. Repeaters are available with output powers that range
from 10 mW to 10 W.
While sufﬁcient output power is easy to understand, network engineers should be aware
of some nuances associated with the choice of output power. As output power increases
on the Downlink, the power required at the repeater donor side input becomes greater.
This is because, in practice, the gain available from input to output of a repeater is limited to values of approximately 90 dB. Above 90 dB or so, repeaters become difﬁcult
(and expensive) to build because of the practical limitations on achieving sufﬁcient RF
isolation within an enclosed box. Furthermore, as the gain goes up, the requirement to
isolate the donor antenna from the server antenna increases, as discussed below. Consequently, for a repeater to have 10 W (40 dBm) of output power, assuming 90 dB
of gain, the input signal to the repeater must be approximately 40−90 = −50 dBm.
Of course, the donor antenna gain helps gather this energy. Nevertheless, the requirement of a −50 dBm donor side input signal limits how far such a large repeater can be
from the donor cell.
We must also keep in mind that the Downlink signal feeding the repeater must be
of high quality, that is, the SNR of the input signal must be sufﬁcient for good quality
communications at the output. In general, the repeater does very little ﬁltering and, for cost
reasons, does not regenerate the signal. The Downlink signal passes through the repeater
and is broadcast at a higher power, but not with better SNR than was available at the input.
If anything, the Downlink output SNR will be slightly worse, owing to the noise ﬁgure
of the repeater on the Downlink. This makes the Downlink noise ﬁgure of the repeater an
important parameter, along with the ﬁltering and intermodulation characteristics of this
transmitter device. In general, it is good practice to maintain at least a 20 dB SNR at the
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donor input of the repeater so that the repeated noise does not signiﬁcantly impact the
Downlink capacity in the repeater coverage area. At the same time, the repeated signal
should be of high quality, characterized, for example, by a strong CPICH Ec /No , ideally
better than −7 dB, in unloaded conditions.
It can be shown that high power repeaters will, by necessity, inject more Uplink signal
into the cell so as to maintain Uplink and Downlink balance at the UE. This strong Uplink
signal includes noise generated by the electronics of the repeater. Thus, the Uplink noise
ﬁgure of the repeater also becomes an issue.
To prevent a repeater from oscillating, sufﬁcient isolation is maintained between its
donor and server antennas. An oscillating repeater broadcasts noise and interference into
the donor cell site (perhaps into several cell sites) as well as into the UE coverage area.
Such interference can severely disrupt communication. The amount of isolation required
is a function of the gain of the repeater. In general, an antenna isolation that is at least
15 dB greater than the gain is established, as measured from input to output of the repeater
antenna ports. (This includes the antenna cables.) In the extreme case, if the repeater has
90 dB of gain, 105 dB of antenna isolation would be required. Needless to say, it can be
very challenging to obtain this level of isolation between two antennas that are physically
connected to the same device.
The isolation requirements between antennas are also factors in the planning of a
repeater. For example, an engineer may determine that a large repeater gain is required
for a desired repeater location. If this location does not allow the donor and sector antennas
to be physically mounted with sufﬁcient isolation, then a new location must be sought. For
indoor applications, the isolation requirements are aided by the building, which provides
isolation between the donor antenna on the outside of the building and the system antenna
inside the building.
Several types of donor antennas are possible. For urban applications, a low gain
(6 to 8 dB) Yagi–Uda antenna placed at the corner of a building is a common choice.
A parabolic dish is also common, especially when greater antenna gain is required. Both
Yagi–Uda and parabolic dish antennas provide good front-to-back performance as well
as directivity, which helps increase the isolation between the donor and server antennas.
These directive antennas also assist in targeting a single cell as input to the repeater so
that a single server dominates. Panel antennas can also be used in applications where low
proﬁles are needed, but their patterns should be selected carefully; their wider beamwidth
may cause several donor cells to be repeated.
For optimal performance, the donor antenna should be deployed so that propagation
between the donor site and the repeater is LOS. This minimizes the multipath and fading
impacts on this critical link. In addition, the donor antenna should have a view of only a
single cell so as to rebroadcast only a single PSC. To do otherwise puts all users in the
repeater coverage into soft handover. In this case, soft handover will not yield its natural
advantages because no link diversity would be provided (the link through the repeater
would be the same). However, the handover would adversely affect system resources
(such as OVSF code tree, channel elements, and Downlink power).
In summary, when using repeaters in a WCDMA network, engineers must follow some
basic procedures for installing, adjusting, and ﬁne-tuning to minimize any impact on the
capacity and coverage of the entire system. General recommendations for installing a
repeater for in-building coverage and for using a macronetwork cell as a donor are given
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below. All these recommendations can be accomplished with a test phone that measures
receive power, transmit power, CPICH RSCP, and CPICH Ec /No .
• On the Downlink, ensure that there is only one dominant server, characterized by a
single dominant CPICH. The goal is to have only one cell in the Active Set of any UE
in the repeater coverage area. This requires that no other PSCs are within the reporting
range deﬁned for Event 1a; otherwise every UE in the repeater coverage area ends up
in soft handover. Verify the dominant server by establishing a call with a test phone
and conﬁrm that the Active Set size is limited to one within the repeater coverage area.
• When setting the Downlink gain, check the output from each antenna node in the
building with a power meter or spectrum analyzer and make sure that the radiated
power is at the designed power level. A less rigorous alternative is to check the UE
operation within the building and make sure there is adequate coverage around each
antenna node.
• If time permits, perform a complete in-building test to verify coverage within the
intended areas.
• To allow for future growth, when setting the Downlink gain, check the repeater’s
WCDMA Downlink to ensure that there is head room for full power from the cell
when fully loaded on all frequencies.
• The most important requirement for WCDMA is to ensure that there is a good balance
between Uplink and Downlink coverage. Strive for link balance at the repeater server
antenna that is consistent with the link balance of the outside network.
• Because conditions can change with time, periodically carry out a routine audit of the
repeater and the antenna systems, both indoor and outdoor.
• When a new repeater is added, it is strongly recommended to monitor the donor cell,
in particular the level of UL interference as broadcast in SIB 7.
• When the donor cell is modiﬁed (by down tilting or re-pointing antennas, relocating
the cell site, or modifying output power), audit the repeater and adjust the repeater
parameters as required.
The last recommendation is important for making sure that the donor cell has not
changed and the monitored cell list contains the appropriate cells. This reﬂects an attribute
of repeaters: they extend the coverage of a particular cell (the donor cell) to locations
that were not originally part of the parameter data ﬁll. As such, network optimization
following the installation of a repeater often requires reevaluation of the Neighbor Lists
for the donor and surrounding cells to include new donor cell coverage areas.
All these recommendations also naturally apply to cascaded repeaters. In this case,
monitoring injected UL interference is even more critical, because noise rise would also
cascade. Also, auditing the monitored cell list is especially important because each added
repeater affects the coverage of the original donor cell.
8.3.1.2 Radio System Components: Picocells
This discussion deals with picocells, but it would hold true for microcells or even macrocells used indoors. While no formal deﬁnition exists, generally a picocell is deﬁned as a
Node B with low power (20 to 30 dBm) and low capacity (a single carrier and limited
channel elements), which connects to the UTRAN through the Iub.
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Compared to repeaters, picocells are generally more appropriate for providing inbuilding radio solutions when additional capacity is required. The main advantage of
using a dedicated Node B for an indoor system is that it provides additional radio and
network capacity. Higher output power is possible, depending on the equipment, without
the risk of oscillation that a repeater can bring. Furthermore, Node B equipment has an
inherent Operations, Administration, and Maintenance (OA&M) reporting capability that
repeaters usually lack. The greater output power permits large buildings to be served from
a central point, rather than from multiple repeaters and multiple antenna systems. High
data rate services can beneﬁt from the increased capacity and power. This requirement
alone can drive the need for a picocell over a repeater, because many indoor venues
demand high-rate data services.
The primary disadvantage of a dedicated indoor Node B is that it can be more expensive than repeaters. Even if picocell electronics became equivalent to repeaters in cost,
providing adequate backhaul always adds to the cost of indoor cells. Repeaters are popular because they reduce the backhaul requirements. Also, cells often require a shelter
space and corresponding support facilities (such as air-conditioning and power), which
contribute to the cost.
Introducing a picocell into the network is similar, in many respects, to introducing any
new cell into the network: all the usual commissioning and optimization procedures apply.
The unique effort centers on the fact that this cell exists within a building. In particular,
drive testing becomes walk testing. While this change may sound humorous, the reality
is that much of the world’s test equipment and post-processing software assumes outdoor
drive paths. Most of the test equipment available today are intended for mounting on a
vehicle. Often, the post-processing software assumes that GPS data provides location and
positioning of the measurements. As a result, adopting standard drive test equipment to
the indoor space is generally anything but routine.
For a newly added picocell, just as for any new cells introduced into an established
network, the Neighbor List must contain the appropriate cells. The fact that this new cell
exists in a building, perhaps with antennas on multiple ﬂoors, compounds the problem
three-dimensionally, that is, Neighbor Lists must be accurate on all levels of the building.
If the building is in a cluster of tall buildings, it is important to verify that service in
surrounding buildings has not been altered by the introduction of this new cell. Naturally,
the street-level performance must also be part of any commissioning or optimization
effort.
Finally, capacity requirements within the building dictate whether to select a picocell,
microcell, or a macrocell. If more than one cell is needed to accommodate expected
trafﬁc, a macrocell with a DAS may be a better option than several picocells/microcells.
For this option, both the interaction with the macro layer and the interactions among the
different indoor cells must be planned and optimized. In particular, to maximize indoor
capacity, plan and optimize indoor cells so that they overlap in spaces where trafﬁc
is low.
8.3.1.3 Antenna System Components
CDMA works well with DASs in general [7]. The options are diverse for antenna systems,
as outlined in Table 8.5 and given in further detail below.
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Table 8.5 Summary of antenna system components
Type

Passive

Active

Distribution
methods
Coaxial feed to
antenna nodes
Coaxial feed to leaky
coax
Optical distribution
Bidirectional
ampliﬁers
Cat 5 or other digital
cable

Main
advantage
Cheap compared to active system
Most appropriate for linear coverage:
tunnels, walkways, and so on
Allows distribution over long distance
Often part of leaky coax or large
DAS systems
A recent alternative to optical
distribution, presenting similar
advantages but with a lower
installation cost and shorter
distances

8.3.1.4 Indoor Antennas
The obvious component of an indoor antenna system is the antenna itself. Currently,
several manufacturers produce indoor antennas, in a large selection of types and sizes.
Electrically, most indoor antennas have lower gain than outdoor antennas. Indoor antennas fall into two categories: omnidirectional antennas, generally for ceiling installation;
and directional microwave-patch-type antennas, generally for wall installation. The most
common directional antenna for IMT-2000 band frequencies is a patch structure with a
typical beam width of approximately 90 degrees in both horizontal and vertical dimensions, linearly polarized, and with directivity that provides approximately 5 dB of gain. In
addition, these antennas can have built-in electrical downtilt that can help manage overlap
when multiple cells are deployed in an undivided enclosure. Usually, indoor antennas can
be designed to cover multiple operating bands, such as GSM900 and DCS1800, as well
as the IMT-2000 frequency band (2.1 GHz), so that separate antennas are not required.
As noted above, indoor antennas can be mounted either on the ceiling, on the wall, or
in some cases above the ceiling tiles for a truly invisible deployment. Aesthetics play a
part in all antenna deployments, including indoors. Building owners and occupants are
very sensitive to the aesthetics of their building and usually do not want indoor antennas
to be conspicuous. For optimal performance, the antennas must be mounted higher rather
than lower. Placing them above head level–just below or on the ceiling–gives the greatest coverage range, while ensuring that building occupants are at a safe distance from
Electromagnetic Radiation (EMR).
Tests have shown that propagation polarization is not a signiﬁcant issue for the indoor
environment [8]. This is largely due to two factors. First, the indoor environment is full
of reﬂecting objects, so that polarization is not maintained except in the shortest of LOS
propagation conditions. Second, today’s handheld devices are always held at random
angles, often next to the body of the user. The overall result is that the UE exhibits poor
polarization discrimination, both on the Uplink and Downlink. Nonetheless, most indoor
applications are vertically polarized.
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Antenna mounting should also help meet the coverage goals. For example, if the goal
is to capture the indoor trafﬁc on the indoor system and minimize the amount of trafﬁc
captured by the outdoor network, the indoor antennas should be placed at the external
walls and windows pointing into the building core. In this conﬁguration, power control
keeps the indoor UE from transmitting at higher powers near the windows, thus minimizing the interfering signals that radiate outside and affect the outdoor network capacity.
The trade-off is that it can be more costly to provide antenna nodes to the exterior walls
and windows of a building because more cables must be run from some central location. If cost is more important than capacity, mounting indoor antennas well within the
building would be appropriate. In this case, users tend to operate on the indoor system
when well inside the building and on the exterior macronetwork when near the walls and
windows; however, in many areas of the building, users would likely be in soft handover
between the indoor and outdoor system. In this last case, having similar link balancing for
the indoor and outdoor cells would be critical to avoid large ﬂuctuations in UE transmit
power.
When placing antennas indoors, engineers must comply with electromagnetic exposure
limits for people in the vicinity. Most countries legally mandate a maximum permitted
exposure limit for radio frequency energy. These legal requirements limit the maximum
permitted EIRP, as well as how close antennas can be mounted to people. In other words, a
minimum separation distance is often mandated between the public and the antenna. Speciﬁc local requirements are outside the scope of this section, but optimization/deployment
engineers should learn the applicable regulations.
Before considering the distribution systems commonly used indoors, a special case
should be made for leaky coaxial cable, as it can replace both the antennas and the
distribution system. Leaky coax has been used in mines and tunnels for many years [9],
and is widely deployed in mobile systems [10]. The cable itself appears similar to any
coaxial cable except slots or holes have been applied to the outer conductor allowing
radio signals to propagate (or leak) outward. The slots produce a distributed radiating
source along the length of the cable. This works well in tunnels and can also be used in
other indoor areas with a long coverage.
In all cables, power dissipates as the distance from the source increases. As a result,
coverage should be designed on the basis of the power level needed at the end of the
radiating cable. Despite the extra loss in a leaky coaxial cable due to radio signal leakage, the loss per unit distance is not much greater than for nonradiating coax of similar
size and construction. The exact amount of extra loss per unit length is a function of
the construction and frequency of operation. Leaky coax may have 15 to 20% greater
loss per unit length over that of similar nonradiating coaxial cable. Apart from longitudinal loss, the main parameter for leaky coaxial system design is the coupling loss.
The coupling loss is generally deﬁned as the signal loss between the leaky coaxial
cable and a standard dipole receiver antenna at a distance of 2 m. Deﬁnitions of coupling loss can vary from manufacturer to manufacturer, so it is important to follow
their guidelines when designing and deploying a leaky coax DAS. Most leaky coaxial cable products can cover a wide frequency band (450 MHz to 2.6 GHz is possible)
although the coupling loss may vary signiﬁcantly over such a wide frequency range. The
wide bandwidth permits the antenna system to be easily shared by multiple technologies/systems.
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8.3.1.5 Passive Distributed Antenna Systems
Various indoor antenna solutions can meet different deployment requirements. A DAS
solution distributes many antenna nodes throughout the coverage area. Each antenna node
can transmit and receive WCDMA signals. The Uplink signals from all the antenna nodes
are collected to a central point, the point of attachment to the radio system. Simultaneously,
the Downlink signals from the radio system are divided and distributed to each antenna
node for transmission. In general, DASs are either passive or active.
A DAS consists of a multicarrier combiner, coaxial cables, jumpers, power splitters,
directional couplers, attenuators, terminators, connectors/adaptors, and indoor antennas.
The multicarrier combiner is normally used in a shared DAS, which is an indoor distribution system that is shared among operators or different radio access technologies. A
shared DAS is sometimes called a neutral host system.
Deployment and optimization become more complicated with a neutral host system,
because different radio technologies have different Link Budgets. Consequently, they
could beneﬁt from different output powers and, perhaps, different antenna locations. Optimizing one service may affect the performance of another service that is also using the
system. Furthermore, maintaining suitable intermodulation performance among the different technologies can increase the cost of the DAS. On the other hand, sharing the
DAS among operators can reduce the cost of capital equipment and of installation and
maintenance.
If a multicarrier combiner is used, it usually is the ﬁrst major component to be connected
to the radio system. It combines and divides signals in both directions (Downlink and
Uplink) in different frequency bands while keeping the required isolation high (typically
>70 dB) and the intermodulation low (typically < −140 dBc) between different systems
connected to different ports. Insertion loss is low, about 6 to 8 dB, depending on the
number of system ports available on the multicarrier combiner.
Coaxial cables interconnect the radio system and the indoor antennas distributed over
multiple locations in the target building. In a passive system, these coaxial cables traverse
the building to reach the indoor antennas at different locations. They should have ﬁreresistant jackets and, if exposed to sunlight, UV-resistant jackets as well. They should
also comply with the building regulations. It is important to choose a coaxial cable size
that is the correct diameter to minimize loss and meet the DAS loss design. However,
we must ensure that the building conduits are large enough to accommodate the selected
feeder type.
Passive power-splitting devices permit the radio signal to arrive at antenna nodes in
different locations. Many passive power-splitting devices exist, with speciﬁcations for different uses. Equal-power-splitting devices (two-way: 3 dB; three-way: 4.8 dB; four-way:
6 dB; and so on) are commonly called power splitters or dividers. In reality, these devices
have slightly higher insertion loss ﬁgures (an additional 0.1 to 0.5 dB) than the perfect
splitting loss, due to losses within the device. In some cases, unequal power splitting must
balance the input power levels at different antennas that are connected through feeders of
varying lengths. This can be accomplished using directional couplers, which couple only
a portion of the power and only in one particular direction of propagation. Nonsymmetric
power dividers are also available, which send unequal amounts of power to different parts
of the building. For example, a 60 : 30 power splitter sends 1/3 of the energy to one output
port and 2/3 of the power to the second output port. By combining splitters and couplers,
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system losses can be managed so that all antennas have nearly equal Downlink output
power levels. This then becomes the design criterion for a passive indoor DAS: to specify
cable losses and coupler/splitter losses to distribute energy to each antenna node at the
desired level.
If this is achieved, antennas can be located at any distance from the Node B equipment.
To begin optimization, it must be conﬁrmed that each indoor antenna node is generating
the speciﬁed DL output power, not only at the antenna input but also over the intended
coverage area, while the UE transmit power remains within the valid range. This dynamic
range is greater than 70 dB, according to the standard [11]. For a typical Class 3 UE, the
transmit power will be from +24 dBm to −46 dBm. If the RF conditions require the UE
to operate below the latter condition, the UE will not be properly power-controlled and
will generate UL interference.
8.3.1.6 Active Distributed Antenna Systems
An active DAS contains the same components found in a passive DAS, with the addition
of active devices such as ampliﬁers, repeaters, or bidirectional ampliﬁers (BDAs) to
amplify and/or transport radio signals. This enables an active DAS to cover an area much
larger than a passive DAS. Active distribution systems, on the other hand, are more
complicated and have more problems with distortion and intermodulation. They may also
oscillate if excessive gain is used. Link balance remains critical, although the use of active
components with variable gain may make it easer to adjust link balance and output power.
An active DAS system may also have a ﬁber optic distribution system. Fiber distribution
networks not only apply to indoor systems but have also been incorporated into repeaters
and directly into cells. They work well as a DAS for large indoor coverage areas and
for remote distribution. RF signal on a ﬁber could be transported over tens of kilometers
by converting the RF to light over the ﬁber and back to RF for radiation using a local
antenna. A long feed results in long propagation delays that may need to be accounted
for. A large delay could affect timing-related processing functions and power control.
The ﬁber optic system has an interface that converts RF signal to light. The light is
transported over an optical cable through a number of optical connectors and splitters,
ﬁnally reaching the remote unit with a photo detector. The light wave is then converted
back into an RF signal and radiated by the indoor antenna nodes. The system usually has
an AGC to compensate for any loss in optical transmission, resulting in virtually no loss
in RF signal strength on the Downlink and Uplink at both ends.
The installation of optical ﬁber transmission lines and their supporting hardware is
generally more expensive than a coaxial cable or other transmission lines. Usually, optical
distribution systems are bought in a package that includes distribution hubs and antenna
nodes from the same vendor to ensure interoperability. Fiber hubs combine multiple
Node B signals, use band ﬁltering, and covert RF to and from optical signals before and
after distribution.
The most important speciﬁcations for ﬁber are noise and dynamic range. The laser diode
and the photodiode receivers contribute to noise and limit the dynamic range. Optical
transmission usually operates at wavelengths in the 1550 nm range and uses single-mode
ﬁber cables. Single-mode ﬁber cables have lower loss per meter and larger bandwidth,
and can transport signals over many kilometers. Multimode ﬁbers are used for shorter
runs of approximately 100 m.
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Table 8.6 Indoor (UE) to Outdoor (Node B) Uplink Link Budget
WCDMA
12.2
speech
a
b
c
d
e
f
g
h
I

