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Notation

Mathematical Notation

∀ for all, e.g. x(t) = 0 ∀ t, is a signal that is zero for all t
E{·} Expected value
q−1 Backward time shift operator such that q−1yk = yk−1

y(t) Continuous signal y measured at time t
y[k] Discrete measurements of y done at time tk, i.e., y[k] = y(tk)
ẏ Time derivative of y, i.e., ẏ(t) = d

dt
y(t)

ŷ Prediction of y
ȳ Filtered value of y
λ Eigenvalue
⌈·⌉ Closest larger integer of ·

Variables Used

α Allowed deviation for adaptive control
β Filter constant for exponential filter
ε Residual/ Prediction error in change detection algorithm
θ Threshold level constant in change detection algorithm
ν Variance estimate constant in change detection algorithm
△ Handover interval
i (superscript) User i
REF (superscript) Reference/desired value
BPQ PQT variable
gdrop/rise Accumulated drops/rises in change detection algorithm
h Control interval of flow control algorithm
IPQ/RNC Inflow to PQ/RNC buffer
L0 Feedback gain of control algorithm
N Number of alive users/pqf’s/pq’s in the cell
OPQ/RNC Outflow from PQ/RNC buffer
Ri Bitrate user i would experience if scheduled
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xii

Si Scheduling decision for user i
Tfixed/one-way/tot Fixed/one-way/total delay over the TP-network
u Control signal. Desired outflow from RNC.
w Filter parameter for exponential filter
xPQ/RNC PQ/RNC buffer level
xTP Total amount of data of the TP network

Abbreviations

CS Circuit Switched
CQI Channel Quality Indicator
DL Downlink
FC Flow Control
GPRS General Packet Radio System
GSM Global System for Mobile Communications
HS High Speed
HSDPA High Speed Downlink Packet Access
HS-DPCCH High Speed Dedicated Physical Control Channel
HS-DSCH High Speed Dedicated Transport Channel
HS-PDSCH High Speed Physical Downlink Shared Channel
HS-SCCH High Speed Shared Control Channel
kbps kilobits per second
LQR Linear Quadratic Regulator
MAC Medium Access Control protocol
Mbps megabits per second
Node B See RBS
PDU Packet Data Unit
PQ Priority Queue
PQF Priority Queue Flow
PQT Priority Queue Time
RAN Radio Access Network
RBS Radio Base Station
RLC Radio Link Control Protocol
RNC Radio Network Controller
RTT Round Trip Time
TTI Transmission Time Interval
UE User Equipment
UMTS Universal Mobile Telecommunications System
UTRAN The UMTS Terrestrial RAN
UL Uplink
WCDMA Wideband Code Division Multiple Access
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Chapter 1

Introduction

The history of mobile communications goes back all the way to the 1940’s when the
first fairly primitive forms of commercial mobile telephone system was developed.
Even so, the analogue cellular systems that became highly popular in the 1980’s,
such as e.g., NMT in Sweden, AMPS in the United States and TACS in the United
Kingdom, are commonly refereed to as the first generation of mobile networks.
None of these were designed for anything but circuit switched voice traffic only.

In the early 1990’s, the second generation of mobile networks was increasing
rapidly in usage and popularity with standards such as IS-54 in the US and (of
course) the Global System for Mobile communications, GSM. Even though the
systems were more sophisticated, data traffic was in practice still out of the ques-
tion.

Parallel with the evolution of wireless mobile networks, computer networks,
and then mainly the Internet, has also been increasing tremendously in popularity
with a current usercount of over the billion. Still, the way of accessing computer
networks such as the Internet and all its services are most commonly done via a
wired connection (LAN, Modem etc.) or possibly a merely local wireless interface
such as WLAN.

In the last few years however, the GSM mobile network has been been expanded
with better capabilities for packet data traffic through the General Packet Radio
System, GPRS. By using GPRS (especially in conjunction with other enhance-
ments such as EDGE, which basically boosts the GSM/GPRS data rate around
four times), one may really start to talk about what is known as mobile internet
and the possibility to download music, make video telephony calls, surf the world
wide web, play games and numerous other things via a mobile telephone, which
was hardly considered possible just a few years earlier.

And now, even though the GSM network obviously is far from dead yet, not
many may have missed out on the launch of the third generation cellular networks,
3G or equally UMTS (the Universal Mobile Telecommunications System). This
new type of network utilizes even greater bandwidth and therefore provides a much
higher capacity than the older networks. UMTS uses a radio interface technology
known as Wideband Code Division Multiple Access, WCDMA.

1



2 Introduction

Even so, the pursuit of even greater speeds continues. The concept of Evolved
WCDMA is the next step of utilizing the limited radio resources to an even greater
extent and increasing the possible data rates even more. The first step of Evolved
WCDMA is a technology known as HSDPA, which stands for High-Speed Downlink
Packet Access and is introduced briefly below and more detailed in section 2.2 in
the next chapter.

1.1 Problem Background

In the evolution of the third generation mobile communication systems WCDMA,
a concept called High-Speed Downlink Packet Access, HSDPA, is introduced. HS-
DPA enables faster packet data transmission from radio base stations (Node B) to
mobile users by using a shared, high-capacity channel. The key idea of HSDPA is
to adapt the transmission rate to fast variations in the current radio conditions.
The so-called MAChs scheduler in the Node B gives the users access to the chan-
nel based on their data amount, radio channel conditions and other factors. A
fast retransmission mechanism for each user is introduced in the Node B, which
is served by a input buffer, the MAChs buffer. To achieve good transmission and
end-to-end user performance, this buffer shall be kept as small as possible, since
all data in the buffer is lost when serving HS-DSCH cell change takes place due
to handover to another Node B. At the same time, the buffer shall not run empty
and thus be causing under-utilization of the air-interface.

1.2 Purpose of Thesis

The objective of the thesis is to model, design and evaluate a flow control algorithm
for the transmission of data packets sent over the transport network between the
RNC and the Node B that give good user and system performance. This is to be
done in the context of both stationary as well as mobile HSDPA users performing
cell change. The resulting flow control algorithm shall ensure that. . .

1. the MAChs buffers always contain enough data packets to fully utilize the
offered physical layer resources over the air interface.

2. the length of the MAChs buffers should be kept as low as possible in order
to:

(a) Decrease required memory space.

(b) Decrease round trip time for RLC transmissions.

(c) Minimize packet loss at handover.

The focus of this thesis will be on points 1, 2(a) and 2(c) in the listing above.
To decrease the RLC round trip time is important, but is directly correlated to
the amount of data in the buffers. Therefore this will not be directly evaluated
but rather be seen as a consequence of lower buffer levels.
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1.3 Related Work

Data packet flow control and queue management are areas that have been thor-
oughly investigated in many reports and textbooks.

Most books on computer networks also have sections about queue management
and flow control for packet data, as for example Keshaw in [13] and Bertsekas &
Gallager in [2]. Different window-based flow control schemes, as used e.g., in TCP,
as well as rate control schemes, such as e.g., the Packet-Pair scheme suggested by
Keshaw in [12], are presented.

Another approach is given by Tipper & Sundareshan in [20], where the dynamic
behavior of queues and buffers are approximated with a set of non-linear differential
equations, which proves to be very suitable for the use of optimal control techniques
on the design of network control strategies. This methodology is applied to the
optimal routing problem in [21], on the admission and load control problem for
web servers by Kihl et. al. in [17], [14], [4], [3] and [16], and finally in the context
of congestion control in [18].

In [8], Gunnarsson presents where system identification and automatic control
techniques are used to design adaptive queue management techniques where pack-
ets are basically dropped with some probability to keep the queues at a desired
level.

Yet another approach is presented by Mascolo in [15], where classical control
theory is applied to the flow control and congestion problem in a TCP context.
What Macsolo does, is to use the well known Otto-Smith predictor to compensate
for delays in the network.