j
k
l
m
n
o
p
q
r
s
t
u
v
w

UE Maximum transmit power
Cable, connector, combiner
losses
UE transmit antenna gain
Mobile ERP
Thermal noise density = kT
Information full rate
Thermal noise ﬂoor
Receiver noise ﬁgure
Load
Rise over thermal
aka – interference margin
aka – load margin
Required Eb /Nt
Node B Rx sensitivity
Receive antenna gain
Cable, connector, combiner
losses
Rx antenna gain–cable losses
Lognormal fading
Handover gain
Diversity gain
Car penetration losses
Building penetration losses
Body loss
 Propagation components
Maximum Allowable Path
Loss

21
0

dBm
dB

WCDMA
64 CS
data
21
0

dBm
dB

WCDMA
64 PS
data
21
0

dBm
dB

0
21
−174.0
40.9
−133.1
5
50%

dBi
0
dBm
21
dBm/Hz −174.0
dB-Hz
48.1
dBm
−125.9
dB
5
50%

dBi
0
dBm
21
dBm/Hz −174.0
dB-Hz
48.1
dBm
−125.9
dB
5
50%

dBi
dBm
dBm/Hz
dB-Hz
dBm
dB

3.0
5.1
−120.0
17
−3

dB
dB
dBm
dBi
dB

dB
dB
dBm
dBi
dB

dB
dB
dBm
dBi
dB

14
−10.3
4.1
0
0
−20
−3
−29.2
125.8

dB
dB
dB
dB
dB
dB
dB
dB
dB

3.0
1.7
−116.2
17
−3
14
−10.3
4.1
0
0
−20
0
−26.2
125.0

dB
dB
dB
dB
dB
dB
dB
dB
dB

3.0
1.5
−116.4
17
−3
14
−10.3
4.1
0
0
−20
0
−26.2
125.2

dB
dB
dB
dB
dB
dB
dB
dB
dB

8.3.2 Service Indoors from the Outdoors
As we have seen, there are various ways to provide coverage indoors. This section discusses
covering an indoor environment from an outdoor network. We can begin by examining a
Link Budget for the Downlink and Uplink. Table 8.6 shows the Uplink Link Budget.
The WCDMA Uplink for outdoor networks is modeled by examining cell loading
from UEs within the cell. This assumes that UEs in the cell are the dominant source of
interference. Some key assumptions in the Uplink Link Budget, which may differ from
the Link Budget shown in Chapter 2, are listed below:
• In WCDMA systems, cell loading produces noise Rise Over Thermal (ROT). WCDMA
Uplink load is typically assumed to be 50% for the purposes of planning, which results
in an ROT of 3 dB. Compared to outdoor systems serving only outdoor users, the ROT
for a system carrying both indoor and outdoor trafﬁc is affected by the different trafﬁc
proﬁles of the two user groups.
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• Required Eb /Nt depends on channel conditions and vendor demodulator implementation. In addition, compared to outdoor systems serving outdoor users, the Eb /Nt
requirement might be reduced, especially at higher ﬂoors under LOS conditions where
multipaths become negligible compared to the main path. User velocity is also lower. In
some situations, the difference in propagation may limit the effectiveness of diversity.
• Handover gain is included in most outdoor Link Budget models. Compared to outdoor
systems serving outdoor users, the handover gain outdoors to indoors may be reduced,
because buildings tend to provide attenuation and thus limit the number of detected
Pilots, particularly at lower ﬂoors. At higher stories, the attenuation is counterbalanced
by the advantageous propagation condition leading to the detection of multiple distant
servers.
• Regarding fade margin, compared to outdoor systems serving only outdoor users, the
indoor cell edge probability may be selected differently. The standard deviation, which
deﬁnes the fade margin, will depend on the position of the serving cell relative to
the indoor user. For a building located in LOS, the standard deviation would be most
affected by the propagation and shadowing within the building. For a building located
in non-line-of-sight (NLOS), the standard deviation is affected by the propagation condition ﬁrst outside and then inside the building for a resulting decrease in standard
deviation [12].
Table 8.7 shows the Downlink Link Budget.
The Downlink for outdoor to indoor users is modeled by determining the required power
received (receiver sensitivity) at the UE to maintain a desired Signal-to-Interference Ratio.
Several assumptions speciﬁc to indoor users must be made regarding interference from
other cells and handover conditions:
• The WCDMA Downlink Link Budget uses a ratio of other-cell interference to same-cell
received power density (Ioc /Iˆor ) to specify the Downlink interference from other cells.
Ioc /Iˆor is the inverse of the quantity known as the cell geometry. It can be recalled that
the cell geometry deﬁnes the DL interference for the UE at a location relative to other
cells in the network.
• Required Eb /Nt is determined when setting the minimum trafﬁc channel power Ec /Ior
to achieve a required Block Error Rate (BLER) for a speciﬁed interference condition,
Ioc /Iˆor .
• Downlink capacity is determined from the fraction of transmit power allocated to the
trafﬁc channel.
• In WCDMA networks, voice calls and data links are modeled in soft handover (combining gain β = 3 dB).
Our Downlink Link Budget assumes no antenna diversity at the UE receiver terminal. Some newer devices may have receive diversity, effectively reducing the Eb /Nt
requirements.
Comparing these Link Budgets to the outdoor-to-outdoor Link Budget discussed in
Chapter 2, the primary difference is an additional loss associated with radio transmission
into and out of the building. This is commonly called BPL.
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Table 8.7 Outdoor to Indoor Downlink Link Budget

a
b

HPA maximum transmit power
Maximum trafﬁc channel
fraction of total power
(Ec /Ior )
c
Maximum trafﬁc channel transmit
power
d
Tower cable, connector, combiner
losses
e
Transmit antenna gain
f
Maximum per trafﬁc channel
ERP
h
Maximum ERP
k
Thermal noise density = kT
l
Information full rate
m Receiver noise ﬁgure
p
Ioc /Iˆor
q
β-combining gain
s
Predicted Eb /Nt –with 2-way soft
handover
t
Required Eb /Nt
u
Sensitivity, discounting
interference, and propagation
components
v
Maximum path loss, without
interference
w Received power from target cell
x
Other-cell interference power
density, Ioc
z
Sensitivity
ak Receive antenna gain
al Cable, connector, combiner losses
am UE Rx antenna gain–cable loss
ap Lognormal fading
aq Handoff gain
ar Diversity gain
as Car penetration losses
at Building penetration losses
au Body loss
av  Propagation components
aw Maximum Path Loss

WCDMA
12.2
speech

WCDMA
64 CS
data

WCDMA
384 PS
data

43.0 dBm
−17.0 dB

43.0 dBm
−8.0 dB

43.0 dBm
−6.0 dB

26.0 dBm

35.0 dBm

37.0 dBm

−3.0 dB

−3.0 dB

−3.0 dB

17.0 dBi
40.0 dBm

17.0 dBi
49.0 dBm

17.0 dBi
51.0 dBm

57.0
−174.0
40.9
7.0
3.0
3.0
5.5

dBm
57.0 dBm
57.0 dBm
dBm/Hz −174.0 dBm/Hz −174.0 dBm/Hz
dB-Hz
48.1 dB-Hz
55.8 dB-Hz
dB
7.0 dB
7.0 dB
dB
3.0 dB
3.0 dB
dB
3.0 dB
3.0 dB
dB
7.3 dB
1.6 dB

5.6 dB
−120.5 dBm

2.5 dB
−116.4 dBm

2.1 dB
−109.3 dBm

160.5 dB

165.4 dB

160.3 dB

−103.5 dBm
−108.4 dBm
−103.3 dBm
−163.4 dBm/Hz −168.3 dBm/Hz −162.9 dBm/Hz
−115.3
0.0
0.0
0.0
−10.3
4.1
0.0
0.0
−20.0
−3.0
−29.2
126.1

dBm
dBi
dB
dB
dB
dB
dB
dB
dB
dB
dB
dB

−114.0
0.0
0.0
0.0
−10.3
4.1
0.0
0.0
−20.0
0.0
−26.2
136.8

dBm
dBi
dB
dB
dB
dB
dB
dB
dB
dB
dB
dB

−103.5
0.0
0.0
0.0
−10.3
4.1
0.0
0.0
−20.0
0.0
−26.2
128.3

dBm
dBi
dB
dB
dB
dB
dB
dB
dB
dB
dB
dB
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The BPL varies in different buildings, depending on many factors. The BPL also
varies in different regions of the world, because construction techniques vary widely.
Nevertheless, it is possible (perhaps necessary) to generalize the BPL for a given area
to produce a network plan. We must keep in mind that planning a BPL that is too large
has a detrimental effect on the overall network performance, and the optimization effort
grows exponentially.
When engineering coverage into a speciﬁc building from a speciﬁc nearby cell site, the
BPL should be estimated differently than when it is planning coverage into buildings from
a macronetwork. In the latter case, a statistical BPL is sufﬁcient even if its accuracy is
limited. For a speciﬁc building, applying a statistical BPL limits the accuracy even more.
Measuring actual loss for the local materials and construction is well worth the effort.
We must be aware that for higher angles of incidence (more than 45 degrees), the loss
measurement should be scaled. Table 8.8 shows the scaling factors [13]. As an example, a
material presenting an attenuation of 10 dB would have an effective attenuation of about
15 dB when illuminated by an antenna with an incidence angle of 45 to 70 dB.
Any energy not transferred into the building is reﬂected and scattered. Such scattering
may help provide coverage to the surrounding areas, particularly in an urban setting;
however, it can also be detrimental if it scatters beyond desired cell boundaries, because
it increases other-cell interference. This phenomenon would be more noticeable at higher
elevations than at street level because statistical BPL tends to change with elevation, as
shown in Figure 8.11.
Several researchers [12,14], have observed and documented the change in statistical
BPL as a function of ﬂoor height. Most studies suggest that BPL decreases with height.
Figure 8.11 charts the measured losses on the ﬂoors of a modern, multiple-story building.
Floor level 0 corresponds to the ground ﬂoor. In the experiment, received signal strength
was measured inside with a transmitter feeding a collinear, omnidirectional antenna
mounted on the outside of another building. The transmitting antenna was raised clear
of any local obstructions. The chart shows the BPL at three frequencies from a receiver
located on various ﬂoors. The general trend of the data is for penetration loss to decrease
with increasing frequency, even if local variation can be observed on the basis of the construction type. Also, the penetration loss decreases at higher ﬂoor levels, although there is
much variation in the transition from ground level to the ﬁrst ﬂoor. Finally, the loss trend
is approximately 2 dB per ﬂoor. A line at a slope of 2 dB per ﬂoor illustrates the trend.
The decrease of BPL with height can be attributed to the fact that the receiver obtains a
more direct (more LOS) link to the transmitter. In other words, the UE eventually clears
the clutter or reaches the same elevation as the Node B antennas. When this occurs,
Table 8.8 Material loss scaling factor
for different angles of incidence
Angle of incidence
[degrees]
0 to 45
45 to 70
70 to 90

Scaling factor

0
1.5
2
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Building penetration with height
18

Building penetration loss [dB]

16
14
12
Loss trend
10

441.0 MHz

8

896.5 MHz
1400.0 MHz

6
4
2
0
−1

0

1

2

3

4

5

6

7

Floor level

Figure 8.11 Building penetration as a function of height [14]

the path is more likely LOS and the UE may have a shorter distance from the Node B
antennas. This is conﬁrmed by measuring the changes in BPL for different ﬂoors in a
building that stands signiﬁcantly higher than the average clutter. As the UE is positioned
above the average clutter height, a reduction of 1.5 to 2 dB in BPL can be measured, as
shown in Figure 8.11. Although not illustrated in Figure 8.11, the supposition is that if
the building is much taller than the transmitter, the BPL eventually increases on ﬂoors
that are above the height of the transmitter.
The variation of BPL with height is important for several reasons. It affects not only
coverage but also performance. Within a building, as a UE moves upward ﬂoor by ﬂoor,
it experiences a changing RF environment. One of two things can happen. If the outdoor
cells are low in elevation, and/or if the outdoor antennas have large downtilt, the UE gets
less coverage from outdoors as it moves up, resulting in no or limited service. On the
other hand, if the outdoor cells are not low and the antenna downtilt is not large, the
UE sees more cells as it moves higher above the surrounding clutter. This results in a
nondominant Pilot or Pilot pollution problems.
Pilot pollution is often responsible for poor UE performance indoors, including dropped
calls and failure to reach Connected Mode from Idle Mode. Pilot pollution often corresponds to a condition of strong Downlink interference, meaning that Ec /No at the UE
is low, even if the Received Signal Code Power (RSCP) is strong. In this case, as a UE
moves up in a building, it is more likely to see signals from many cells. Having several
Pilots to choose from–assuming that all the unwanted servers are in the Monitored Cell
List–the UE performs many handovers. In the Idle state, this may make accessing the
network unreliable, because reselection might be required while the UE is attempting to
perform access-related communication.
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Many performance issues can be observed in such Pilot polluted environments. Calls
can drop because of the high number of handovers required when signals from many cells
are present. In CELL DCH, the UE and the network will be very active with signaling
operations related to handovers. If the infrastructure is slow to respond to measurement
messages, a call can be lost. The monitored set at the 10th ﬂoor of a building can be very
different than that found at ground level. As we have seen, this is because the cells visible
from a height may be different from those in the surrounding neighborhood. Close cells
may be OBS, while distant cells may be in a LOS condition. These distant cells may not
be neighbors for UEs on the ground. If a Pilot is not in the Monitored Set, it is unlikely
to be added to the Active Set and thus becomes a strong interferer. This causes poor call
quality and possibly dropped calls. Finally, a UE trying to enter Connected Mode from
Idle Mode in a tall building may also have trouble as a result of constantly changing Pilot
conditions. In such a heavy interference environment with many Downlink signals, it may
not be possible to complete all of the required signaling messages for service connection
before the call is lost.
The solution is to limit the strength and the number of Pilots that enter the building,
particularly for the upper ﬂoors. At the same time, a dominant cell must be provided to
communicate with the UE. Pilot numbers can be reduced by downtilting antennas and/or
changing antenna orientation, perhaps in combination with reducing CPICH output power
as necessary. Of course, any such changes will likely change the coverage on the ground
or in other areas of the network, requiring additional optimization. For those cells that
appear in the upper ﬂoors of a building, the Monitored Set may also need to be changed.
If the signals cannot be removed from the building, they must at least be identiﬁed as
neighbors for the UE. This often means that cells several tiers distant must be added
to the Monitored Set. If network propagation prediction tools consider only receivers at
ground level, they may not predict this.
Providing a dominant Pilot may be possible by reorienting the antenna of a desired
outdoor cell (or cells) to promote coverage within the building. Other methods are to
bring coverage into the building via a DAS, perhaps fed from a repeater or picocell.
Regardless of the method, if the CPICH Ec /No of a single cell can be made dominant,
indoor performance is enhanced.
8.3.3 Service Indoors from the Indoors
Sometimes it is appropriate to place a picocell or a repeater inside a building for coverage
or capacity reasons. This section describes how the general WCDMA Link Budget would
change in that situation, including an MAPL for indoor design. We also present a method
for predicting indoor transmission loss, based on measured output Pilot power combined
with knowledge of the other-cell interference component. This particularly applies to
repeater installations where the percentage of CPICH power is not under direct control,
as it is when deploying a cell. Either of these methods deﬁnes a MAPL, which can then
be used to predict indoor coverage. To translate the maximum transmission loss into
a propagation distance and indoor coverage area, we can apply an appropriate indoor
propagation model, as discussed later in this section.

www.4electron.com

340

WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects

8.3.3.1 Indoor Link Budget Review
Table 8.9 shows a representative Downlink Link Budget.
Signal ﬂuctuations can be represented by large-scale and small-scale effects similar to
the model commonly used for outdoor propagation. Indoor shadowing results in largescale signal variations, which can be represented by a lognormal distribution in a manner
analogous to macrocell propagation models. However, the standard deviation can be much
higher in the indoor environment, and some measurement results show standard deviation
of 16.0, 16.5, and 17.8 dB at 900, 1800, and 2300 MHz respectively [15]. The standard
deviation of lognormal fading can easily be translated into a fade margin to be included in
the Link Budget calculation, based on the required coverage probability (reliability), the
corresponding edge probability, and the standard normal distribution curve [16]. These
are similar to the well-established techniques used for outdoor reliability. The motion of
Table 8.9 Indoor to Indoor Downlink Link Budget
Item

Downlink

Downlink

Downlink

Indoor
repeater
WCDMA
12.2 kbps
Speech
23.0

Indoor
repeater
WCDMA
64 kbps
CS data
23.0

Indoor
repeater
WCDMA
384 kbps
PS data
23.0

(dB)

−10.0

−10.0

−10.0

(dB)

17.0

17.0

17.0

(dBi)
(dBi)
(dB)

5.0
0.0
3.0

5.0
0.0
0.0

5.0
0.0
0.0

8.0
−174.0
−100.2

8.0
−174.0
−100.2

8.0
−174.0
−100.2

Test environment
Test service

(a0)
(a1)

(b)
(c)
(e)
(f)
(g)
(h)
(i)
(j)

(l)
(m)
(p)

Maximum total repeater
transmitter power
Fraction of total repeater Tx
power for the Pilot =
10 log(CPICH Ec /Ior )
Repeater cable, connector, and
combiner losses
Repeater coverage antenna gain
UE Receive antenna gain
Cable and connector + body
losses
UE receiver noise ﬁgure, NF
Thermal noise density, Nth
Receiver thermal noise
power = Nth W + NF
Ratio of other cells (not in HO)
to target cell RX power
densities, Ioc /Itc
Required receive CPICH Ec /Io
Transmission loss to achieve
required CPICH Ec /Io
Lognormal fade margin (90%
edge coverage, standard
deviation = 6 dB)
Maximum Allowable Path
Loss = (l − b + c + e − f − p)

(dBm)

(dB)
(dBm/Hz)
(dBm)
(dB)

2.5

2.5

2.5

(dB)
(dB)

−16.0
124.0

−16.0
124.0

−16.0
124.0

(dB)

7.7

7.7

7.7

(dB)

101

104

104
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objects surrounding the antennas can cause small-scale signal variations due to multipaths.
This must also be taken into account. The small-scale multipath process can be considered
the same within each room or contiguous areas. Rayleigh fading is usually used when
no dominant multipath component exists, while Rician distribution is a more accurate
model when both a dominant path and a number of weaker multipaths are present. Other
empirical fading models for indoor propagation are the Suzuki [17], Weibull [18], and
Nakagami [19] distributions. Because indoor trafﬁc is typically slow moving, multipath
fading is not easily averaged out. In contrast to macrocell trafﬁc, multipath fading indoors
has a greater impact on performance.
8.3.3.2 Deﬁning Microcell or Repeater Range on the Basis of Pilot Power
Particularly for indoor applications, it is often desirable to predict the coverage of a
repeater or microcell on the basis of CPICH power. During repeater installations and
commissioning, CPICH power can be determined by measuring the output (or input)
Ec /No and the received signal strength. The goal is to estimate the range of the repeater
or, equivalently, the microcell, given a known Pilot power in dBm. While this technique
can apply to any WCDMA source, it especially applies to repeater installations because
repeater gain can be adjusted to provide a desired amount of output power; however,
the individual channel powers cannot be adjusted as is possible for a picocell. Relative
channel powers are determined at the donor cell. The only signal held constant at the
donor cell is the CPICH power. If repeater coverage can be predicted on the basis of the
amount of CPICH power coming from the repeater, then the repeater gain setting will
be more accurate than trying to predict coverage on the basis of composite WCDMA
power.
To this end, Equation 8.11 is derived below. The inputs to this equation are the minimum required CPICH Ec /No at the UE and an estimate, or assumption, of the other-cell
interference component that the UE experiences at cell edge. The output of this equation is
the maximum transmission loss that can be sustained between the indoor source (repeater
or picocell) and the UE.
8.3.3.3 Downlink (DL) Boundary
The DL boundary is the position in which a UE receives a speciﬁed Pilot energy relative
to the total interference, Ec /No .
By deﬁnition, the CPICH Ec /No received from the radio system (microcell or repeater) is:


ξ × P × Gm × Gs
L
Ec
W
=
(8.3)
No
Nth + Ioc + Isc
where:
ξ = the proportion of Downlink power from the source that is the CPICH
P = total Downlink power of the source
Gm = UE antenna gain
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=
=
=
=
=
=

antenna gain at the source
path loss from source to UE
bandwidth of the CDMA waveform
thermal noise density at the UE receiver
other-cell interference at the UE receiver
same-cell interference at the UE receiver from the source

Equation 8.3 can be simpliﬁed into equation 8.4:


ξ ×P
Ec
T
=
No
Nth × W + Ioc × W + Isc × W

(8.4)

where we have deﬁned the transmission loss T , between the source and the UE as:
T =

L
Gm × GS

(8.5)

It is commonly assumed that the same-cell interference is equal to the signal power
coming from the cell, minus that portion which is the CPICH power. Thus:
Isc W =

P (1 − ξ )
T

(8.6)

Substituting this expression and casting the equation into terms of normalized cell
transmit power (normalized with respect to noise power) we can write:


ξ ×P
Ec
Nth × W × T
(8.7)
=
No
P × (1 − ξ )
Ioc
1+
+
Nth
Nth × W × T
Ec
=
No

where: P =

ξ ×P
T
P × (1 − ξ )
Ioc
1+
+
Nth
T

P
is the normalized Downlink power
Nth × W




Ioc
P
Ec
Ec
1+
=
ξ−
(1 − ξ )
Then :
No
Nth
T
No

(8.8)

(8.9)



Solving for T :


Ec
ξ−
(1 − ξ )
N
 o

T =P
Ioc
Ec
1+
No
Nth

(8.10)
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For a speciﬁed minimum CPICH Ec /No , equation 8.11 yields the maximum transmission loss:


Ec
| (1 − ξ )
ξ−
No min


Tmax = P
(8.11)
Ioc
Ec
1+
No min
Nth
To use equation 8.11, we must estimate the Ioc /Nth in the environment of interest.
Because this is the ratio of other-cell noise energy to thermal noise energy, we should be
able to monitor the ambient signal strength with the repeater off, using a UE.
With an estimate of the Ioc /Nth value, we can apply Equation 8.11 for a given minimum
Ec /No value, which deﬁnes the edge of coverage.
Figure 8.12 shows a plotting of Equation 8.11 over a range of Ioc /Nth for four different
minimum CPICH Ec /No values.
Figure 8.12 is based on 10% CPICH power from a 23 dBm total power repeater/
microcell transmitter and assumes a 7 dB receive noise ﬁgure at the UE.
To put the Ioc /Nth parameter in perspective, the noise power ﬂoor of a 3.84 MHz
bandwidth UE with a 7 dB noise ﬁgure would be approximately −101 dBm. Thus, if the
ambient signal power measured by that UE (with the repeater off ) is −80 dBm, the ratio
of Ioc /Nth would be 21 dB. Figure 8.12 shows that if the repeater or microcell is installed
deep inside a building (perhaps in a basement) where there is no other-cell interference, the
range of the Pilot increases signiﬁcantly. For comparison, we can consider a low othercell interference case such as Ioc /Nth = −20 dB, and estimate the path loss supported
to reach a minimum CPICH Ec /No = −16 dB. From Figure 8.12, path loss would be
approximately 129 dB, or the RSCP at the cell edge would be −116 dBm, assuming a
−16 dB

Ec /No

−14 dB

−12 dB

−10 dB

140

DL transmission loss [dB]
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Figure 8.12 DL maximum allowable path Loss as a function of Ioc /Nth

www.4electron.com

344

WCDMA (UMTS) Deployment Handbook: Planning and Optimization Aspects

CPICH power of 13 dBm. This value is consistent with the limit of sensitivity for the UE
found in Ref [11].
8.3.4 Indoor RF Models
Whether we determine MAPL from a Link Budget or from the technique above, the next
step in the indoor design process is to determine the range deﬁned by this path loss and,
ultimately, the amount of area covered by the antenna node. To make the leap from path
loss to distance, we must apply a propagation model for the indoor environment.
Different buildings have very different indoor propagation losses. Path loss within a
particular building depends on building construction and layout. In general, ofﬁce buildings, high-rise buildings, manufacturing facilities, warehouses, shopping malls, stadiums,
and concert halls have different propagation characteristics. This section summarizes the
various propagation models available for predicting coverage within a building.
These models broadly fall into two categories: non-site-speciﬁc or site-speciﬁc. Nonsite-speciﬁc models are generalized propagation models. For example, a non-site-speciﬁc
model might provide an expression for path loss as a function of distance for a “home”
or an “ofﬁce environment.” In other words, these models do not attempt to account for
a speciﬁc set of walls or features and generally yield circular contours of equal power
around a given indoor transmitter location. In contrast, site-speciﬁc models consider the
details of a particular building when predicting propagation losses. Often these models
count the number of walls or ﬂoors that the signal must traverse and produce an attenuation
factor based on the number and type of obstacles through which the signal must pass.
While this process can be performed manually, propagation predictions of this type can be
automated by computers. This requires importing the building plans into a software tool,
which then applies the appropriate propagation model for the building from a speciﬁc
transmitter location, taking into account the antenna radiation pattern.
A subcategory of site-speciﬁc models is propagation prediction based on ray tracing
techniques. Ray tracing is a form of computer automated propagation prediction in which
rays are postulated to depart at different angles from a transmitter. Their paths are followed
after accounting for reﬂections from walls and obstacles. A computer adeptly calculates
reﬂection angles off various objects and calculates losses from these reﬂections, given the
material properties. These techniques tend to be computationally intensive, often requiring
sophisticated expertise to operate, and have not demonstrated signiﬁcant improvement, in
terms of accuracy, over the simpler site-speciﬁc models of the type presented here. For
that reason, ray tracing techniques are not discussed further in this section. As computing
power increases, ray tracing models will become more usable.
Currently there are no universally accepted path loss models for indoor propagation
prediction [18,20]. For comparison purposes, we present four general indoor propagation models. Three of these are non-site-speciﬁc and one is site-speciﬁc, as shown in
Table 8.10.
Table 8.10 Main indoor RF propagation models
Non-site-speciﬁc