Since this paper also is going for a control theoretic point of view, many of the
techniques and tools that are used herein are based on classical control theory as
presented in textbooks on the subject, e.g., by Ljung & Glad in [7] and by Åstöm
& Wittenmark in [19]. The filtering and signal-processing methods that are used
are presented by Gustafsson in [9].

The performance of packet data traffic over HSDPA with respect to e.g.,
scheduling, TCP and streaming services are to some extent covered by Eriksson
in [5] and more in-depth by Gutiérrez in [10].



4 Introduction

1.4 Thesis Outline

To achieve the goal of creating a flow control algorithm under the requirements
given in section 1.2, the thesis work is reflected in this report which is arranged as
follows:

Chapter 1 is this chapter and gives an introduction to the problem and goals of
the thesis work as well as some preliminaries.

Chapter 2 gives an overview of a 3G network, and explains the concepts of
WCDMA and HSDPA. Also covered is the means of flow control in the
network as well as the concept of handovers and mobility.

Chapter 3 presents a mathematical derivation of a system model that will be
used when designing the flow control algorithm(s) in the following chapter.
Also presented is a method for filtering and estimating the outflow from the
Node B over the air interface.

Chapter 4 is the chapter in which the flow control algorithm is designed. Based
on classical control theory, a basic flow control algorithm is presented after
which this is extended with various features.

Chapter 5 shows simulations for a number of different scenarios using the flow
control algorithms derived in the preceding chapter.

Chapter 6 presents the conclusions as well as suggestions to future studies.

Appendix A briefly presents the simulations environment that was used for the
simulations in Chapter 5, and that has been developed as part of the thesis
work.

1.5 Limitations and Assumptions

Due to practical reasons, a number of limitations and simplifications has had to be
done. What these limitations are, and why, are described and discussed throughout
the thesis report, whenever the need for them arises. They are summarized in
section A.1 in Appendix A.



Chapter 2

Third Generation Mobile
Cellular Networks

This chapter presents an overview of a third generation mobile network, UMTS,
and introduces the concepts of WCDMA and HSDPA. A more in-depth description
can be found in e.g., [11].

2.1 UMTS Network Architecture

The third generation cellular networks UMTS, uses a technology known as Wide-
band Code Division Multiple Access or WCDMA as its air interface. Large efforts
has been made to keep a clear split between the radio related functionality and
the transport functionality in the network. An illustration of the UMTS network
as given in Figure 2.1 below.

Uu

Iur
Iub

Iu

PSTN etc.

Internet etc.

Figure 2.1. An overview of the UMTS system architecture.
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6 Third Generation Mobile Cellular Networks

The UMTS standard is structured so that the internal functionality of the nodes
in the network is not specified in detail. Instead, the interfaces between the net-
work elements are standardized. Below follows a brief description of the various
elements and interfaces in Figure 2.1 on the previous page.

The User Equipment, UE is the equipment that is in the end users possession.
The third generation mobile system are, as suggested in the introductional
chapter, also designed for other services than speech only and hence the term
UE. The UE consists of two main parts, the Mobile Equipment, ME, and the
UMTS Subscriber Identity Module, USIM. The ME is the radio terminal that
is used for radio communications over the air interface and may be a cellular
phone, a 3G data card for a laptop etc. The USIM is a smartcard that holds
the identity of the user and information that are needed for authentication
in the network.

The UMTS Terrestrial Radio Access Network, UTRAN handles all the
radio related functionality outside the UE and consists of two parts: The
Node B, which communicates with the UE over the air interface, and the
Radio Network Controller, RNC, that controls the radio resources of its
underlying Node B’s.

The Core Network, CN is responsible for switching and routing calls and data
connections to the external networks such as the Public Switched Telephone
Network, PSTN, and the Internet. The HLR (Home Location Register) is
a database located in the users home system that stores the master copy of
the users service profile with information of e.g., allowed services, forbidden
roaming areas etc. The MSC/VLR is the switch MSC (Mobile Switching
Center), and database VLR (Visitor Location Register) that serves the UE
for circuit switched (CS) services such as speech, and is the interface to
the UTRAN side for this type of services. The Gateway MSC, GMSC is
similarly the interface for CS traffic to external networks such as the PSTN.
For packet switched, PS, traffic, the Serving GPRS Support Node, SGSN, is
the counterpart of the MSC/VLR but for PS traffic. Similarly the Gateway
GPRS Support Node GGSN functionality is close to that of the GMSC, but
for PS traffic.

The Uu Interface is the air-interface link between the UE and the UTRAN.
When later in this paper referring to the ’air interface’, as e.g., in section
3.4, it is the Uu interface that is intended.

The Iu Interface connects the UTRAN to the CN. It is in fact divided into two
parts Iu CS and Iu PS to handle circuit switched and packet switched traffic
respectively

The Iur Interface is the interface between different RNC’s to allow mobility
between cells that are controlled by different RNC’s.

The Iub Interface connects an RNC to its underlying Node B’s. This is the
interface over which HS-data traffic flows in the UTRAN and thus is the one
over which the data flow is to be controlled, as described in section 2.2.
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2.1.1 Spread Spectrum Communications

There are many ways to handle multiple users in a radio environment. One way is
Time Division Multiple Access, TDMA, where each user is assigned a certain time
slot where it is allowed to transmit alone. This technology is the one used in e.g.,
GSM networks. Another ’opposite’ method is Frequency Division Multiple Access,
FDMA, where all users are allowed to transmit simultaneously, but in their own
assigned frequency band.

In contrast to TDMA/FDMA, the principle used in WCDMA is based on the
direct sequence spread spectrum technique. The main idea here is to spread the
data sequence to be transmitted over a larger frequency band by multiplying it
with a pseudo-random binary sequence. This sequence, known as the spreading
code, has a much higher rate and thus a larger bandwidth than the original data
sequence. The ratio between the rate of the spreading code and that of the original
sequence is known as the spreading factor (SF). Different spreading codes are used
for different users to allow for many users to transmit at the same time. In order
to easily despread the signal and reduce interference all codes are chosen to be
orthogonal to one another. Thus a spreading factor of e.g. SF=4 gives exactly
4 possible orthogonal codes etc. A simplified example to illustrate this process is
given in Figure 2.2 below.

Figure 2.2. Top: Example of spreading in direct sequence spread spectrum technologies
in the time domain. Spread signal = data × spreading code.
Bottom: Example of spreading and despreading in the frequency domain. The left figure
shows the original and spread signals respectively. The received signal is shown in the
middle figure and consists of data from a number of different users. The rightmost figure
shows the signal after despreading, which contains the original data plus some noise from
the other users.

To separate the downlink traffic from the uplink traffic in WCDMA, there are
two possibilities. The first is Frequency Division Duplex, FDD, where the downlink
and uplink respectively operates on separate frequency bands. The other method
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is Time Division Duplex, TDD, where the separation is done in the time-domain
instead. The FDD mode is what is the far most common today and is therefore
the one, if any, that will be assumed throughout this thesis.

2.1.2 Protocol Layers and Channels

There are a number of different protocol layers involved specified in the WCDMA
standard, each giving a specific service to the next layer above. Layer 3 handles
signalling to control the connection to the handset, layer 2 handles retransmis-
sions of erroneous packets while layer 1 provides functionality for transmitting
and receive data over the radio, including e.g., basic protection against bit errors.
There are also three different channel types defined in WCDMA: logical channels,
transport channels and physical channels. A somewhat simplified illustration of
the protocol layers and channels is given in Figure 2.3 below.

Figure 2.3. Protocol layer and channel overview.