Site-speciﬁc

Inverse exponent law [21–23]
Distance dependent exponent [24]
Linear loss per unit distance rule [25–27]
“Motley–Keenan model” [28]
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The best place to begin the comparison is to consider free space radio propagation.
Basic electromagnetic transmission theory shows that free space propagation loss follows
the following formula [29]:


4πd 2
(8.12)
LO =
λ
where:
d = distance from the transmitter, in meters
λ = wavelength of propagation, in meters
Converting this equation to decibel form and rewriting the wavelength term as the ratio
of the speed of light, c, over the frequency, f , yields:


4πdf
10 log(LO ) = 20 log
(8.13)
c
which can be written as:
LO dB = −27.56 + 20 log(d) + 20 log(f )

(8.14)

where:
d = distance from the transmitter, in meters
f = frequency, in MHz
The formula for free space radio propagation loss, Equation 8.12 or Equation 8.14, is
based on the physics of radio wave propagation. It assumes that no obstacles reﬂect or
scatter the radio wave as it propagates, and applies the principle that radio wave energy
ﬁlls the volume of a sphere, expanding as it propagates. Technically, free space loss is
not a loss of energy as much as it is a spreading of the available energy across an everincreasing sphere. Just as the area of a sphere is a function of the square of the radius
(to the power of 2), it can be seen in Equation 8.12 that energy decrease is a function
of the square of the distance. Thus, the energy of propagating radio waves spreads at a
power of 2 as a function of d, the distance from the transmitter. The spread of energy is
a function of the wavelength. The ﬁnal formula converts the original formula to decibels,
with the ﬁnal constant (−27.56) a function of the units chosen: distance in meters (m) and
frequency in megahertz (MHz). The most important thing is that, for a ﬁxed frequency,
the formula in equation 8.14 is simply the equation of a line in “log(d)” space. The slope
of the line is 20 and the intercept of the line is 20log(f )−27.56.
Both indoor and outdoor propagation commonly refer to propagation constants that are
larger than 20log(d). For example, UE propagation in the outdoor environment routinely
follows a 40log(d) slope. Such an equation might be written as:
LO dB = −27.56 + n × 10 log(d) + 20 log(f )

(8.15)

This is a modiﬁcation of the free space propagation equation, allowing for an increase
in the propagation constant from the free space value (n = 2) to values in the range of
3<n<5 for outdoor UE environments, with a typical value of n = 4 in urban areas. This
represents the increased scattering and absorption found in the UE channel as radio wave
signals traverse from a Node B antenna to a UE antenna located amid the local clutter.
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This same concept applies equally well to many indoor environments. As discussed
below, several indoor non-site-speciﬁc radio propagation models use this same equation
with values of n in the range of 3<n<6. Other models modify n as a function of distance
from the transmitter, or augment the above equation with additional loss terms as discussed
below.
8.3.4.1 Inverse Exponential Law
Generalizing equation 8.15, we can write:
L(d)dB = PO + n × 10 log(d)

(8.16)

where PO = the power at d = 1 m from the transmitter.
PO is a function of such elements as transmitter power, the frequency, antenna heights,
and gains. This expression is a generalized restatement of the propagation equation derived
above.
Various values for n have been reported in the literature:
• 1.2<n<6.5 for 900 MHz for different indoor environments [21].
• 1<n≤2 for LOS measurements in an ofﬁce building [22].
• n = 3.9 for inside a commercial ofﬁce building when the transmitter and receiver are
on different ﬂoors [23].
How can n be less than 1 if the laws of physics say that n = 2 for free space propagation? The answer is that some indoor hallways or corridor-like environments seem to
produce a “wave guide effect” in which the signal energy propagates down the hallway
with a standing wave pattern, similar to how electromagnetic energy propagates along a
wave guide. This focuses the energy along a particular path so that propagation losses
are observed to diminish with less than a power of 2. This phenomenon is possible when
considering the placement of, and interference between, indoor antennas.
8.3.4.2 Distance Dependent Exponent
A variation of the exponential law derived above is that of the distance dependent exponent. In this model, the path loss exponent n changes as a function of distance from the
transmitter. The equation for this propagation loss model can be written as [24]:
L(d)dB = POd + nd × 10 log(d)

(8.17)

where:
1 m < d < 10 m
nd = 2,
nd = 3, 10 m < d < 20 m
nd = 6, 20 m < d < 40 m
nd = 12, d > 40 m
Note that PO is now written as POd , indicating that the intercept point is also a function of d. The constant POd must be adjusted to produce a continuous function at each
breakpoint; for simplicity, this is not shown here.
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The larger values of nd are postulated to be due to an increase in the number of walls
and partitions between the transmitter and receiver, as d increases.
8.3.4.3 Linear Loss per Unit Distance
As a ﬁnal category of indoor non-site-speciﬁc propagation models, we consider two
formulas that insert a linear distance dependent term. The ﬁrst inserts a linear distance
dependent loss in addition to the log(d) free space loss component, as shown below [25]:
L(d)dB = PO + 20 log(d) + κ × d

(8.18)

where 0.3<κ<0.6 dB/m
This model has been shown to be valid over a wide frequency range, demonstrated at
850 MHz, 1.9 GHz, 4 GHz, and 5.8 GHz [25]. The conclusion is that the linear dependence of loss with distance corresponds to the indoor clutter environment.
Alternatively, there is a model for indoor propagation that eliminates the log(d) component altogether. The model for this type of relationship is written with the following
equation [26,27]:
L(d)dB = PO + α × d,

d < d1

= (PO + α × d1 ) + β × d,

d1 < d

(8.19)

where:
α = 0.45 dB/ft,
α = 0.38 dB/ft,
α = 0.42 dB/ft,

β = 0.22 dB/ft, d1 = 150 ft @ 150 MHz
β = 0.24 dB/ft, d1 = 130 ft @ 450 MHz
β = 0.27 dB/ft, d1 = 70 ft @ 850 MHz

8.3.4.4 Summary of Non-Site-Speciﬁc Models
We have surveyed a collection of models, but which one should be used? The answer
depends on the application and the building in question. Large open areas such as concert
halls, sports arenas, large hotel lobbies, and similar indoor areas with high ceilings and
a predominance of open space would likely follow the free space path loss equation.
Ofﬁce buildings, hotels, and apartment living spaces tend to follow one of the models that
exhibit larger attenuation per unit distance than free space loss. The linear loss models are
convenient mathematically, while the 40 log(d) exponential model is also easily applied.
For comparison, we can consider the graph in Figure 8.13.
Most models, with the exception of the −40log(d) model, tend to produce about the
same loss per unit distance. In other words, we have arrived at four or ﬁve equations that
produce almost the same curve for a similar set of assumptions. It must be noted that,
in the range of 50 m to approximately 120 m, all these models yield similar loss values.
Because these models are not very precise without tuning, it is difﬁcult to say that one is
signiﬁcantly better than another.
For tuning, as in all propagation predictions for indoors or outdoors, results are always
better if the propagation over the area of interest can be measured using a test transmitter
and receiver. Most of the constants in the models we presented can be adjusted for speciﬁc
circumstances.
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Figure 8.13 Comparison of non-site-speciﬁc indoor propagation models

With a proper Link Budget, all the non-site-speciﬁc propagation models produce a
radius of coverage for a particular antenna gain. If the antenna is omnidirectional, we can
draw a circle around each transmitter site. Given a ﬂoor plan of the building, we can
draw circles of coverage. These coverage circles ignore the walls and obstructions in
the building; such is the nature of non-site-speciﬁc propagation modeling. The models
represent generalized loss for a building, not a prediction of speciﬁc losses for a given
set of walls, doors, and windows. For that reason, we should keep in mind that reality will be quite different from any circles drawn on a ﬂoor plan. Nevertheless, using
these simple circles to plan indoor coverage can quite effectively estimate the number
of transmitting nodes required and determine the required (desired) output power for
each node.
To predict propagation more precisely, we must use site-speciﬁc propagation modeling.
The following section discusses site-speciﬁc propagation prediction.
8.3.4.5 Motley–Keenan Model [28]
Site-speciﬁc indoor propagation models, as the name implies, take the speciﬁc features
of a particular building as their input. Often these models count the number of walls,
ﬂoors, or other obstructions between the transmitter and receiver to produce an attenuation
value for propagation along that path. If we repeat this procedure for many hypothetical
receiver (UE) locations, we can draw contour lines of equivalent received signal strength.
These propagation predictions are ideally suited for computer automation. At the time of
this writing, several indoor propagation prediction tools in the market use variations of
this technique.
One such model, often cited, has come to be known as the Motley–Keenan model
after the researchers who ﬁrst published it [28]. This model takes the form of a free space
propagation model with attenuation added for each wall, ﬂoor, or obstruction encountered
along the path. Mathematically, we may write the path loss LO as:
LO = PO + 20 log(d) + p × WAF + k × FAF

(8.20)
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4πf
c
distance between transmitter and receiver
number of walls between transmitter and receiver
Wall Attenuation Factor
number of ﬂoors between transmitter and receiver
Floor Attenuation Factor


where:

PO = 20 log
d
p
W AF
k
F AF

=
=
=
=
=

The free space propagation model should be evident from the ﬁrst two terms of the
equation. The additional terms account for the loss through each obstruction. This sitespeciﬁc model is general enough to accommodate a broad range of frequencies with the
appropriate choice of attenuation factors. The literature is full of measured attenuation values for a wide variety of materials and at different frequencies, and more are published regularly [30–34]. In general, at frequencies used for personal communication (from 800 to
2100 MHz), interior walls of a modern ofﬁce building have a WAF of approximately 3 dB.
Interior brick structural walls and supports have a WAF of approximately 10 dB. Floors
vary depending on the construction, but usually have an FAF between 13 and 18 dB.
8.3.5 Capacity Dimensioning
Chapter 3 presented a principle for macronetwork capacity dimensioning, which can also
be applied to indoor systems, with some adaptation. For properly planned indoor systems,
the main difference is limited to other-cell interference. To that end, setting the geometry
as a design target and minimizing the Active Set size ensures that capacity is maximized,
as shown in Figure 8.14. In this ﬁgure, the Link Budget previously deﬁned is used to
estimate the required DPCH power that meets the Eb /Nt requirements. In all cases, the
combining gain is set to 0, corresponding to no handover. Also, a single path is used
to reﬂect the AWGN channel condition. The result is the Downlink capacity for voice
plotted against the geometry. On the basis of this, designing the indoor network with a
geometry target of 2 dB ensures that OVSF and power are limiting the capacity at the
same time.
This estimation ignores the cell dynamic, thus allowing the DPCH to decrease as much
as possible. In a real system, the cell power dynamic is limited from 20 dB to 24 dB,
thus causing the capacity to level off.
By extension, Table 8.11 summarizes the target geometry for OVSF and power to be
limiting at the same time, for different services, in the same multipath and handover
conditions. This shows that, on the Downlink OVSF, the absence of a secondary code
tree would likely be limiting. If we compare these results to the macrolayer capacity
estimated in Section 3.3.2, we can see that indoor cell capacity is 2 to 3 times larger than
macrolayer capacity.
A similar calculation can be done for the Uplink. In contrast to the Downlink, the
Uplink OVSF is not limiting, because the code tree is not shared on the Uplink.
Such capacity numbers cannot be scaled up by introducing multiple cells over an
enclosed area. Either handover (if enabled) or reduced geometry diminishes the available
capacity. When handover is enabled, the capacity decreases as the handover overhead
factor increases. When handover is disabled, the geometry in the area where cells overlap
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Figure 8.14 Impact of geometry on capacity, voice (AMR 12.2) services, and AWGN channel,
considering power limitation only
Table 8.11 Geometry targets for different services,
AWGN channel
DPCH Ec /Ior Geometry Available
[dB]
[dB]
OVSF
Voice
CS 64 (VT)
PS 64
PS 128
PS 384

−21.8
−15.9
−15.9
−12.8
−9.5

2
0.6
0.4
−0.7
−0.6

121
31
31
15
7

increases, thereby increasing the required DPCH power to meet the Eb /Nt target. Once
the maximum DPCH is reached, the quality of the serviced call degrades: BLER increases
to a point where the call cannot be sustained.
8.3.6 Achieving Higher Throughput Indoors
From the discussion in the previous section, it can be shown that 384 kbps can be achieved
over the entire indoor cell area, if enough DPCH power is assigned. The limitation in
this discussion is that the AWGN channel is used. An extreme channel condition for the
indoor environment (case 3 of Ref [27], see also Table 2.3) is used here to verify where
PS 384 can be achieved.
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As discussed in Chapter 2, the limiting link for PS data is the Downlink if a high data
rate (384 kbps) is assumed in the Downlink and only a medium data rate (64 kbps) is
assumed on the Uplink. We can estimate where PS 384 can be achieved indoors by using
the Link Budget deﬁned in Chapter 2, for the following speciﬁc indoor conditions:
• Maximum transmit power depends on the type of cell, varying from 43 dBm for a
macrocell to 30 dBm for a micro or picocell.
• Antenna gain and cable loss vary in different installations, depending on the type of
antenna system used. To simplify the estimate, these values are included in the MAPL,
thus trading cable attenuation and gains for propagation losses.
• Geometry during indoor planning should be a design criterion rather than an assumption.
Such a criterion maximizes the capacity of the indoor system and ensures that high
data rate service is not limited in terms of coverage area. A suggested geometry target
of 1.5 dB, over 90% of high-trafﬁc ﬂoor space, is reasonable.
• Combining gain indoors is typically set to 0, because indoor systems are designed to
cover all areas with a single dominant server, to favor capacity.
• The target Eb /Nt value is selected to reﬂect the low amount of discernable multipath
observed indoors, as well as the low velocity of the indoor user. If the UL Link Budget
is used, the target Eb /Nt must be derated for the absence of diversity typical of indoor
systems.
Before inserting these assumptions into the referenced Link Budget, MAPL that satisﬁes
the geometry requirement must be estimated. From the indoor ﬁeld measurements, we can
easily estimate the other-cell interference: Io , or RSSI, measured indoors from the outdoor
macronetwork. Figure 8.15 shows such values, typical for a building located in a dense
urban environment. For this example, the Ior target is Ioc + Geometry target = −68 dBm.
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Figure 8.15 Other-cell interference example, typical of dense urban environment
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The estimated maximum path loss would be 110 dB for a 43-dBm power ampliﬁer, 80%
loaded. Under such conditions, the required DPCH power for PS 384 would be 32.5 dBm,
thus allowing a maximum of seven supported PS 384 users, identical to the OVSF code
tree limitation.
As seen in the previous discussion, for a given system we can estimate the requirement
on maximum transmit power and the MAPL simply by measuring the level of interference
(other-cell interference) from the outdoor macrosystem.

8.4 Optimizing Indoor Systems
8.4.1 Practical Considerations for Indoor Deployments
An indoor system can be well optimized only when optimization is considered at the
very beginning, that is, when the system is designed. After system deployment, it is often
tremendously difﬁcult to alter the installed indoor network components because of construction cost, time, network service delays, and inconvenience to the people who are
using the building. After deployment, minor changes can be made to ﬁne-tune the performance, for instance to account for discrepancies between projected and actual building
details, or unforeseen changes to the technical dimensions and forecasted trafﬁc. Just
as for a macronetwork, it is almost impossible to design an indoor system that needs
no changes after the installation. However, following a well structured planning and
deployment process can minimize the amount of rework required after deployment.
Previous sections of this chapter covered the technical details of Link Budgets and other
planning calculation. This section covers the end-to-end indoor deployment approach,
from planning through optimization. Because many planning and optimization tasks are
common to both macrocell and indoor network design, this section highlights only the
elements that differ from an outdoor deployment.
Figure 8.16 illustrates an indoor project lifecycle from a high-level point of view.
8.4.1.1 Determining Indoor Network Requirements
Like outdoor network planning, indoor network planning starts with obtaining network
requirements for coverage and capacity. As will be discussed in Section 8.4.1.2, the
emphasis on coverage or capacity affects the type of system deployed. For example,
a DAS fed by a dedicated indoor Node B would offer high capacity; however, if a
dominant serving macrocell with sufﬁcient capacity already exists, repeaters could be
used. Therefore, the very ﬁrst step is to identify what areas need coverage, and then
evaluate the capacity requirements on the basis of the macrocell/microcell trafﬁc split.
For a given building, the indoor coverage requirements should include how the coverage
will be planned. Table 8.12 summarizes the types of coverage requirements.
Values for the three coverage requirements are planned differently:
• Statistical building penetration. Typical of indoor coverage from outdoor sites. It is
drafted from local knowledge of construction and material used, because these have a
major impact on the statistical attenuation.
• Percentage of ﬂoor space. Statistical by nature. It applies mainly to large venues where
the users can be equally distributed throughout. In such venues, the percentage of ﬂoor
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Figure 8.16 Indoor project lifecycle
Table 8.12 Types of coverage requirements
Coverage
requirement

Typical value

Comments

Statistical building
penetration
Percentage of ﬂoor
space

15 to 20 dB, ﬁrst wall 30 to
50 dB, entire ground ﬂoor
90 to 95%

Speciﬁc ﬂoor plan
coverage

None

Most appropriate for coverage provided
by an outdoor macronetwork
Most appropriate for large structures
where users are evenly distributed, for
example, stadiums, exhibition halls,
airport terminals
Speciﬁc to the type of building: for
example, commercial, industrial,
residential, ofﬁces
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space covered can be assimilated to the cell area probability in the macronetwork
design.
• Speciﬁc ﬂoor plan coverage. Has different implications if indoor coverage extends to
private buildings such as large shopping malls, supermarkets, and department stores.
Because of high expected end user demand, coverage in these privately owned buildings
may be quite sought after. However, installing equipment inside them may require the
permission of their owners, and maintaining equipment (such as active devices) could
be complicated by the arrangements needed for access.
It is important to accurately classify the type of indoor coverage required for a given
indoor area. Is coverage mandatory, needed only for limited service, or not required?
• Mandatory full coverage areas. Areas of dense UE trafﬁc: foyers; entrances to cinemas, supermarkets, and restaurants; waiting areas; escalators.
• Limited coverage areas. Areas of medium importance that require coverage only for
a limited service type, namely, voice and low-to-medium data rate for PS data; for
example, car parking structures and elevators where people do not stay for long.
• No required coverage areas. Areas such as loading docks, restrooms, and inside
performance halls. Within this category, there may be areas where coverage is not
required and areas where coverage is not desired:
— Coverage Not Required. To reduce infrastructure and planning costs, dedicated equipment must not be installed in these areas. Radio signals spilling in may provide some
limited coverage.
— Coverage Not Desired. Trying to block service may be more difﬁcult because of
the conﬂict with other coverage requirements. As an example, providing coverage
in the foyer of a movie theater will conﬂict with the need to block service within
the theater itself.
Estimating end user trafﬁc demand can be difﬁcult. Extending coverage indoors can
dramatically change users’ behavior and it may not be possible to accurately predict the
new generated trafﬁc. When there is no indoor service, users resort to other communication
methods. However, when indoor coverage is introduced they start using the UE service.
This adds to the trafﬁc that can be ofﬂoaded from the macrocells. In that respect, while
indoor systems can increase the UE coverage penetration and capacity, they can also
increase revenues for mobile operators. If macrocells provide only limited coverage, a
new indoor system is likely to capture additional trafﬁc from users, or, in a competitive
landscape, lead to churning when users switch to the operator with better indoor coverage.
User applications also contribute to variations in system trafﬁc. With 3G multimedia
services, the system is not limited to voice service only, but can also provide PS data
service at a high bit rate that ultimately supersedes the voice capacity requirement. Apart
from capacity concerns, different applications can have different trafﬁc characteristics,
which also affect radio resource management (the allocation and reallocation of radio
resources).
To summarize, Table 8.13 lists the main factors that affect the capacity requirement.
Their impact is represented as a scaling factor, or as a ratio of comparison with the
macronetwork trafﬁc.
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Table 8.13 Capacity requirement impacts
Capacity
factor

Scaling factor

Existing voice trafﬁc on
macronetwork
Existing PS data trafﬁc
on macronetwork

Low

PS data trafﬁc due to
new services

High

Medium to high

Comment

Scaling is mainly due to users gaining reliable
service
Scaling is not only due to gaining reliable
service but also due to the type of location
where the service is provided: areas where
users can stay for extended periods have a
large impact
Scaling is affected by both the services and
their quality
For scalability, WLAN trafﬁc is a better
indicator than cellular trafﬁc

8.4.1.2 Initial Design
After deﬁning the coverage and capacity requirements, the ﬁrst step in indoor network
planning is to make an initial assessment about which coverage solution to use. To determine the radio solution components, the macrocell site locations must be analyzed to see
whether it is possible to ﬁnd a dominant macrocell, either directly or as the donor for
a repeater radio system. Two conditions largely determine whether the building can be
served from the macronetwork: the location of the serving site and the type of coverage
deﬁned. Working from the Link Budget deﬁned in Chapter 2, along with a typical statistical RF propagation model, Table 8.14 deﬁnes maximum BPLs that can be overcome
from distant sites. These distances or BPLs will change signiﬁcantly depending on local
conditions.
To drive a repeater from an existing macrosite, the main requirement is a LOS view to
a single donor, which would result in both signal strength and quality of the donor signal
(SNR and Ec /No ), as discussed in Section 8.3.1.1.
If no dominant serving macrocell is available, a standalone dedicated cell (macro, micro,
or pico) is the only radio system option for feeding the subsequent antenna system.
Even if a dominant serving cell exists, before an indoor repeater or dedicated cell is
chosen, the trafﬁc expected to be generated within the building, and loading of the donor
site are ﬁrst evaluated. A repeater is well suited for lightly loaded situations, allowing
Table 8.14 Macronetwork coverage
of building based on distance and BPL
Distance between
building and cell [m]
<50
50 to 500
>500

Maximum
BPL [dB]
40
30
20
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trafﬁc multiplexing onto the donor macrocell. Alternatively, a dedicated cell–ultimately
a standalone Node B–provides additional capacity to the network instead of sharing the
macrocell capacity. If the indoor trafﬁc cannot be estimated accurately, we could start
with a repeater as a temporary solution, and then upgrade to a dedicated cell when the
indoor trafﬁc grows or becomes better determined. This approach does not prohibit the
selection of an antenna system, and upgrading from a repeater to a picocell does not
require changes to the antenna system.
However, starting with a repeater is not always possible, depending on the power
requirements of the antenna system. The ﬁrst step in selecting an antenna system is to
determine which option is suitable for the entire area to be covered. To assess the area,
we must obtain and analyze construction drawings and facility layouts before making a
site visit. All indoor regions should be classiﬁed into different coverage categories with
different priorities. The categories should follow the coverage requirements documentation: high importance for the areas to be covered for all services, medium for the areas to
be covered for basic services, and low for the areas where coverage is not required. After
all the areas have been categorized, we can estimate the antenna type and the number of
antenna nodes required, based on the size of the indoor areas that the macrocells will not
cover. We can also estimate the required input power on the antennas.
On the basis of the estimates, we can use the decision tree in Figure 8.17 to determine a
preliminary indoor solution. The following sections discuss the decision process in more
detail.
8.4.1.3 Site Survey
After the preliminary system design is complete, the next step is to survey the site. Site
surveys allow us to measure the level of coverage that the macronetwork provides, verify
the building details, and understand the surroundings and existing facilities in the target
buildings.
Preparations for these site surveys should include a best server coverage plot showing
all the surrounding serving cells in the neighborhood. This plot can be completed with
RSCP and Ec /No predictions and with the results of the drive test performed around
the building to verify the measurements against the predictions. This will identify or
conﬁrm whether a dominant serving cell exists, and at the same time assess the potential
interactions between macrocells and indoor cells. On a copy of all the ﬂoor plans and
technical drawings, all the coverage areas must be classiﬁed so that they can be marked
or corrected as needed during the site survey. The coverage objectives must be reviewed
so that on-the-spot coverage classiﬁcation can be done if necessary. If a BDA or Repeater
is likely to be the radio system option, a Pilot scanner or test UE must be available for
on-site measurements to verify the quality of the available donor PSC.
During the site surveys, as much useful planning information as possible is collected.
Pilot scanners or test UE devices are used to collect signal strength and quality measurements from the surrounding macrocells. This also provides a measure of Io (or RSSI) for
use in the Link Budget and MAPL calculation.
If a new DAS is designed, potential antenna types and positions are identiﬁed. Approximate antenna coverage range can be based on the preliminary Link Budget design.
Obstructions are noted and appropriate antenna locations are marked on the ﬂoor plan.
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Figure 8.17 Indoor design decision tree
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If an existing DAS is likely to be reused, all existing antennas are identiﬁed. It is
veriﬁed whether they are broadband antennas and are consistent with the design provided
by the infrastructure owner. Couplers and splitters are difﬁcult to verify, and the same
applies to antennas if they are hidden above false ceilings.
After pre-design site surveys have been carried out, the indoor system solution can be
ﬁnalized. Preliminary studies are important and can narrow down the options, but site
visits provide a much more accurate foundation for determining the most suitable indoor
system solution.
8.4.1.4 Selecting the Indoor Solution
Is an indoor solution required? First, analyze whether the macrocell coverage is sufﬁcient.
Even if the macronetwork design review or a macronetwork drive test indicates sufﬁcient
coverage, an additional site survey must conﬁrm that all targeted indoor areas are covered
and, more importantly, that a dominant server can be detected in all areas. If this latter
requirement is not met, then an indoor system may be required along with adjusting the
macronetwork.
Second, estimate the capacity requirement for a speciﬁc trafﬁc model and the number of
users. Because this process begins with the macronetwork, use the typical macronetwork
capacity as described in Chapter 3.
If the ﬁrst two steps of the analysis indicate that an indoor solution is needed, determine
the proper radio and antenna system. The choice depends on the status of any preexisting
systems:
• Existing antenna systems are available. Perform additional site surveys and analysis
to ensure that the number of indoor antennas and their separation is sufﬁcient for the
3G technology operating in the 2.1 GHz frequency band. Indoor systems designed
for 2G technologies may be compatible with only lower frequency bands, namely,
900 and 1800 MHz. The design veriﬁcation should account for considerable path loss
differences, especially when passive systems were deployed to cater to GSM900. When
active systems are available, the main focus should be the compatibility of existing
equipment with the higher frequency band. In all cases, verify that the resulting antenna
distribution is compatible with the design target.
• No existing equipment, or the existing equipment is not compatible. Plan a new
antenna system.
— If the indoor area is small, consider a passive DAS. Radio signals can come from
a repeater or a standalone picocell, depending on the expected indoor trafﬁc.
— If the indoor area is large, consider an active DAS. Radio signals come from a
picocell due to the sheer size of area to be covered and expected trafﬁc (say >200
indoor antennas, long feeder runs, big area, considerable separation of indoor areas,
and so on).
— Use leaky coaxial cable in subway tunnels, underground areas, and walkways, or
wherever the users and the coax are in close proximity. The low-proﬁle nature of
this solution makes leaky coax attractive. It can be used in areas where a DAS
antenna is impractical or unsuitable, such as in subway tunnels where a low-proﬁle
antenna must avoid physical interference with passing trains. The design of the
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radiating coaxial cable provides uniform coverage throughout the tunnel, which is
an effective solution for overcoming radio dead zones. Leaky coax can be used in
conjunction with BDAs or repeater systems to increase a system’s in-building (or
in-tunnel) coverage.
Assuming that a DAS is required, a Link Budget can be used to determine the MAPL
that would include both antenna system gains/losses and propagation losses. The antenna
system gains/losses directly relate to the hardware used, while the propagation losses are
a function of the selected propagation model and any applicable margins. To address the
ﬁrst point further, all the common indoor network components (multicarrier combiner,
couplers, splitters, antennas) to be used in the analysis are identiﬁed and listed. Positions
of the antennas and precise feeder lengths are not needed at this stage. The main purpose
is to identify the suitable radio and antenna system solutions.
8.4.1.5 Detailed Antenna System Design
During the detailed design, the main task is to determine the exact antenna type and
placement to ensure sufﬁcient coverage to meet the requirements.
During this process, the physical properties of the antenna must be kept in mind, since
they may affect the antenna system design. As discussed in Section 8.3.1.4, many indoor
antennas are available with patterns suitable for different situations. These antennas can
be ceiling or wall mounted. Omnidirectional antennas have the lowest gain (about 2 dBi)
but radiate in 360 degrees of azimuth. The omnidirectional antenna pattern permits it to
collect signals from all directions, which partially compensates for the imperfect signal
reﬂections and scatterings found in the indoor environment. Directional antennas have
a single beam focused in one direction, and the gain in the bore site can reach 7 dBi,
depending on the antenna horizontal beamwidth. Such an antenna can be placed at one
building corner, providing good coverage to a long narrow passage area. Bidirectional
antennas, sometimes called railway antennas, have two focused beams on each side but a
reduced directional gain of 5 dBi in the bore sight due to the two back-to-back radio beams.
They can serve thoroughfares and corridors, or provide contiguous coverage between two
long passage areas. Suitable antenna types and orientation can be determined either on
the basis of experience (manually), or by using a network planning tool.
Antenna placement is a function of the three-dimensional building geometry. High-rise
buildings with vertically stacked ﬂoors may require one or more antennas on each ﬂoor
because ﬂoor and wall penetration are signiﬁcant and also because other-cell (outdoor)
interference may be high. We can use the typical value discussed in Section 8.3.2, but for
more accurate planning, the actual construction must be veriﬁed and used as a guideline.
The required cable length increases with the number of ﬂoors in the building. The number
of power splitters or directional couplers that tap the signals out of the main cable run
increases as well. Consequently, some high ofﬁce towers need optical ﬁber cables and
repeaters to carry signals for long distances from the radio system. In contrast, malls
or stadiums may require fewer antennas for coverage, because they have fewer internal
obstructions and more LOS type propagation environments. However, when multiple cells
must be used, usually for capacity reasons, it is much more difﬁcult to control the cell
overlap and handover in these environments. Directional antennas and clever positioning
of antennas can help increase the isolation between different antenna beams.
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Antenna placement within a building should not only ensure proper coverage but also
handle transitions between indoor and outdoor Node Bs. The two cases of indoor coverage
are treated separately, using the same or different frequencies relative to the outdoor
cells. When different carriers are used indoors and outdoors, whether the transition zones
are adequate is veriﬁed: that is, large enough to allow the UE to perform Compressed
Mode measurements and to support inter-frequency handovers. When the same carrier(s)
are used indoors and outdoors, isolation between the indoor/outdoor cells is ensured to
minimize the amount of handover and interference between the systems.
Antenna placement must also ensure EMR safety for the general public moving in close
proximity to radiating elements. EMR regulations limit the maximum radio signal strength
that can be emitted, and specify the minimum distance that must be maintained between
a radiating antenna element and the public. These restrictions guarantee that RF exposure
is below hazard limits deﬁned by the applicable regulations. Among other things, EMR
regulations deﬁne the maximum input power at the antenna, which in turn deﬁnes the
distance that can be sustained between the Node B and the mobile subscriber.
In summary, an indoor network planner must consider all these issues and plan the
equipment loss such that the combined total loss is within the desired range. Unlike
macronetwork planning, for which an RF planning tool is always used, indoor planning
can be done either manually or using an indoor network planning tool. The difference
is mainly due to the need to plan only for coverage for the indoor system, rather than
coverage and capacity (although certain types of indoor coverage must be ensured for
various trafﬁc densities). Capacity can be provisioned relatively easily in indoor systems,
by upgrading from repeaters to a dedicated Node B or by adding multiple sectors/carriers.
8.4.1.6 Manual Design
For a manual design, the starting point is the calculated MAPL, derived from the Link
Budget. The MAPL includes two losses: the loss of the DAS and the propagation loss
based on the range. The main issue is that both losses interact; thus the design becomes
an iterative process, as illustrated in Figure 8.18.
When estimating the antenna system attenuation, every element of the DAS is considered. This includes not only the hardware used but also the likely cable routing, because
this directly affects the cable length and thus the attenuation. This simple process may
yield different values for each branch of the DAS, which would lead to a different MAPL
for each branch. Figure 8.19 shows an example of DAS antenna locations in a building.
Figure 8.20 represents a schematic for a possible DAS to cover this building.
The attenuation calculation for each branch can easily be calculated on the basis of the
insertion loss of each splitter or combiner, and the cable loss of each connecting cable
run, as presented in Table 8.15.
From the per-node antenna system loss and a Link Budget, the MAPL for each node can
be determined. Once this number is calculated, an indoor RF model is selected. During
manual planning, according to the propagation models presented in Section 8.3.4, it is
easier to use a non-site-speciﬁc model although it is less accurate. If directional antennas
are used, the limitations of a manual design are quickly noticed. In that case, the maximum
propagation path loss can be estimated easily. A maximum range can also be estimated,
but this range has limited value for verifying the fulﬁllment of coverage requirements,
unless an antenna pattern is applied.
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Figure 8.19 Example of DAS antenna locations in an ofﬁce building
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Node 2