The Physical Layer (Layer 1) offers Transport Channels to the above lying
MAC layer. There are different types of transport channels with differ-
ent characteristics of the transmission. There are both common transport
channels that can be shared by multiple handsets, as well as dedicated trans-
port channels (DCH) that are assigned to only one handset at a time. The
transmission functions of the physical layer include channel coding and inter-
leaving, multiplexing of transport channels, mapping to physical channels,
spreading, modulation and power amplification, with corresponding func-
tions for reception. The physical channel is characterized by its frequency
and code as described earlier in this section.

The Medium Access Control protocol, MAC (Layer 2) offers logical chan-
nels to the RLC layer. The logical channels are distinguished by the type of
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information they carry, and include the Dedicated Control Channel (DCCH),
Common Control Channel (CCCH), Dedicated Traffic Channel (DTCH),
Common Traffic Channel (CTCH), Broadcast Control Channel (BCCH) and
the Paging Control Channel (PCCH). The MAC layer performs scheduling
and mapping of logical channel data onto the transport channels provided
by the physical layer.

The Radio Link Control protocol, RLC (Layer 2) may operate in either
transparent, unacknowledged or acknowledged mode. It performs segmen-
tation and re-assembly functions and, in acknowledged mode, provides an
assured mode delivery service by use of retransmission. RLC provides a ser-
vice both for the RRC signaling (the Signaling Radio Bearer) and for the
user data transfer (the Radio Access Bearer).

The Radio Resource Control protocol, RRC (Layer 3) provides control of
the handset from the RNC. It includes functions to control radio bearers,
physical channels, mapping of the different channel types, handover, mea-
surement and other mobility procedures.

2.2 High Speed Downlink Packet Access, HSDPA

The concept of HSDPA is the first step of the evolution of WCDMA towards even
higher data rates. Compared to regular WCDMA as described in the last section,
which from now on will be referred to simply as just ’regular WCDMA’, HSDPA
allows for a higher capacity, reduced delays and a significantly higher peak data
rate in the downlink. A new logical channel, the High Speed Downlink Shared
Channel (HS-DSCH), is introduced to carry the HSDPA packet data. The basic
concepts used to facilitate the improved performance compared to WCDMA are:

Shared Channel Transmission. The radio resources are dynamically shared
among multiple users by the means of time and code multiplexing. This
leads to a more efficient use of code and power resources.

Higher-Order Modulation. HS-DSCH allows for the usage of higher-order data
modulation compared to regular WCDMA. This makes it possible to carry
more information bits per transmitted bit, and thus support higher data
rates and achieve higher capacity whenever the radio conditions are good
enough to allow for this higher-order modulation.

Fast Link Adaption. In WCDMA power control is used to compensate for dif-
ferences and variations in the instantaneous downlink radio channel condi-
tions. This allows for a constant data rate, but for communication links
with poor channel qualities, power control signalling however allocates a
fairly large part of the total cell power, and is thus not the most effective
way to allocate available resources from an over all system-throughput point
of view. Instead, since HS-DSCH keeps the power constant, the adjustment
of the data rate is done by changing the channel coding rate and/or the
modulation scheme.
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Fast Channel-Dependent Scheduling. Important is also which communica-
tion link(s) the shared radio resource should be allocated at a given instant,
which is known as the scheduling strategy. The system basically tries to
schedule the user with the best instantaneously radio conditions for trans-
mission over the air interface. Some amount of fairness is however needed, so
that not the same user (the one with the best conditions) is scheduled all the
time, and there are a number of different scheduling strategies which tries
to weight these two aspects together in different ways. Different possible
scheduling strategies are discussed in section 2.3.2 later in this chapter.

Fast Hybrid ARQ (HARQ) with Soft Combining. In regular WCDMA,
data blocks received to the UE that cannot be correctly decoded, are simply
discarded and retransmitted data blocks are separately decoded. In contrast,
in the case of fast hybrid ARQ with soft combining, data blocks that cannot
be correctly decoded are not discarded but soft combined with the retrans-
mission of the same information bits after which decoding is then applied to
this combined signal. This increases the probability for correct decoding of
transmissions for each retransmission done, if failure on the first attempt.

Shorter TTI (2ms) The abbreviation TTI stands for Transmission Time In-
terval and is basically the time-resolution upon which the transmission of
HS-DATA operates. For example, the scheduler may select a new user every
2ms, the data rate may be adjusted every 2ms etc. This also reduces the
delay for HARQ retransmission of lost packets over the air interface (Uu).
This is to be compared to the TTI of regular WCDMA, which is either 10,
20 or 40 ms.

2.2.1 Architectural Impact of HSDPA

To support the new layer 2 functionality of the HS-DSCH transport channel (hy-
brid ARQ, scheduling etc. as described above), the MAC layer has been extended
with a new functional entity known as MAChs. Also an HS-DSCH FP (frame
protocol) has been introduced to handle the data transport over the transport
network between the RNC and the Node B. An overview of the involved protocol
stack for HS-DSCH is given in Figure 2.4. To carry HS-DSCH, the physical layer
has also been extended with new functionality for e.g., soft combining, higher order
modulation etc. as well as three new physical channels:

- The High Speed Physical Downlink Shared Channel (HS-PDSCH), which
carries HS-DSCH in the downlink direction with theoretical peak rates up
to 14 Mb/s.

- The High Speed Shared Control Channel (HS-SCCH), which carries the nec-
essary physical layer control information (in the downlink direction) to enable
decoding of the data on HS-DSCH and to perform possible soft combining.

- The High Speed Dedicated Physical Control Channel (HS-DPCCH), which
carries the necessary control information in the uplink direction: acknowl-
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Figure 2.4. Overview of the protocol stack and their physical distribution in the
UTRAN used for HS-traffic.

edgements (both positive and negative) of received data and downlink qual-
ity feedback information. The latter is given in form of what is known as
Channel Quality Index (CQI) measurements.

The data to be sent over an HS-DSCH channel must of course, before being sent
over the air interface on one above listed physical channels, propagate e.g. from
the Internet, via the CN and through the UTRAN before being transmitted to
the user. In the following sections, a closer look is presented on how HS-data
propagates in the UTRAN - from the RNC down to the Node B, and eventually
to the UE.

2.3 Packet Data Flow in UTRAN

An illustration of the flow of data packets over the transport network within the
UTRAN (between the RNC and the Node B) as well as the means of controlling
this flow is given in Figure 2.5 on the following page.
For an already setup HS-DSCH channel, incoming data packets arrive from the
above-lying RLC layer to the MAC layer in form of MACd Packet Data Units,
PDU’s. Each such PDU may be categorized as belonging to one of different priority
classes depending on e.g. whether it is part of an RLC retransmission, how time-
critical the data in it is etc. The PDU’s are then temporarily stored in a buffer
called the MACd buffer in the RNC, where there are one such buffer for each
user and priority-class. A number of these PDU’s are then grouped together (if
the buffer is non-empty that is) in so-called HS-DSCH Data Frames and sent via
the transport network to the Node B. Upon arrival to the Node B, the PDU’s
are extracted from the HS-DSCH Data Frame and stored in a MAChs buffer
(also called Priority Queue, PQ) and awaits scheduling/transmission over the air
interface to the user. There is a one-to-one mapping between the MACd buffers
on the RNC side and its corresponding PQ in the Node B, and the flow of data
packets between each such pair is known as a Priority Queue Flow, PQF. Figure
2.5 thus illustrates the situation for only one such PQF.
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Figure 2.5. Flow of data packets for HS traffic in the UTRAN together with the means
of flow control for the same. Illustration is for one PQF.

2.3.1 Control of the Packet Flow

The rate of which the data is sent from the RNC to the Node B, the PQF data
rate, is specified by the Flow Control (FC) entity as seen in Figure 2.5 above.
The FC determines this rate for each PQF in order to meet some desired control
objective, which could be e.g. keeping the PQ buffer level on a specified level.
The desired rate is translated to a desired number of PDU’s (HS-DSCH Credits)
to be sent during a specified time-interval (HS-DSCH Interval) which may then
be repeated a given number of times (HS-DSCH Repetition Period). These values
are sent to the RNC in the form of Capacity Allocation messages. A much more
detailed discussion and design of such an algorithm is, as said before, the main
goal of this thesis and will be done in the following chapters. Note that each HS-
DSCH data frame carries information on the current size of the MACd Buffer in
the RNC, which also needs to be taken into account. If the buffer in the RNC is
empty, it cannot obviously not send anything.

It should be pointed out that in some cases, the transport network may be
considered as a bottleneck, especially when it is heavily loaded, which is further
discussed in section 3.1.3. Therefore it may be desirable to more evenly distribute
the traffic over the transport network to avoid high data peaks that may lead to
congestion. The PDU Shaping entity in the RNC has the purpose of distributing
the PDU’s over the specified HS-DSCH Interval. Should all be sent in a number of
as large as possible Data Frames in the beginning of each interval, or should they be
spread out in smaller Data Frames over the entire interval? Since it is outside the
scope of this thesis, to design such an algorithm, it will just be assumed that there is
already an existing PDU shaping algorithm that is ’good enough’, and thus spreads
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the load on the transport network over time in this manner to avoid these bursts.
For simulation purposes however, a model for PDU-shaping has been developed
that tries do follow the latter suggestion above - namely evenly distributing the
allocated credits over the allocated interval. This model is presented in Appendix
A, together with a description of the used simulation environment.

Obviously, some considerations must be taken into account during the flow
control with respect to other PQFs, e.g., because of the limited bandwidth of
the transport network. What will be done, as will be discussed in chapters 3
and 4, is not to take the Iub bandwidth directly into account when controlling.
Rather, compensation will be done for the delays over the transport network,
after which it is evaluated how the flow control algorithm(s) (hopefully) keeps the
congestion level of the transport level on a ’good’ level. This will be done during
the simulations in chapter 5. In some situations transmission errors and/or loss of
sent data over the network may also arise. These topics are however not covered
in this thesis.

2.3.2 Scheduling

The purpose of the scheduler is to decide which user that is to be scheduled for
transmission over the air interface, Uu, in the current TTI. There are a number of
different scheduling strategies that in various ways tries to find a balance between
system throughput and user fairness. Some possible strategies are listed below
without going in to very much detail. A more detailed investigation of these and
other scheduling strategies may be found in e.g., [5]. The scheduler is evaluated
every TTI (every 2 milliseconds). It is assumed that the users are time-multiplexed
only, and thus that only one user is scheduled per TTI. In all expressions below
Ri[n] is used to denote the instantaneous data rate user i would experience, if
being scheduled in TTI n.

Maxrate The Maxrate scheduler always chooses for scheduling the user i which
has the best instantaneous radio conditions. Thus its goal is, for every TTI
to find

arg max
i

Ri[n]

This maximizes the overall system throughput, but may be unfair in the
meaning that users with bad channel conditions will almost never get sched-
uled while users with good radio condition may be scheduled all the time.

Round Robin The Round Robin scheduler may be seen as somewhat the oppo-
site of Maxrate scheduling. Two possible choices of such a scheduler may
be:

arg max
i

T i[n] or argmax
i

1

f̄ i
out[n]

For the scheduler to the left, T i[n] denotes the time that the user i has had
to wait since last scheduled - the queue time. Thus it schedules the user with
the longest queue time and is thus fair in terms of average user queue time.
In the variant to the right, f̄out is an averaged value of the throughput the
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user has experienced so far. Thus, this scheduler chooses the user i who has
the lowest average throughput. Despite being fair, Round Robin scheduling
has proven very inefficient when it comes to overall system throughput.

Proportional Fair Out of the different scheduling strategies presented here, the
Proportional Fair scheduler is definitely the most interesting, since it presents
a balance between fairness and overall system throughput. What it does is
trying to find

argmax
i

Ri[n]

f̄ i
out[n]

Thus a user with comparatively good radio conditions and a large value of
R is scheduled (as in Maxrate scheduling). When scheduled, the average
throughput f̄ of the user increases, which makes other users with lower
average throughput more likely to be scheduled (as in Round Robin).

The users instantaneous data rates Ri are presented to the FC algorithm every
TTI for all alive users i, as shown in Figure 2.5. Here ’Peak Data Rate’ represents
nothing more and nothing less than just R.

2.4 Mobility

Obviously, users in a mobile network are seldom stationary. In the simulations
in chapter 5, a simplified approach is used where each user is given an intital
random direction (kept during the lifetime of the user) and a fix speed. Whenever
such a mobile user moves to an adjacent cell, something known as a cell change
or handover may take place. This has the meaning that the user gets connected
to a new RBS instead of the old one. This situation, illustrated for the channels
associated with regular WCDMA, is shown in Figure 2.6 below.

Figure 2.6. Illustration of handovers for regular WCDMA

A soft handover is when the handover is performed from a cell connected to one
RBS to a cell connected to another RBS. This is also referred to as an inter-RBS
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handover. A softer handover is in contrast when a handover is performed between
two different cells associated with the same RBS, and is often referred to as an
intra-RBS handover. Regardless if a soft or softer handover is taking place, the
users is during the handover phase connected to both the old as well as the new
RBS.

HSDPA, however does not support neither soft nor softer handover. Instead
all handovers are hard handovers, which means that the HS-DSCH channel for
one user may only be connected to one RBS at a time. When a handover for
HSDPA is to take place, a hard ’switch’ is made from the old RBS to the new one.
The HS-DSCH channel is kept and based on measurement reports from the UE,
whereas a syncronized cell-change is initiated.

Upon such a hard handover, all data that is currently buffered in the RBS is
discarded and thus needs a retransmission from the RNC. It is possible to, when
performing an intra-RBS handover, to let the data remain since the new cell is also
connected to the same RBS. However, to simplify e.g., simulations, all handovers
made are treated as hard handovers with a loss of all data currently buffered in
the RBS. Hence the need of a flow control algorithm that tries to minimize these
losses.
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Chapter 3

System Modeling

The purpose of this chapter is to derive mathematical models which describe the
dynamic behavior of the system from a control theoretic perspective, and thus may
be used when designing the proposed flow control algorithm in the next chapter.
This will be done on a per-PQF level, where only one flow of HS-data and one
PQ/user is considered.

3.1 Continuous-Time Modeling

The system as such is event-triggered and not time-based in the meaning that the
data that arrives does not do so on specific time-instants. Wanting to simulate
and analyze the dynamics of the system, especially as here in the context of clas-
sical control, it is however possible to approximate the dynamical, time-varying,
behavior of the system. One way would be to see the buffer levels as time-varying
Markow processes and solve the well-known Chapman-Kolmogorov equations as
described in [20]. This however, is quite complex whereas one often used approach
is to model the dynamic behavior in a more approximative way. The approach
that will be used throughout the report is the well-known fluid-flow approxima-
tion, where a queue is simply modelled as an integrator as illustrated in Figure
3.1. This method (with some refinements of course) is used in e.g. [15] and [17].

Figure 3.1. Approximation of a buffer as an integrator

17



18 System Modeling

Now, using this fluid flow approximation, and denoting the level of the buffer
with x(t) while letting I(t) and O(t) be the inflow to and the outflow from the
buffer respectively. This lets the fluid flow approximation as shown in Figure 3.1
be described as

ẋ(t) = I(t) − O(t) with some initial buffer level x(0) = x0

Obviously there are non-linearities that needs to be taken into account, such as
for example the fact that the buffer may not be negative and nor may there be
a negative flow into the buffer. These aspects as well as other aspects will be
highlighted when deriving the models for the respective part of the system in the
remnant of this section and chapter. The index i will there be used for user/PQF
i, and it will be assumed that there are a total of N alive users in the cell.