Node 3

Node 1

3-dB splitter

Node 4

3-dB cable loss
9-dB cable loss
12-dB cable loss
2-dBi gain antenna
5-dBi gain antenna

DAS
input

Figure 8.20 Example of schematic DAS layout
Table 8.15 Per-node antenna system loss

Splitter
Cable loss
Cable loss
Cable loss
Antenna
Antenna
Per-node antenna
system loss

Gain/loss
[dB]

Node 1

Node 2

Node 3

Node 4

3
3
9
12
2
5

2
1
1
1
1

2
1
1
1

2
2

2
2

1

1
1

1
25

1
19

28

22

Nevertheless, during this process it can be decided whether to deploy an active or
passive antenna system by comparing the available propagation path loss and the antenna
density. Using the comparison of non-site-speciﬁc models from Section 8.3.4, the available propagation path loss should be at least 60 dB to ensure that fading margins are
available. Beyond that point, the relationship between path loss and distance is almost
linear and corresponds to a path loss exponent of 3, which allows the maximum site-to-site
distance in meters to be estimated as approximately three times the attenuation in dB.
8.4.1.7 Tool-assisted Design
Network planning tools can automate the iterative process required for manual planning.
Several tools have emerged in the last few years. Some of them can simultaneously plan
indoor and outdoor networks, or at least include a few outdoor cells to estimate the
interference or handover between the systems.
When selecting an indoor network planning tool, ask the following important questions.
Does it have appropriate RF propagation models? How are the required inputs entered in
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the tool? The relationship between required inputs and the RF model is weak for statistical
models, but becomes increasingly important–requiring more effort–for ray launching or
(even more so) ray tracing models.
Most indoor network planning tools (for picocells) use propagation models that can be
categorized as follows:
• Empirical models. These consider only the single spatial relationship between one
transmitter and one receiver with no building data. Empirical models in indoor network
planning tools correspond to the models summarized in Section 8.3.4.5.
• Semiempirical models. These are consistent with the Motley–Keenan model deﬁned
in Section 8.3.4.5. In addition to this simple distance-partition modeling, an indoor
planning tool can include diffraction modeling that would simulate both vertical and
horizontal plane effects. Vertical plane diffraction, usually considered for an outdoor or
macronetwork planning tool, is of limited use indoors, because it simulates an entire
ﬂoor all at once. On the other hand, horizontal plane diffraction is useful indoors to
estimate the effect of walls and openings (i.e., doors and windows).
• Deterministic models. These consider the radio propagation environment (waveguiding effects of corridors, tunnels, etc.) and physical characteristics of partitions
(permittivity, conductivity, and reﬂections) to accurately estimate the signal received at
the receiver. These models can be further divided into 2-D or 3-D ray tracing models,
and the simpliﬁed dominant paths model. Ray tracing models can resolve the various
possible paths from the transmitter to the receiver for individual path loss predictions.
Final prediction at each point is the combined signal strength summing up all the
multipath components reaching the speciﬁed location. Predictions can also account for
diffraction effects around corners, which is particularly signiﬁcant for outdoor microcell
environments. Because of the computer calculations required, deterministic models
take more time to process than empirical models do. The relatively high accuracy
of deterministic models should nevertheless be balanced against the required accuracy
of the necessary input (both the building’s outline and its material characteristics) and
the relative slowness of the predictions. A dominant paths model is a faster alternative
to a true 3-D ray tracing. It basically selects only the most relevant paths from all those
determined in the 3-D ray tracing calculations, and then determines the propagation
attenuation, wall penetration, reﬂection, and diffraction losses.
The level of effort needed to calculate an accurate building deﬁnition, combined with
the lengthy prediction time–especially for the ray tracing model–has so far discouraged
the widespread use of such planning tools.
8.4.2 Indoor System Deployment and Postdeployment Optimization
Once the design is complete, installation takes place. For aesthetic reasons, the components
of an indoor system are often deliberately hidden. As a result, after installation, it is
difﬁcult to verify or test them fully. Craftsmanship during the installation is therefore
very important because troubleshooting faulty components is difﬁcult.
Perform a full RF survey and call sample testing to make sure the design meets all
coverage requirements. Use RF scanners and test mobile handsets to collect measurement
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points for further analysis. In addition to any performance indicators considered for the
macrolayer, pay special attention to the following areas:
• CPICH performance (Ec /No and RSCP). As in outdoor systems, use CPICH RSCP
to estimate the path loss because CPICH is transmitted at constant power (not powercontrolled). From the path loss, and in particular the minimum measured path loss,
the loss of the antenna system can be estimated and compared to the designed value.
Ec /No , together with RSCP and RSSI, can be used to estimate the geometry as in
Equation 3.19. By itself, as in any WCDMA system, RSSI is of limited use because
the quality (Ec /No ) of the received signal is more critical than the strength.
• UE transmit power. Conﬁrm that the UE dynamic range is not exceeded. In particular,
focus on the lower transmit power (below −50 dBm) because this is typically the limit
of UE transmit power. If the UE transmit power is often at or below the lower limit,
this could result in ineffective power control; speciﬁcally, the power control should
maintain the transmit power within the dynamic range. When power control drives the
UE outside the dynamic range, the UE becomes an Uplink interferer.
• Uplink interference (SIB 7). As a complement of UE transmit power, this value would
indicate that UEs are not properly power-controlled and therefore generate Uplink interference. Uplink interference can also be caused, in an indoor system, by intermodulation
components produced by a poorly functioning neutral host system, or simply by other
system leakage (similar to adjacent channel interference).
Indoor systems have less tuning ﬂexibility than macrocells, because most equipment
cannot be relocated or reoriented. However, indoor systems often have the advantage of
being quite isolated compared to the macrocell environment. As a result, they have fewer
constraints and fewer of the complex interactions that accompany macrocell tuning, where
a change in one cell affects many surrounding cells. Changes for an indoor system include
adding/changing attenuators, couplers, splitters, and antennas. Major antenna location
changes are not common because this requires negotiation with several concerned parties.
In some rare cases, intermodulation between different systems sharing the same DAS
may arise, requiring the installation of additional band-limited ﬁlters and equipment
changes. This can be serious and should be anticipated before deployment. It can be
very tricky to troubleshoot such a problem in a live system.
8.4.3 How Indoor Parameter Settings Differ from Outdoor Systems
Enhancing indoor coverage with repeaters or indoor Node Bs means that UEs move
across the boundaries of indoor and outdoor coverage. To maintain quality of service
both indoors and outdoors at the coverage borders, the boundary transitions for Idle and
Connected Modes must be examined.
Because of Link Budget differences, macrocell and indoor cell coverage quality can
be different outdoors and indoors. In Idle Mode, the UE monitors only the serving cell
and neighbor cells, so the primary concern is to ensure that cell reselection is smooth
and successful. This includes reacquiring the new indoor/outdoor cell without going to
an Out-of-Service (OOS) state and performing a full search. Such a condition results in
long periods during which the UE is not reachable, and should be avoided if possible. It
is common practice to plan the indoor coverage to overlap with the macronetwork around
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the entrances. This ensures that sufﬁcient time is available for cell reselection when a
user enters the building.
In Connected Mode, on the other hand, the handover area should be minimized to
conserve resources. In addition, in Connected Mode, the path loss to the serving cell may
change abruptly when transitioning from outdoors to indoors. Closed loop power control
adjusts the UE transmit power, potentially resulting in abrupt transmit power changes. A
well-designed indoor system limits these power differences to minimize transitions and
eliminate UL blocking or degradation of link quality.
In practice, the settings for either reselection or handover between the indoor and
macronetworks greatly depend on the selected carrier and the ﬂexibility of setting parameters in the network. Carrier selection can be divided into two categories: same carrier or
different carrier.
When the same carrier is selected, the reselection between both systems is primarily
inﬂuenced by the offset (Qoffset, as described in Chapter 4). For handover, if parameters
cannot be set at a cell level, the main parameter available is the Cell Individual Offset
(CIO) because all other parameters would be shared. In either case, the offset can delay
or speed up the transitions. Either one can have drastic effects. Speeding up the transition,
by setting a positive offset, increases the risk of “ping-pong effect” for reselection but,
more detrimentally, it increases the resource utilization in Connected Mode because the
Active Set would likely increase. Delaying the transition, by setting a negative offset,
affects the quality.
For reselection, delaying the transition increases the risk of the serving cell’s quality
falling below Qqualmin. Similarly, delaying intra-frequency handover would degrade the
geometry at the border, negatively affecting the cell capacity. In either case, to ﬁnd
the correct trade-off, the serving cell quality versus the reselection rate for Qhyst and
Active Set size versus total Downlink power for handover are weighed. When handover
parameters can be set on a per-cell basis, the reporting range can be reduced and the Timeto-Trigger can be increased, compared to macrocells. These settings are only possible on
the indoor cell; thus they affect the handover from indoors to outdoors. For handover from
outdoors to indoors, different measurement controls for different cells are not possible.
Any intelligence in the handover decisions must be implemented at the RNC level.
For same-carrier selection, a special case occurs when multiple RF carriers are deployed
on the macronetwork. In this case, deploying all the RF carriers indoors as well would
simplify mobility management. However, this drives up the cost and may not increase
capacity as much as deploying a singular RF carrier on the indoor system. Deploying only
one carrier indoors means using two different mobility management strategies for the two
different carriers. Because most trafﬁc is expected to come from indoor locations, this
leads to unbalanced loading between carriers. This would have to be addressed via interfrequency transitions. Ultimately, the transition from outdoors to indoors is dictated by
coverage, while the transition from indoors to outdoors is dictated by load. The coveragebased transition in this same-carrier case would be equivalent to the need for coveragebased transitions in the different-carrier case.
Coverage-based transitions are required in both directions when different carriers are
used indoors and outdoors. The main advantage of this deployment is the limited othercell interference for both indoor and outdoor layers, at the expense of having to set up
intercarrier transitions. Unlike the same-carrier case, transition can be delayed (through
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negative offsets or a timer) without a major impact on geometry and thus signal quality.
The difference is that other-cell interference, on different carriers, would not be a major
factor. In this condition, the only issue is ensuring that sufﬁcient time is available to
complete the transition before the signal quality degrades beyond Qrxlevmin in Idle Mode,
or to a point where high BLER or dropped calls occur in Connected Mode.
In both the same-carrier or different-carrier cases, one task of mobility management
is setting appropriate Neighbor Lists. If only a few buildings have indoor systems, the
limitation of 31 neighbors per cell is unlikely to be an issue if the macronetwork is well
optimized. In the macrolayer Neighbor Lists, with up to 16 neighbors being common,
as many as 15 indoor neighbors would be possible. On the other hand, in dense urban
areas, where controlling cell overlap is difﬁcult and large numbers of buildings or subway
stations must be covered, the 31-neighbor limitation may be reached, especially in the
same-RF-carrier case. If a separate RF carrier is used indoors, 32 inter-frequency neighbors
can be deﬁned for each additional carrier, making limitations unlikely.
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transmit gain, 28
wall-mounted, 359
Yagi-Uda, 327
Applications, data, 79, 99
Architecture
GSM network, 2, 17
hardware, 19
UMTS network, 4
WCDMA air interface, 5
Areas
target, 54
user, 54
ASN.1, 118
Attenuation
calculating, 360
factors, 344
wall and ﬂoor, 349
Authentication Center, 4
Automatic gain control (AGC), 333
Awake time, 127
AWGN, 45, 48, 49
channel, indoors, 350

Index

Backhaul, 106, 329
for picocells, 323
Base station. See Node B
BCCH, 14, 116
BCH, 14, 116
Beamwidth, 55
Bearer
bit rate, 78
data rate, 28
PS data, 198
occupancy, 86
Best server coverage plot, 356
Bidirectional ampliﬁer (BDA), 333
Bin, 51, 97
Bit rate, video-telephony, 85
BLER, 7
and transport channels, 13
quality metrics, 167
residual, 310
Blind
detection, 17
inter-system handover, 219
BLock Error Rate. See BLER
Blocking probability, 73
Body loss, 35
Boomer cells, 68
Border Gateway (BG), 4
Boundaries, 54
inter-system. See Inter-system,
boundaries
Break point distance, 318
Broadcast
Multicast Control (BMC) protocol, 115
of System Information, 115
BSC (Base Station Controller), 3
BSS (Base Station Sub-System), 3
BTS (Base Transceiver Station), 3
Building Penetration Loss (BPL), 35, 316,
335, 355
as function of ﬂoor height, 337
Busy hour
call attempts (BHCA), 106
dimensioning, 88
loading, 76
requirements, 75
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Cable
coaxial, 325
leaky, 331, 358
ﬁber optic, 325
optical, 333
Calls
dropped
detecting, 167
Downlink synchronization loss,
170
system-perceived, 167
user-perceived, 167
failures, detecting, 158
MO, 158
model, 54
effect on coverage, 95
MT, 158
normal disconnection, 166
vs. dropped call, 166
number of, 112
quality, 141
testing, 184
vs. capacity, 145
re-establishing, 167
retention
analysis, 176
optimization, 183
performance, 184
setup
optimization, 182
performance metrics, 126
successful steps, 126
system access, 158
testing AMR speech, 184
voice
quality metrics, 183
test process, 183
Capacity, 17, 18
air interface, 145
as function of cell spacing, 316
coverage tradeoffs, 108
estimating
Downlink, 83
in deployed network, 109
Uplink, 78
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HSDPA, 281, 287
indoor
cells, 322
dimensioning, 349
requirements, 329
intra-frequency handover, 141
main parameters, 104
microcell, 106
monitoring, 111
multiservice, 90
optimizing for, 108
per-cell, 316
planning, 73, 97, 99, 102
pole, 82
practical, 82
repeater, 325
requirements, 75
sector, 320
single cell, 78
trade-off with coverage, 26
Uplink-Downlink comparison, 95
video-telephony, 86
Car
kit, 35
penetration loss, 34
Carrier
multiple outdoor-indoor, 365
selection, 365
transitions, 146, 360
CCCH, 14
CDMA, 2
CDMA2000 1X, 2
Cell
area, 32
barred or reserved, 180
boomers, 68, 124
camping, 120, 124
quality vs. UE standby time,
133
change, 296. See also Handover
metrics, 311
parameters, 305
procedure, 296
triggering, 299
unsynchronized, 297
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Cell (continued )
edge, 281
conﬁdence, 32
fragmentation, 70
geometry, 103, 272, 273
Individual Offset (CIO), 80, 365
loading, 103
overlap, 121, 213
overshoot, 68
quality, 131
reselection. See also Intra-frequency,
cell reselection
criteria, 213, 241
inter-system optimization, 245
inter-system parameters, 241
optimization, 182
testing, 242
sites, indoor, 322
size and proximity, 316
CELL− DCH, 88, 133, 257
under Pilot pollution, 339
vs. CELL− FACH, HSDPA, 258
CELL− FACH, 23, 88, 133, 257
vs. CELL− DCH, HSDPA, 258
CELL− PCH, 133
Census data, 102
Channels
channelization codes, 8
coding, 9
common, 122, 261
conditions, Downlink, 84
dedicated, 122
element, 74, 104
PS, 88
utilization, 112
logical, 13
mapping, 12, 13, 15
example, 13
HSDPA, 261
physical, 13, 15
raster, 121
rate switching, 64, 101
switching, 259
transport, 13, 15
type switching
mechanism, 88