3.1.1 The MAChs Buffer (PQ)

As stated in the previous chapter, the MAChs buffer or PQ, is located in the Node
B and is where user data for one PQF is temporarily stored awaiting transmission
over the air (Uu) whenever the user is scheduled.

For modelling this buffer, the fluid-flow approximation from before is being
used, where xi

PQ(t) is the buffer level. The incoming data flow from the transport
network will be assumed to be Ii

PQ(t) whilst the outflow from the buffer in a similar
manner is given by Oi

PQ(t). Thus the dynamics of this PQ buffer for user i may
be expressed as

ẋi
PQ(t) = Ii

PQ(t) − Oi
PQ(t)

The outflow, Oi
PQ(t), is of course dependent on wether or not the user is scheduled

at the moment, what the data rate would be for a successful transmission and
whether there is any data in the buffer to send. Therefore, let the variables Si,Ri

and ρ(xi
PQ) be introduced as

Si(t) =

{
1 if user i is scheduled
0 otherwise

Ri(t) = Data rate for a successful transmission if scheduled.

ρ(xi
PQ(t)) =

{
1 if xi

PQ(t) > 0

0 otherwise

Note that ρ(xi
PQ) does not represent any accurate statistical approximation in this

case, but rather reflects the fact that the buffer needs to contain data in order to
allow for anything to flow out. Also pointed out should be that the variable Ri(t)
is here presented by the scheduler for each alive user every TTI (every 2ms), no
matter wether the user is scheduled or not. This will be taken advantage of later
on.

Using the definitions above, the full model of the PQ buffer may now be ex-
pressed as

ẋi
PQ(t) = Ii

PQ(t) − Oi
PQ(t)

where Oi
PQ(t) = Si(t)Ri(t)ρ(xi

PQ(t))
(3.1)
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3.1.2 The RLC Buffer

The dynamic behavior of the RLC buffer in the RNC may be modelled in the same
way as for the MAChs buffer in the previous section. Let the RLC buffer size be
given by xi

RNC(t) and the inflow and outflow to the buffer be given by Ii
RNC(t) and

Oi
RNC(t) respectively. Also let the latest received value of the desired outflow from

the buffer (which is to be given by the flow control) be denoted by ui
received(t).

The fluid-flow model of the RNC buffer may thus be expressed as:

ẋi
RNC(t) = Ii

RNC(t) − Oi
RNC(t)

where Oi
RNC(t) = ui

recieved(t)ρ(xi
RNC(t))

(3.2)

where the same definition of the saturation ρ(·) as previously. Note that the inflow
to the buffer Ii

RNC(t), is something that is not controllable but rather is given by
whatever traffic model is assumed.

3.1.3 The Transport Network

Under the assumption that the RLC-buffer in the RNC is ’full enough’, the trans-
port network is ideally fully transparent, this meaning that the actual inflow to
the PQ in the Node B, Ii

PQ(t) is exactly the same as the desired inflow set by the
flow control, ui(t). In reality, this is however not true because of the following
limitations:

Delays It takes time for the data to propagate over the transport network, both
for the control signals ui(t) in the control-/up-direction (Node B → RNC),
as well as for the data flow-/down-direction (RNC → Node B).

Packet losses Packets may be lost over the transport network due to various
reasons such as e.g., congestion (see below).

Congestion If there is ’too much’ traffic simultaneously over the transport net-
work, it might happen that the actual bandwidth of the network is exceeded,
which in turn give large delays, but also potential packet losses.

All the three points listed above are of course of uttermost importance to consider
when aiming to control the data flow over the transport network.
Now, it has been shown that a reasonable model of the transport network may
be given as one big buffer and an additional fixed delay Tfixed. Let this ’virtual’
buffer level be denoted with xTP(t) and let C(t) be the bandwidth of the transport
network. The total delay (one-way), Tone-way(t), may then be expressed as

Tone-way(t) = Tfixed +
xTP(t)

C(t)
(3.3)

The dynamics of the ’virtual’ transport-network buffer xTP may, in analogy
with what has been said before, be expressed as

ẋTP(t) =
∑

∀i

Oi
RNC(t) −

∑

∀i

Ii
PQ(t) (3.4)
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Here, two not to obvious assumptions/simplifications are made:
First, an assumption has been made that the control signalling from the Node

B to the RNC by the flow control algorithm does not use any bandwidth over
transport network. This may be justified by the fact that these control signals,
which are in form of capacity allocation messages as said in chapter 2, are both
much smaller in size than the data frames in which data is sent from RNC → Node
B. Furthermore, this flow control signalling is assumed to be done very seldom,
perhaps once every 100ms or similar. Consequently, the assumption that control
signalling does not affect the the congestion level of the transport network, is a
reasonable assumption.

The other, seemingly worse assumption is that the congestion level of the trans-
port network is not related to other, non-HS traffic. Since there are typically much
such non-HS traffic (voice, data over dedicated channels etc.) ongoing over the
transport network, this is obviously not true. This non-HS traffic - in contrast
to the HS-packet data flow - is (unfortunately) not within reach to control in
this paper. This fact can however be compensated for by simply letting C(t) in
equation (3.3) be the bandwidth that is available for HS-traffic and by increas-
ing the value of Tfixed in the same equation. To keep things even more simple, it
will also be assumed that the HS available bandwidth C(t) is fixed and equal to C.

The relationships between the outflow from the RNC (Oi
RNC in (3.2)) and the

inflow to the PQ (Ii
PQ in (3.1)) may now be given by

Ii
PQ(t) = Oi

RNC(t − Tone-way(t)) (3.5)

Analogously, the relationship between the received desired outflows from the RLC
buffer (ui

received(t) in (3.2)) and the one that is commanded by the flow control
algorithm, ui, should then finally be expressed as

ui
received(t) = ui(t − Tone-way(t)) (3.6)

3.2 Full PQF Model

Now, by combining equations (3.1), (3.2), (3.5) and (3.6) the full model for the
dynamics of one PQF may be expressed as

ẋi
RNC(t) = Ii

RNC(t) − Oi
RNC(t)

where Oi
RNC(t) = ui(t − Tone-way(t))ρ(xi

RNC(t))

and

ẋi
PQ(t) = Oi

RNC(t − Tone-way(t)) − Oi
PQ(t)

where Oi
PQ(t) = Si(t)Ri(t)ρ(xi

PQ(t))

(3.7)

These above expression may look more complicated than they actually are. They
merely states that the inflow to the buffer is dependent of the the delays in ’both’
directions, as well as on the amount of data in the buffers. A graphical illustration
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Figure 3.2. Block-diagram of the system model (3.7)

as a block diagram is given in Figure 3.2 below.
Obviously, the system has some more or less complicated non-linearities. First,
there are the saturations represented by ρ(·) above. Second, the model (3.7) above
is, due to the delays Tone-way, infinite dimensional in the sense that a full state-
space representation of the system would require an infinite number of states (see
e.g., [19] or [7]). To complicate things even more, the delays are time-varying.
These issues will be ’dealt with’ in the upcoming two subsections.

3.2.1 Full vs. Empty RNC Buffer

As stated earlier, no particular traffic model will be assumed throughout this
thesis work. This because the flow control algorithm to be developed should
work properly regardless if the traffic carried on the HS-channel is web-surfing,
streaming, downloading of files etc. It may be possible, by assuming some specific
traffic model (e.g., that the incoming traffic may be statistically described as having
exponentially distributed packets with some mean length and mean arrival rate)
to take the statistic variations that arise into account. One approach may be to
use an approach as described in [21], where this approach is applied to the problem
of optimal routing of traffic in a computer network. A similar approach may be
taken on the flow control problem as described in [20].

Since this would require assumptions in the traffic model used (which is not
desirable) instead another, more intuitive approach is chosen. To simplify future
analysis and control design only two specific, but nevertheless fundamental cases,
will be looked at:
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RLC Buffer Empty (xi
RNC(t) = 0) Assuming that the RLC buffer has been

empty for a time ’long enough’ ( more than the one-way delay Tone-way )
expression (3.7) may be simplified down to

ẋi
RNC(t) = Ii

RNC(t)

and

ẋi
PQ(t) = −Si(t)Ri(t)ρ(xi

PQ(t))

Thus there is no inflow to the PQ. What is suggested here is simply to set
the user into an ’inactive’ state and just set u(t) = umin where umin is non-
zero. The reason for this is for the RNC to be able to transmit data as soon
as it receives any and not having to waste time sending Capacity Request
Messages.

RLC Buffer Non-Empty (xi
RNC(t) > 0) If the RLC buffer actually has PDUs

that needs transmission to the Node B, the model (3.7) instead becomes

ẋi
RNC(t) = Ii

RNC(t) − Oi
RNC(t)

where Oi
RNC(t) = ui(t − Tone-way(t))

and

ẋi
PQ(t) = Oi

RNC(t − Tone-way(t)) − Oi
PQ(t)

where Oi
PQ(t) = Si(t)Ri(t)ρ(xi

PQ(t))

In this case, since there is no particular interest in the dynamics of the RLC
buffer, and since actually nothing is ’known’ about the inflow to the RLC
buffer due do the lack of traffic model, only the dynamics of the PQ in the
Node B will be considered. The model in this case will thus further reduce
to

ẋi
PQ(t) = ui(t − Ttot(t)) − Oi

PQ(t)

where Oi
PQ(t) = Si(t)Ri(t)ρ(xi

PQ(t))
(3.8)

Here Ttot(t) = 2Tone-way(t) is the total delay expected from Node B → RNC
→ Node B. Additional assumption have thus been made in that the delays
are the same in both directions as well as that the RNC has zero processing
time.

Of course, there are other situations not listed above such as e.g., when RNC-buffer
runs empty for shorter periods of time that the time it takes for the data frames to
propagate from the RNC down to the Node B. This fact will be ignored, with the
excuse that this case could (approximately) be considered as a disturbance signal
acting on the second case above. Taking the easy way out, this will be ignored for
now.

The model (3.8) will be the model used as a basis for discretization in the next
subsection and thus eventually as a basis for the flow control design in the next
chapter.
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3.2.2 Discretization

Since the system is computer controlled, it is not very far-fetched to discretizise
the model that has been derived. This has the benefit of reducing the infinite
number of dimensions of (3.8) down to a finite number of dimensions, and thereby
realizable with a finite number of states in a discrete time state-space model. Since
the delays are time-varying, the needed number of states would be changing over
time, but this will be ignored for the moment.

The methodology here described may be further studied in any control engi-
neering textbook such as for example [19] or [7].

Let the system (3.8) be sampled with a sampling interval of h seconds and look
only at the sampling points in time t = kh. Assuming the delay to be constant
and not time-varying, and thus Ttot(t) = Ttot. Let this delay now be written as
Ttot = (d− 1)h + τ . Since only one user/PQ/PQF i is considered, the superscript
i will be dropped from now on. In case of possible confusion, this indexation will
however be used.

The discrete-time version of (3.8) may, in analogy with theory presented in
e.g., [19] and [7], be expressed as

xPQ[k + 1] =

x̃
︷ ︸︸ ︷

ΦxPQ[k] + Γ1u[k − d] + Γ0u[k − d + 1]−OPQ[k]

where OPQ[k] = ϕx̃(ΨS[k]R[k])

(3.9)

The definitions of Φ, Γ0, Γ1 and Ψ as well as the saturation ϕỹ(·) in (3.9) are
given by

Φ = e0h = 1

Γ0 =

h−τ∫

0

e0s ds = h − τ

Γ1 = e0(h−τ)

τ∫

0

e0s ds = τ

Ψ =

h∫

0

e0s ds = h

ϕx̃(z) =







0 if z < 0
z if 0 ≤ z < x̃
x̃ if z ≥ x̃

(3.10)
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Now, let the old control signals be introduced as








u[k − d + 1]
u[k − d + 2]

...
u[k]








︸ ︷︷ ︸

Ū [k+1]

=








0 1 · · · 0
...

...
. . .

...
0 0 · · · 1
0 0 · · · 0








︸ ︷︷ ︸

AŪ (d×d)








u[k − d]
u[k − d + 1]

...
u[k − 1]








︸ ︷︷ ︸

Ū [k]

+










0
0
...
0
1










︸︷︷︸

BŪ (d×1)

u[k]

[
u[k − d]

u[k − d + 1]

]

=

[
1 0 0 · · · 0
0 1 0 · · · 0

]

︸ ︷︷ ︸

CŪ (2×d)

Ū [k]

(3.11)

By now combining (3.9) and (3.11) the full expression is given as
[
xPQ[k + 1]
Ū [k + 1]

]

︸ ︷︷ ︸

z[k+1]

=

[
Φ [Γ1 Γ0]CŪ

0 AŪ

]

︸ ︷︷ ︸

A

[
xPQ[k]
Ū [k]

]

︸ ︷︷ ︸

z[k]

+

[
0

BŪ

]

︸ ︷︷ ︸

B

u[k] − ϕx̃(

[
Ψ
0

]

︸︷︷︸

N

S[k]R[k])

(3.12)

Now (finally!), by combining (3.12) with (3.10) the result is










xPQ[k + 1]
u[k − d + 1]

...
u[k − 1]

u[k]










=










1 τ h − τ · · · 0
0 0 1 · · · 0
...

...
...

. . .
...

0 0 0 · · · 1
0 0 0 · · · 0



















xPQ[k]
u[k − d]

...
u[k − 2]
u[k − 1]










+

+










0
0
...
0
1










u[k] +










−h
0
...
0
0










ϕx̃(S[k]R[k]) (3.13)

This is clarified and illustrated with an example on the following page. . .
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Example 3.1: Discretization

Note: This example is for illustration purposes of the discretization process only,
with no intention on providing realistic values. This will be done later on.

Suppose that a sampling rate h = 0.1 seconds is being used. Now assume
that the total delay Ttot is fixed and equal to 0.17 seconds. This gives d = 2 and
τ = 0.07 for usage in the discrete model. The continuous-time model, according
to (3.8), is

ẋi
PQ(t) = ui(t − 0.17)− Oi

PQ(t)

where Oi
PQ(t) = Si(t)Ri(t)ρ(xi

PQ(t))

The discrete model will then, in accordance with in (3.13), be given by




xPQ[k + 1]
u[k − 1]

u[k]



 =





1 0.07 0.03
0 0 1
0 0 0









xPQ[k]
u[k − 2]
u[k − 1]



 +





0
0
1



u[k] +





−0.1
0
0



 ϕx̃(S[k]R[k])

A simple simulation of this model, with a step in the commanded inflow u is given
at t = 0 and another step is given in SR at t = 1.0, is given in Figure 3.3 below.
The initial level is set to y(0)=0.
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Figure 3.3. Left: Step response of discrete and continuous model. Right: Control signal
and outflow.

As can be seen from the plots, even though this is a quite primitive example, the
discrete model approximates the integrational behavior of the buffer as well as the
delays quite well.

In reality, as mentioned before, the transport delays are time-varying and thus this
model may seem to simplified. This delay model will however be used for control
design purposed in the next chapter where it is assumed that the TP-nework delay
is known. When doing the ’real’ simulations, the simulator uses the delay model
as given by (3.3) and (3.4).
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3.3 Priority Queue Time, PQT

Instead of just looking at the PQ buffer level measured in bits or PDU’s as have
been done so far, another interesting measure is how many seconds of data that is
stored in the buffer. In this case, this means the time it would take to empty the
PQ.