Index

PS data optimization, 199
WCDMA, 14
Chips, 8
Circuit switched. See CS
Clusters, 54
Clutter, 53, 102, 321
Code
channel, 90, 104, 111
Division Multiple Access. See CDMA
multi-code operation, 261
scrambling
primary. See PSC
secondary, 104
vs. channelization, 83
space, 83
tree
management, 258
OVSF, 91, 283
secondary, 104
Codecs
AMR, 156, 185
G723.1, 185
H.261, 185
H.263, 185
Video-telephony, 185
Coders
convolutional, 9
turbo, 9
Compressed Mode. See Modes
Connected
Mode. See Modes
state, 37
Control plane, 10
Core Network, 115, 162
Coverage, 17, 21, 37, 60, 96
antenna mounting and, 331
based transitions, 365
circles, 348
CPICH, 47
Downlink, 178
estimating with planning tool, 56
ﬁlling with microcells, 61
improving, 58
indoor. See Indoor systems
requirements, 352
trade-off with capacity, 26, 108
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Uplink, 47, 178
verifying WCDMA, 63
CPICH, 15, 37, 109
coverage, 47
Ec/Ior, 60
Ec/No, 60, 327, 341, 364
Link Budget, 37, 56
power, 40, 47, 56, 59, 341
RSCP, 127, 364
transmit power value, 123
CQI, 259, 294, 309
feedback cycle, 294, 301
ﬁltering, 302
index tables, 266
maximum, 307
measurements, 287
power offset, 294, 302
report, 265, 266, 288, 301
CS
bearer, 26
capacity planning, 97
data, 2
inter-system handover, 217
trafﬁc, deﬁning, 99
Uplink MAPL for, 48
CTCH, 14
Cyclic Redundancy Check (CRC), 7
DAS, 315, 329
active, 333, 358
attenuation, 360
designing, 356
passive, 332, 358
picocell, 323
shared, 332
Data, 275, 324
CS. See CS
PS. See PS
Datagrams, 87
DCCH, 14
DCH, 12, 14, 88
Eb/Nt, 42
Dedicated Transport Channel. See DCH
Diffraction, 363
Dimensioning, 74
busy hour, 88
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multi-service, 95
via simulations, 75
Discontinuous
reception. See DRX
transmission. See DTX
Distributed Antenna System. See DAS
Diversity, 34, 47
Downlink, 257
boundary, 341
capacity, estimating, 83
coverage, solving, 178
interference, 177, 322
Link Budget, 36, 37, 272, 279
planning assumptions, 26
power control, 6
service comparison, 47
signal to repeater, 326
SIR quality metrics, 168
synchronization loss, 170, 181
DPCCH, 14
DPCH, 109, 257
Ec/Ior, 102, 111, 272
minimum Ec/Ior, 40
power
average, 112
maximum, 40, 62, 272
required for services, 49
settings, 103
indoors, 349
DPCH− RSCP, 58
DPDCH, 14
Dropped calls. See Calls, dropped
DRX
cycle length, 127
cycle length vs. Treselection, 128
in Idle Mode, 124
DSCH, 258
DTCH, 14
DTX, 75, 84
Duplexers, 325
Eb/Nt, 335
achieved, 42
effect of multipaths, 44
for speech AMR, 79
for video-telephony, 85
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Eb/Nt (continued )
required, 29, 44, 48
indoor to outdoor Uplink, 335
target, 104
indoors, 351
Ec/Ior
DPCH, 40, 102, 111
HSDPA, 280
per-channel, 83
Ec/No, 23. See also Interference
camping cell, 127
measuring cell quality, 124
of a given server, 67
Qqualmin, 63
recommended target, 37
repeaters, 327
unloaded CPICH, 60
Ec/Nt, 275
Efﬁciency factor, 96
Electro-Magnetic Radiation (EMR)
exposure limits, 331
regulations, 360
safety, 360
Engineering values, extracting, 118
Enhanced Full Rate (EFR), 156
Equipment
Identity Register (EIR), 4
troubleshooting, 180
Erlang
A.K., 73
B formula, 73
theory, 64, 73
ETSI (European Telecommunications
Standards Institute), 1
Event
1a, 118, 140
reporting range, 62
triggering condition, 140
1b, 139, 140
1c, 140
1d, 292, 296, 297, 298, 299, 305
2a-f, 151
FACH, 14, 116
Fade margin, 335, 340
Log Normal Fade Margin. See LNF

Index

FEC, 263
Feeders, 54
Fiber
hubs, 333
optic system, 333
speciﬁcations, 333
Field measurements, intra-frequency
cell reselection parameters, 128
handover parameters, 144
Frequency
isolation, 106
plan, 316
reuse
efﬁciency, 80
factor, 80
selection and management, 120
Fresnel zone break point model, 317
FTP, 200, 311
G723.1 audio codec, 185
Gain
antenna, 31, 55, 59
cross-polarization, 34
diversity, 34, 47
Downlink combining, 42
handover, 26, 45, 65, 335
repeater, 325
spreading, 9
Gateway
GPRS Support Node (GGSN), 4
MSC, 4
Gb, 4
Geometry, 41–43, 84
as limiting WCDMA capacity, 97
cell, 103
degraded, 65
effect on DL DPCH power, 201
in deployed system, 110
indoor, 351
GERAN, 3
GIS data, 51–54
GoS
desired, 77
relation to blocking, 73
values for voice, 78
GPRS (General Packet Radio Service), 3
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GSM, 124
network architecture, 17
reference network, 2
trafﬁc distribution, 101
GSM/Edge Radio Access Network. See
GERAN
H.245 standard, 185
H.261 video codec, 185
H.263 video codec, 185
Handover
and geometry, 84
gain, 26, 34, 335
inter-frequency, 147
inter-system. See Inter-system handover
intra-frequency. See Intra-frequency
handover
optimization, 165
overhead factor, 64
parameter sets, 145
reduction factor. See HORF
slow, 183
soft, 7, 8, 321
combining gain, 103
in HSDPA, 261
repeater coverage, 327
state, 112, 303
Handset. See UE
HARQ, 263, 294, 295
chase, 263
incremental redundancy, 263
Headers, 15
Hierarchical Cell Structure (HCS), 18, 62,
124, 270
High Speed Data Packet Access. See
HSDPA
Higher Layer Scheduling (HLS), 226
Home Location Register, 4
HORF, 64
and capacity, 64
effect on physical resources, 98
HPA, 40, 49, 83, 110, 111, 269
HPSK, 278
HSDPA, 2
and layering, 11
capacity, 258, 281, 287
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channel mapping, 261
conﬁguration, 291
deployment, 268, 269, 270, 271
establishing, 291
functional overview, 260
impact on Release99, 284
KPIs, 309
Link Budget. See Link Budget
network planning, 101, 268
parameter tuning, 299
peak data rate, 258
performance, 281
serving cell change, 295
stopping, 292
test setup, 312
timing, 265
vs. CELL− DCH, CELL− FACH, 258
HS-DPCCH, 15, 261, 310
HS-DSCH, 14, 260
HS-PDSCH, 14, 260, 265, 282
HS-SCCH, 15, 260, 265, 300
Hysteresis
recommended settings, 133
vs. Treselection, 131
Idle Mode. See Modes
IMT-2000, 1
frequency band, 330
Indoor systems
antennas, 324, 330
building types, 354
business cases, 323
capacity, 349, 354
coverage, 315
from indoors, 339
from outdoors, 334
hybrid approach, 322
inter-system boundaries, 212
planning, 323
requirements, 352
decision tree for, 356
deployment, 352
equipment loss, 360
inter-system considerations, 215
optimizing, 352
parameters vs. outdoor, 364
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Indoor systems (continued )
planning, 352, 355, 360, 362
RF models, 344
selecting solution, 358
throughput, 350
tools, 362
tuning, 364
Information
demographic, 76
Element (IE), 118, 293
rate, 48, 279
Interfaces, network, 4
Interference, 21, 25. See also Ec/No
and WCDMA capacity, 97
Downlink, 49, 178, 338
factor, 80
FDMA, mitigating, 316
in network planning, 60
margin, 29
microcell, 61
minimizing for WCDMA, 63
optimizing, 56
other-cell, 40, 45, 80, 341
reducing with antenna tilt, 59
repeater, 327
same-cell, 45
TDMA, mitigating, 316
Uplink, 51
solving, 178
Inter-frequency
cell reselection, 134
handover, 147
Intermodulation, 332, 333, 364
Inter-system
boundaries
cell reselection, 215
Connected Mode, 215
determining, 215
Ec/No, 215
handover, 215
Idle Mode, 215
loading, 214
planning, 212
recommendation, 216
RSCP, 215
targeted coverage area, 212

Index

cell reselection
ﬁeld measurements, 246
optimizing, 245
test methodology, 246
changes, 215
threshold, 244
coverage, 243
handover
capacity issues, 255
cell reselection parameters, 243
coverage hole, 250
CS vs PS, 216
delays, 220
entering building, 250
multiple WCDMA carriers, 254
network boundary, 247
optimizing, 244
testing, 242
handover, Connected Mode, 216
blind, 219
change state, 217
CS services, 217
CS vs PS, 216
event-triggered reporting, 221
GPRS to WCDMA message ﬂow,
224
GSM to WCDMA message ﬂow,
224
message ﬂow, 220
parameters, 234
performance metrics, 229
periodic reporting, 221
PS services, 218
WCDMA to GPRS message ﬂow,
222
WCDMA to GSM message ﬂow,
221
handover, Idle Mode, 235
GSM/GPRS to WCDMA, 237
message ﬂow, 239
parameters, 241
performance metrics, 240
WCDMA to GSM/GPRS236
message ﬂow, 239
Inter-TTI Interval, 282
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Intra-frequency
cell reselection, 124
CELL− FACH state, 133
ﬁeld measurements, 128
Idle Mode tradeoffs, 127
metrics, 126
parameters, 124, 125
recommended parameters, 133
handover, 137
metrics, 141
parameter recommendations, 146
parameters, 140
trade-offs, 144
measurement reporting parameters, 144
Inverse Exponential Law, 346
Ioc, 45
Ioc/Îor or Îor/Ioc, 40, 272, 335
Iu, 74, 115
Iub, 4, 74, 115, 328
dimensioning, 112
resource, 106
video-telephony, 86
Iu-CS, 4
Iu-PS, 4
Iur, 4, 19, 115
Keenan-Motley. See Propagation models
Key Performance Indicators. See KPIs
KPIs, 66
AMR call optimization, 183
call failure events, 157
deﬁned, 153
HSDPA, 309
operational, 153
pre-optimization, 66
PS data service, 205
RF, 153
optimization, 66
service, 153
Latency, 88, 90, 309, 311
Access, 137
Layers, 9
indoor, 18
Layer1, 10, 72, 120
Layer3, 115, 139, 160
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lower, 10
macro, 18
micro, 18
physical, 10
parameters, 120
Leaky coax. See Cable
Line of sight (LOS), 316
Link Budget
CPICH, 48
deﬁned, 25
Downlink, 36, 279
example, 37
indoor to outdoor, 335, 340
GSM advantage, 18
HSDPA, 272, 277
parameters, 273
indoor to indoor, 339
key assumptions, 25
service-dependent, 37, 48
Uplink, 26
indoor to outdoor, 334
Link margin, 67
Lip synchronization, 195
LNF, 32, 67
Load, 29
cell, 103
Downlink, 83
margin, 29
Uplink, 83
Log-normal fading. See LNF
Loss
body, 35
building penetration. See Building
Penetration Loss (BPL)
cable and connector, 28, 31
car penetration, 34
combiner, 31
coupling, 331
equipment, 35, 360
maximum allowable. See Maximum
Allowable Path Loss (MAPL)
path, 32
propagation
building types, 344
free space radio, 345
receive attenuation, 32

www.4electron.com

378

M/M/1 queue, 88
MAC, 10, 115, 309
MAC-d, 294
MAC-hs, 264, 294, 304
Macrocells
dominant serving, 352
indoor ofﬂoading from, 354
planning, 61
tuning, 364
when to choose, 329
Macro-diversity gain, 7
Maps
coordinates, 51
projection, 51
trafﬁc, 53
vector, 53
Master Information Block (MIB), 116
Maximum Allowable Path Loss (MAPL),
25, 36, 281, 316
determining, 344
indoor Link Budget, 351
Uplink, 281
Mean Opinion Score. See MOS
Measurement
Control Message, 138
Report Message (MRM), 145
triggering, 133, 299
Medium Access Control. See MAC
Messages
Measurement
Control Message, 138
Report Message, 145
Paging Type1, 118
RRC protocol, 118
System Information, 116
Change Indication, 118
Microcells
adjacent to buildings, 315
capacity issues, 106
deployment options, 107
estimating range of, 341
HSDPA, 272
placement of, 108
planning, 61
simulating dense network of, 316
WCDMA, 316