A continuous time-model of the system was given by (3.8). Assuming the buffer
to have some level xPQ(t0) at time t = t0, the buffer level at time t = t0 + B may
then, by integrating (3.8), be expressed as

xPQ(t0 + B) = xPQ(t0) +

t0+B∫

t0

u(t − Ttot)(t) − OPQ(t) dt

Let following definition be introduced:

Definition 3.1 (Priority Queue Time - PQT) The Priority Queue Time,
PQT, is defined for each Priority Queue, PQ, as the time it takes to empty the
buffer if the inflow to the buffer would be set to zero. For each time t = t0 the
PQT B(t) is found by finding the smallest such B(t) that solves

xPQ(t0) =

t0+B(t0)∫

t0

OPQ(t) dt (3.14)

Obviously the PQT B(t0) cannot be calculated directly since it is dependant on
future outflow from the PQ of which there is no knowledge. However, by rewriting
(3.14) in a seemingly trivial way as

xPQ(t0) =

t0+B(t0)∫

t0

OPQ(t) dt = B(t0)
1

B(t0)

t0+B(t0)∫

t0

OPQ(t) dt

Note that the right-hand side of this expression is nothing more and nothing less
than B(t0) times the average mean outflow OPQ(t) from the buffer in the interval
[t0, t0 +B(t0)]. Assume that there is such an estimation E{OPQ(t)}|

t0+B(t0)
t0

where
E{·} denotes expected value of ·. The PQT B(t0) may then be estimated as

B̂(t0) =
xPQ(t0)

E{OPQ(t)}|
t0+B(t0)
t0

(3.15)

The question on how to make the estimation of future values of the outflow, as in
the denominator in (3.15) above, is discussed in the next section.
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3.4 Prediction of the Outflow from the PQ

An almost obvious initial attempt for a flow control algorithm, would be to simply
request a data flow from the RNC to PQ in the Node B equivalent to the one
flowing out of the PQ and over UU to the UE. Let’s begin by recalling the model
that was derived in a previous section, (3.8), and - for simplicity - assume that the
delay over the transport network is considered to be fixed.

ẋPQ(t) = u(t − Ttot) − OPQ(t)

Assuming that the buffer has some initial level x0, one initial choice of control
signal would then be to choose the control signal u[k] such that

u(t − Ttot) − OPQ(t) = 0 ⇔ u(t) = OPQ(t + Ttot)

Assuming no other disturbances, this would allow the buffer level to be kept exactly
at x0. Since it can be assumed that buffers always are empty upon initialization,
this would give an ideal situation where data flows right through the buffer. Thus
the buffer itself would not be needed. As might have been expected, reality is
more complex than this. Note that OPQ(t + Ttot) is the value of the outflow Ttot

seconds into the future. Obviously there is no knowledge about this - the best
that can be done is to try to predict this value with the information that is given
at the moment. Again, remember the definition of OPQ from e.g., equation (3.8)
in the last section:

OPQ(t) = S(t)R(t)ρ(xPQ(t))

where S are the scheduling decisions, R is the rate with which data is sent if
scheduled and ρ is a saturation such that outflow equals zero if the buffer is empty.
The prediction of future values of the outflow may therefore be expressed as

ÔPQ(t + Ttot|t) = Ŝ(t + Ttot|t)R̂(t + Ttot|t)ρ(x̂PQ(t + Ttot|t)) (3.16)

where the common notation such that Ŝ(t + Ttot|t) means a prediction ( ˆ ) of
S made at time t (. . . |t) for a point in time Ttot seconds ahead has been used.
As seen, in order to predict the outflow, there is a need to predict both future
scheduling decisions S as well at future data rates over air R and the buffer size
x (which of course is dependent on all inflow and outflow to the buffer that takes
place during the time from t to t + Ttot).

For now, the prediction of the buffer level will not be considered as this will
be done in the next chapter when the actual flow control algorithm(s) are to be
designed. Instead it will in the following two subsections be focused on how to
estimate/predict future scheduling decisions, S, as well as the future peak data
rates over the air, R.
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3.4.1 Prediction of Future Scheduling

The different kinds of schedulers considered in this thesis were all presented in sec-
tion 2.3.2. Assume now that there are N alive users/PQF’s in the cell. Without
performing any sophisticated analysis, if considering a round-robin scheduler, it
can be realized that every user will then be scheduled approximately every N th

scheduling instant (TTI). This under the assumption that the number N is as-
sumed more or less constant. If doing this assumption, the probability that one
user is to be scheduled is thus for a round-robin scheduler approximately 1/N .
This is, as will be shown in an Example 3.2 later on, also true for a proportional
fair scheduler. In the case of maxrate scheduling, where the scheduling decisions
only depends on the current value of the peak data rate over air, R, this is obvi-
ously not at all true. By simply assuming the scheduler to be either round-robin
or proportional fair, the following suggestion may be done:

Suggestion 3.1 (Scheduling Probability) Assume that the scheduler is of the
type round-robin or proportional fair. Then the expected scheduling probability
E{S} may be expressed as

E{S} =
1

N
where N is the total number of active users in the cell. (3.17)

Instead of giving an analytical proof of this suggestion, it is somewhat justified by
the simulation results as given in Example 3.2 on page 29.

This is an estimation of the current scheduling probability. Wanted was however a
prediction of scheduling decisions in the future, which corresponds to Ŝ in (3.16).
As just shown, the scheduling probability mainly depends on the number of users
in the cell, thus a prediction of this number is needed. What is suggested however,
is to assume that the number of users is more or less constant at least for a small
fraction of time into the future, and thus:

Suggestion 3.2 (Prediction of Future Scheduling) Assuming that the num-
ber of users in the cell is fairly constant, at least over a period of time similar to
the total delay over the transport network Ttot. Then the best prediction of future
scheduling behavior that can be made is

Ŝ(t + Ttot|t) = E{S(t)} =
1

N(t)
(3.18)

where the last equality comes from Suggestion 3.1 above. Example 3.2 on page 29
clearly motivates this prediction.

Especially for a round-robin scheduler it may seem odd to, when calculating the
scheduling probability, not take previous scheduling into account. More reasonable
would be to assume a low probability for the user to be scheduled in the next couple
of TTI(s), but with a probability that increases as the time is approaching the N th

TTI after the last one scheduled. However, other factors such as the delays over
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the transport network, the reaction time of the controller etc. makes this kind of
reasoning of not much use in this case. Therefore, it is suggested to stick to the
approximation of 3.1

Example 3.2: Scheduling Probability

The plots below show the (filtered) scheduling probability for one user during
a simulation where the number of users in the cell varies. The true scheduling
probability is plotted and compared to the estimation (3.17). The true scheduling
probability is simply the scheduling decisions S filtered with an exponential filter
with a window-size corresponding to 20 TTI’s (40 ms).
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Figure 3.4. Top: Number of alive users. Bottom: Scheduling probability for different
schedulers (thin lines) and estimation according to (3.17) (thick solid line)

As can be seen from the plots, the estimation (3.17) corresponds very good to the
actual scheduling done in all cases but maxrate, as would be expected. This does
not prove, but at least somewhat justifies, the correctness of Suggestions 3.1 and
3.2. Note that the seemingly erroneous prediction, until approximately t ≈ 3.8, in
the figure is merely due to the transient behavior of the exponential filtering which
is here done merely for ’presentation’ purposes, and thus safely can be ignored.
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3.4.2 Prediction of Future Peak Data Rates

The peak data rate R(t) is, as said before, the bitrate a user would experience
for a successful transmission if scheduled. These measurements are based on CQI-
reports from the users mobile, but are often extremely noisy due to the very nature
of the radio interface with for example fast fading etc. These variations may be
as frequent as every TTI (every 2ms) which quite often compared to the goal
of sending control- (capacity allocation-) messages perhaps every 100 ms or even
more seldom. The peak data rate R(t) is presented by the scheduler every TTI
for every alive PQF/user. Also, the scheduling is based on this value in the case
of a maxrate- or proportional fair-scheduler. An example of these measurements
for one user is given in Figure 3.5 below.
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Figure 3.5. A typical plot of R(t) for one user. A sudden drop is modelled between
t=5.0s and t=5.4s.