Index

Minutes of Use, 76
in mErl, 77
MO calls, 158
access, 161
ﬂow, 159
Mobile. See UE
Originated. See MO
Switching Center (MSC), 3
Terminated. See MT
Modes, 11
Acknowledged, 11, 104
Compressed
frame, 226
issues, 225
parameters, 228, 233
performance metrics, 229
triggering, 231
Connected
boundary transitions, 364
in tall building, 339
inter-system coverage, 243
parameter settings for, 134
RF issues, 64
Dedicated, 262
Idle, 37, 63
boundary transitions, 364
inter-system coverage, 243
intra-frequency cell reselection
tradeoffs, 127
optimization, 71
parameter settings for, 134
RF issues, 63
Transparent, 11, 104
Unacknowledged, 11
Modulation
16-QAM, 259, 262
AMC, 262
QPSK, 262
Monitored
Cell List, 338
Set, 339
Monte Carlo simulation, 41, 51, 60, 62,
99, 284
Morphologies, 32, 53, 102,
MOS
audio, 195
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video-telephony optimization, 194, 195
voice optimization, 184
MoU. See Minutes of Use
MPEG-4 simple proﬁle, 185
MSC resources, 74
MT calls, 158
access, 160
ﬂow, 159
Multi-carrier combiner, 332
Multimedia session, 187
Multipaths, 30
donor-repeater, 327
effect on DL DPCH power, 201
small scale, 341
Multiservice
dimensioning example, 95
trafﬁc engineering, 90
Nakagami model, 341
Neighbor
list, 121
optimization, 183
picocell, 329
setting for mobility management,
366
missing
signature, 179
solving, 179
symptoms, 178
relationship, 63
Network
counters, 111
deployment, 21
infrastructure, troubleshooting, 180
optimization. See Optimization
overlay, 17
WCDMA-GSM macro, 17
WCDMA-GSM micro, 18
parameters. See Parameters, network
planning, 21
capacity simulation, 316
interference, 60
tools, 23, 51, 80, 97, 102, 215, 362.
See also Indoor systems
Uplink vs. Downlink, 26
regular vs. irregular, 56
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settings, 180
simulations, 25
WCDMA-speciﬁc, 18
Network and Switching sub-System
(NSS), 3
Neutral host system, 332
Node B, 4, 325, 328, 329, 360
multiple, 19
resources, 74
scheduling, 265, 289
Noise, 8
ﬁber optic, 333
ﬁgure, 58
receiver, 28, 40
thermal, 31, 57, 58
ﬂoor, 28
Nominal design, 22
Non-Access Stratum, 10, 115
Non-line of sight (NLOS), 335
OA&M, 329
OOS condition, 72
Operating margin, 275
Operation and Maintenance, 3
Center (OMC), 115
Operations, Administration, and
Maintenance. See OA&M
Optimization
AMR calls, quality metrics, 183
channel-type switching, 206
continuous, 25
feature veriﬁcation, 24
handover, 165
inter-system, 244
Idle Mode, 71
indoor. See Indoor systems
neutral host system, 332
pre-optimization tasks, 23
PS data, 196
applications, 197
channel reconﬁguration, 199
KPIs, 205
parameters, 206
QoS, 197
quality metrics, 204
rate switching, 199
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Optimization (continued )
resource planning, 199
RLC, 207
test process, 204
vs CS services, 196
qualitative, 68
quantitative, 66
repeater. See Repeaters
RF, 23, 63
service, 153
service parameters, 23
video-telephony, 185
data collection, 191
frozen or dropped frames, 194
image degradation, 193
lip sync, 195
MOS, 194
pixelization, 193
post processing, 191
preparation, 191
PSNR, 192
quality metrics, 191
test process, 190
vs voice, 195
voice, 156
call drop rate, 183
call retention, 183
call setup, 182
call setup latency, 183
call setup success, 183
cell reselection, 182
Mean Opinion Score, 184
Neighbor Lists, 183
parameters, 182
power allocation, 182
voice quality, 184
Orthogonal Variable Spreading Factor. See
OVSF
Orthogonality, 8
Downlink, 45
HSDPA, 280
Other-cell interference. See Interference
Out-Of-Service. See OOS
OVSF, 8, 257
allocation algorithm, 92
code tree, 88, 91, 283

Index

Downlink, 349
for multiple services, 90
limiting capacity indoors, 349
long or short, 8, 258
Uplink, 349
Packet
call models, 101
calls per session, 87
Control Unit (PCU), 3, 4
Data Convergence Protocol (PDCP),
11, 115
Data Protocol (PDP), 11, 86
switched. See PS
Paging, 126
common channel power settings for,
123
page indicator, 123
Parameters
Access Stratum, 115
cell reselection. See Intra-frequency
cell reselection
Layer1, 120
matching to cells, 120
modifying
via RRC messages, 118
via SIBs, 118
network, 19
cell-related, 54
estimating during planning, 62
initial, 115
initial tuning, 23
troubleshooting, 180
Non-Access Stratum, 115
over-the-air, verifying, 118
physical layer, 120
reordering, 304
repeater, 326
serving cell change, 305
Path loss. See Loss
PCCH, 14
PCCPCH, 14, 37
PCH, 14
PDP context, 197
PDSCH, 258
Performance, 19
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P-frames, 186
Physical Layer, 10, 294
metrics, 309
PICH, 14, 124
transmit power, 123
Picocells
deﬁned, 328
Neighbor List, 329
planning, 61
WCDMA, 316
Pilot
dominant, 339
limiting numbers indoors, 339
pollution, 144, 177, 338
signal-to-noise ratio, 124
Ping-pong, 54, 365
Pixelization, VT optimization, 193
Planning. See Network planning
PLMN (Public Land Mobile Network),
3
Poisson distribution, 76, 86
Polarization, 330
Power
allocation, 122, 269
HSDPA, 274, 262
optimization, 182
assignments, 123
coverage vs. capacity, 123
balancing, 48
cables, dissipation, 331
control, 6
and soft handover, 7
HSDPA, 262
HS-SCCH, 301
inner loop, 7
limitation, 259
outer loop, 7
dividers
equal-power, 332
non-symmetric, 332
Downlink, 83
per user, 83
DPCH, 104
average, 112
maximum, 40, 62
increasing CPICH, 59
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maximum transmit, 26
offset, 84, 302
passive splitting devices, 332
per-Active-Set, 65
per-link, 111
repeater output, 326
splitters, 359
total consumed, 65, 111
total HPA, 111
PRACH, 14
Primary Scrambling Code. See PSC
Priority queue, 264
Projection, 51
Propagation
conditions, 316
constants, 345
donor to repeater, 327
free space radio, 345
losses, 344
models, 317
choosing, 347
deterministic, 363
diffraction, 363
distance-dependent exponent, 346
empiricial, 363
for types of buildings, 344
indoor, 344
Inverse Exponential Law, 346
Keenan-Motley, 348, 363
linear loss per unit distance, 347
non-site-speciﬁc, 344
semi-empiricial, 363
site-speciﬁc, 344, 348
polarization, 330
radio environment, 363
PS
PS384, 351
PS64, 65
Uplink MAPL for, 48
applications, 99
capacity planning, 99
data
body loss, 35
burstiness, 86
call quality, 205
cell capacity, 205, 285
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PS (continued )
channel-type switching, 206
efﬁciency factor, 79
E-mail, 204
optimization. See Optimization, PS
data
parameters, 23
PDP context, 197
quality metrics, 204
RLC parameters, 207
Round Trip Time, 206
streaming, 204
supported data rates, 2
test process, 24
trafﬁc variables, 86
trafﬁc volume, 207
Web browsing, 204
inter-system handover, 218
PSC, 8
planning, 121
setting, 63
P-SCH, 37
PSNR
average, 192
delta, 193
Public Switched Telephone Network
(PSTN), 4
Qhyst, 365
Qhyst1s , 125
Qoffset, 365
Qoffset1s,n , 125
QoS, 1, 21, 25, 66
classes, 197
estimating from cell area probability,
32
PS data service, 197
QPSK modulation, 262
Qqualmin, 37, 63, 133, 365
suggested values, 126
Qrxlevmin, 37, 63, 366
suggested values, 126
Quality of Service. See QoS
RACH, 14, 257
power offset, 136

Index

preamble initial transmit power,
136
Radio
bearers, 40, 324
PS data, 101
setup for voice service, 163, 176
link addition, 139
Link Control. See RLC
Network
Controller (RNC), 4
scalability, 19
System (RNS), 4, 120
Resource Control. See RRC
system components, 328
wave propagation, 345
Rake receivers, 30
Rate switching, PS data optimization,
199
Ray tracing, 344
2D vs. 3D models, 363
Rayleigh fading, 341
Reading time, 87, 106
Receive Signal Code Power. See RSCP
Receiver Noise Figure
Downlink, 40
Uplink, 28
Recommendations
access parameters, 136, 137
inter-system boundaries, 216
intra-frequency
cell reselection, 133
handover parameters, 146
minimum RSCP, 37
post-deployment, 23
power offset settings, 123
repeater
adding a new, 328
installation, 327
parameters, 326
RLC parameters, 208
HSDPA, 308
site inspection, 25
solving Uplink/Downlink coverage
limitations, 178
target Ec/No, 37
Treselection, 133
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Release 4, 5
Release 5, 5, 261, 301
scheduler, 264
video-telephony standard, 185
Release 6, 5
Release 99, 4, 19, 88, 257
capacity limitations, 259
data rates, 258
Downlink packet data technique,
258
HDSPA
deployment with, 271
impacts, 284
modulation, 262
network planning, 101
video-telephony standard, 185
Repeaters, 324
antennas, 325
cascaded, 328
coverage, predicting with CPICH
power, 341
Downlink
noise ﬁgure, 326
signal, 326
estimating range of, 341
gain, 325
optimizing, 326
oscillating, 327
output power, 326
recommendations for installing, 327
with BDAs or leaky coax, 359
Reporting
ACK-NAK, 303
CQI, 301
Reselection
attempt, 120
intra-frequency cell. See
Intra-frequency, cell reselection
UMTS criterion for, 124
Resources
MSC, 74
number of, 74
planning for WCDMA, 74
RNC, 106
sharing, 90
utilization of, 75, 141

383

RF
conﬁguration, 23, 54
controlled conditions, 24
coverage hole, 178
Downlink
interference, 177
network edge, 178
environment, effect of velocity, 130
failure symptoms, 176
KPIs, 153
limited Uplink, 177
models, 22, 54, 63
optimization. See Optimization, RF
unbalanced links, 178
Uplink
interference, 177
network edge, 178
Rician distribution, 341
Rise over Thermal (RoT), 29
RLC, 10
HSDPA parameters, 308
protocol, 115
PS data optimization, 199
parameters, 207
reset
correcting, 180
max, 180
RNC
dimensioning, 98
parameters stored in, 115
resources, 74, 106
RRC, 11
Connection setup, voice calls, 161
messaging, 12
protocol, 115
states, 202
setting parameters, 116
setup, redirected, 147
RSCP, 56, 58, 110
measuring cell quality, 124
Qrxlevmin, 63
threshold, calculating, 67
SCCPCH, 14, 257
SCH, 15
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Scheduler, 306
algorithms, 306
fast, 264
Proportional Fair, 289
required inputs, 306
retransmission, 264
Round Robin, 289
transport block size, 308
Scheduling gain, 277
Scrambling, 8
codes, secondary, 104
codes, primary. See PSC
Sectors, reorienting, 59
Sensitivity
Downlink, 45
Uplink, 31
Server
best server coverage plot, 356
differences in detected, 71
frequent change of best, 71
Services
limiting, 49
peer-to-peer, 96
voice vs. other, 48
Serving GPRS Support Node (SGSN), 4
Session
data volume, 86
deﬁnitions, 86
SF, 64, 88, 91, 109, 257
SF/2, 226
Sf− HORF, 98
SIB, 209, 116
Master Information Block (MIB), 116
reselection performance, 117
timer trigger, 118
value tag, 118
Signal
power, 342
received, 24
to Interference and Noise Ratio (SINR),
307
to Interference Ratio. See SIR
to Noise Ratio. See SNR
Signaling, 9
Radio Bearers (SRBs), 12
system parameters, 115

Index

Silent frames, 189
Simulations
for estimating Downlink capacity, 83
network dimensioning, 75
Sintersearch, 134
Sintrasearch, 133
SIR, 7
and transport channels, 13
Release99, 259
Site
count, 18
inspection, 25
moving, 59
placement, 23
positions, 53
surveys, indoor, 356
veriﬁcation, 25
Slot format, 84
Slow handover, 183
SNR, 316
repeaters, 326
Soft
combining gain, 7
handover. See Handover
Softer Handover Reduction Factor, 98
Spatial isolation, 106
Spectrum, 18
analyzer, 328
Speech AMR, 26
Spreading, 8
bandwidth, 78
factor. See SF and OVSF
factor reduction, 226
gain, 9
SSC, 104
S-SCH, 37
Stack, protocol, 9
Standard deviation, 32, 318
Standby time, 124, 127
hysteresis, 131
Streaming applications, 204
Sub-Packet Error Rate (SPER), 275
Subscriber Identity Module (SIM), 4
Subscribers. See users
Suzuki model, 341
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Synchronization loss, 181
Downlink, 170
System
access, 37, 158
acquisition, 37
information, 116
block. See SIB
TCP quality metrics, 168
TDD, 258
TDMA, 21
mitigating interference, 316
trafﬁc distribution, 97, 101
vs. WCDMA, 73
Terrain
data, 53
model, 63
Test
equipment, 329
inter-system handover, 242
UE, 356
Thermal noise. See Noise
Throughput, 65, 282, 290, 309, 311
indoor, 350
Tilt. See Antennas
Time Division Duplex (TDD), 2
Timers
AMR call ﬂow, 164
CELL− DCH to CELL− FACH, 87
link-speciﬁc, 171
SIB-speciﬁc, 118
N300, 163
T300, 163
T303, 163
T310, 163
T313, 163
TSP, 308
Time-to-Trigger, 80
Timing, HSDPA, 265
Tools. See Network planning
Topology, 323
planning, 61
Tower Mount Ampliﬁer (TMA), 28, 47, 54
TPC, 7
quality metrics, 168
Trafﬁc, 53, 73
application types, 99
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burstiness, 88
class, 309
background, 311
streaming, 311
distribution, 101
duration vs. volume based, 101
engineering
for video-telephony, 85
multiservice, 90
PS data, 86
UMTS, 73
per subscriber, 76
PS data, 86
requirements, 75
determining, 78
uneven distribution of, 78
Transmission
Gap
Connection Frame Number
(TGCFN), 228
Length (TGL), 228
Pattern Length (TGPL), 228
Pattern Repetition Count (TGPRC),
228
Time Interval (TTI), 16
Transmit
antenna gain, 28
Gap Pattern Sequence Identiﬁer
(TGPSI), 228
Power Control. See TPC
Transparent Mode (TM). See Modes
Transport
Block Size, 282, 309
Format
Combination Indicator (TFCI), 17
Combination Set (TFCS), 17
Resource Combination (TFRC),
266
Treselection, 70, 126
recommended settings, 133
vs. DRX cycle length, 128
vs. hysteresis, 131
UARFCN, 120, 316
UE
call setup tasks, 126
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UE (continued )
capability, 282
classes, 26, 47
codes, 290
HSDPA-capable, 282
modulation, 290
receive power, 141
standby time
model, 127
vs. cell camping quality, 133
system measurement triggers, 236
test, 72
transmit power, 364
quality metrics, 169
troubleshooting, 181
UMTS, 2
beyond Release99, 4
cell reselection criterion, 124
network topology, 2
overlay, Release99, 4
Unacknowledged Mode (UM). See
Modes
Universal
frequency reuse, 8
Mobile Telecommunication System. See
UMTS
Terrestrial Radio Access Network. See
UTRAN
Uplink
as limiting link, 47, 49, 277
capacity, estimating, 78
coverage
network edge, 178
solving, 178
interference, 137
indoor cells, 322
RF failure, 177
SIB7, 364
limiting for services, 49
Link Budget, 26
load, 83
for call model, 96
MAPL, 47, 279, 281
planning assumptions, 26
power control, 6
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repeaters, 327
service comparison, 47
SIR quality metrics, 168
synchronization loss, 181
Urban canyon effect, 322
User plane, 10
CS, 10
PS, 11
Users
estimated number per cell, 84
geographic distribution of, 76
high vs. low mobility, 78
power consumption, 83
UTM, 51
UTRAN, 4
signaling, 115
Uu, 10
resource constraint, 199
Value tag, SIB, 118
Vector maps, 53
Velocity, 130
Vendor implementation, effects on
network, 19
Video-telephony, 23, 85
3G-324M standard, 185
body loss, 35
call access, 195
call retention, 196
capacity, 86
codecs, 185
compared to voice service, 187
coverage vs. capacity, 109
I-frames, 186
image degradation, 193
messaging, 187
optimization. See Optimization,
video-telephony
P-frames, 186
quality metrics, 191
Release 5 and later 3G standard, 185
Release 99 standard, 185
test process, 190
Visitor Location Register (VLR), 4
Vocoder, 79
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Voice, 48
activity factor, 79
Downlink, 84
for video-telephony, 85
optimization. See Optimization, voice
service, compared to video-telephony,
187
Wave guide effect, 346
WCDMA
air interface, 5
capacity, 97
channel raster, 121
deployment options, 17
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frequency bands, 120
Idle Mode coverage, 240
minimizing interference, 63
physical layer, 6
repeaters, 327
service availability, 240
soft handover, 7
vs. FDMA/TDMA, 73
Web
based e-mail, 87
browsing applications, 204
Weibull model, 341
Yagi-Uda antenna, 327
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