Since for example the delay over the transport network typically may be in the
order of as much as more than a hundred milliseconds, it is obviously unrealistic
to expect to be able to compensate for both the oscillations as well as any sudden
drops as seen in Figure 3.5. Even if this could be done, this would cause a heavy
signalling load over Iub with capacity allocation messages needing to be sent as
often as every 2ms. What needs to be done is therefore to try to extract the
underlying, more slow varying nature of the bitrate, which is what will be discussed
now.

Filtering

What is desired, as said in the previous section, to filter out all disturbances and
extract the ’true’ information in the signal. This may be done in a number of
more or less sophisticated ways. For example, a model of the signal could be
constructed using its statistical properties as described in for example [9], [19] and
[7]. This would however require a fairly detailed knowledge about the underlying
signal and/or the disturbances. The computational expense may also be quite
high using this approach.

Due to the fact that no such information is present in the general case, and be-
cause of its simplicity and computational ’cheapness’, what is suggested is therefore
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a much simpler approach. Proposed is to merely use a simple exponential low-pass
filter which is updated every TTI as suggested below, where a discrete-time model
in analogy with what was done for the system in section 3.2.2 is used.

R̄[k] = βR̄[k − 1] + (1 − β)R[k]

Here R̄ is the filtered variant of R. How ’hard’ the filtering is, depends on the
parameter β ∈]0, 1[ which indicates how much ’trust’ to put to the new measure-
ments. A value of β close to one gives a hard filtering of R which makes the output
R̄ less noisy, but at the same time slow. If on the other hand letting β be close to
zero, there will be a faster response but with much less filtering and thus a noisy
output. This is illustrated in Figure 3.6, in which it clearly can be seen the effects
in the choice of β in the filtering equation above.
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Figure 3.6. Top: R and R̄ for the selection of β = 0.6. A sudden drop in R is modelled
between t=5.0s and t=5.4s. Bottom: Same situation as in the upper plot, but now using
β = 0.95.

As could be expected, the smaller value of β (top plot in Figure 3.6) gives a faster
filter that tracks R closer but lets through more noise compared to when the filter
constant β is chosen as a larger value , as in the lower plot in the same figure.
Since, as said before, the desire is to filter out the disturbances, it may seem de-
sirable to go for the latter one. On the other hand, if a sudden change takes place,
which is not a disturbance, this approach may give problems. As seen in Figure
3.6, where there is a sudden drop in R, the slower filter takes a pretty long time
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(around 100ms) to converge to the new level of R.
An even harder low pass filtering (larger β) will cause an even longer delay. Sug-
gested is therefore to let the value of β, and thus how ’hard’ the filtering is done,
vary over time as discussed in the next section. For now however, the best predic-
tion of future outflow that may be given is the following:

Suggestion 3.3 (Prediction of Future Peak Data Rates) For all the alive
(active) users in the cell, one possible prediction of the future peak data rates
over air, which is the data rate the user/PQF may expect if scheduled may be
estimated as

R̂(t + Ttot|t) = E{R(t)} = R̄(t) (3.19)

where R is the peak data rate and R̄ is a low-pass filtered version of this very
signal. The filtering of R to produce R̄ may be done using an exponential filter as

R̄[k] = βR̄[k − 1] + (1 − β)R[k] (3.20)

which is calculated every time a new measurement of R is given, thus every TTI.
A proof of this suggestion is omitted, but however the discussion and plots so far
in this section should motivate this suggestion.

Adaptive Filtering

As seen in Figure 3.6 and the discussion around it in the last section, it seems like
a compromise between filtering out the noise from e.g., fast fading, and keeping
the filtering fast and alert has to be made. This does not necessarily need to be
the case, which will be shown now.

Starting by rewriting the filtering equation (3.20) as

R̄[k] = βR̄[k − 1] + (1 − β)R[k] =
/

β =
w

w + 1

/

=
wR̄[k − 1] + R[k]

w + 1
(3.21)

where the change of variables has given the filtering equation on a form where
the filter parameter is now w instead of β. The parameter w may be seen as an
approximative window, which (approximately) tells how ’far back’ past measure-
ments should be considered. For example, w = 0 gives R̄[k] = R[k] and thus no
filtering, while say w = 19 means harder filtering and corresponds to the choice of
β = 0.95 in the lower plot of Figure 3.6.

With the previous discussion in mind, it would now not be very far-fetched
to let the filtering window w not be fixed but rather be dynamic. Therefore the
following filtering algorithm is suggested:

R̄[k] =
w[k]R̄[k − 1] + R[k]

w[k] + 1

where w[0] = w0 is the initial window size

and w[k + 1] =







w[k] + 1 if w[k] < wmax and no change detected
w[k] if w[k] = wmax and no change detected
w0 if change detected

(3.22)
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The parameters that needs to be set by the user is thus the initial window size w0,
as well as the maximum allowed window size wmax. The reason for not choosing
w0 = wmax but rather w0 ≪ wmax e.g., w0 = 0, is motivated by an effect not
shown in the simulation plots in Figure 3.6. What happens upon initialization
of the filtering - is that it will take a long time for R̄ to reach the level of R.
Consider for example going back to keeping w[k] fixed equal to e.g., 19 - thus the
first filtered value R would equal 1/20 of the first value of R, since there are no
old values of R or R̄ prior to this time. This effect is clearly shown in example
3.3 on page 35. The question still remains however, in how to detect such abrupt
changes, which is what will be looked at now...

Detection of Abrupt Changes

Presented in this section, is a method to detect sudden/abrupt changes in the
measured signal without unnecessary triggering of a reset of the window size w[k]
in (3.22). Suggested for this purpose is a variant of a method described in e.g., [9]
using a test known as CUSUM (CUmulative SUM).

Obviously, a filtering like the one that is suggested may in practice never give
’perfect’ prediction with R̄[k] = R[k], unless R[k] is constant, which is highly
unrealistic. The best that can be hoped for, is that the residuals ε[k] = R[k]−R̄[k]
are white. This basically means that they have a mean value E{ε[k]} = 0 and are
uncorrelated (E{ε[k]ε[k + τ ]} = 0 if τ 6= 0). If this is not true, say for example
if E{ε[k]} = ν0 > 0, this is an indication that R is increasing. For a detection of
this event, the CUSUM-algorithm would be as follows:

ε[k] = R[k] − R̄[k]

g[k] = max(g[k − 1] + ε[k] − ν, 0)

alarm if g[k] > θ

Here ν and θ are considered as design parameters. Without the max operation,
g[k]/k would eventually become the sample-mean value of ε[k]− ν. If this eventu-
ally would become larger than zero, it would be an indication that E{ε[k]} > ν.
Because of the max-operation, the algorithm is made alert to abrupt (positive)
changes is the mean value of ε, and thus if R is rapidly increasing. Upon an
alarm, first the filter in (3.22) is momentarily made very fast by resetting the win-
dow size w to the initial window size w0 = 0, after which g[k] is set to zero. The
same methodology may be used for detecting sudden rises as well as sudden drops
in R.

The full adaptive filtering and change detection algorithm as given by (3.22)
and two parallel CUSUM-tests, is given as Algorithm 1 on the following page.



34 System Modeling

Algorithm 1 Detection of Abrupt Changes
Require: w[0] = w0 as the initial window size and wmax as the maximum window

size
ε[k] = R[k] − R̄[k]
grise[k] = max(grise[k − 1] + ε[k] − ν, 0)
gdrop[k] = max(gdrop[k − 1] − ε[k] − ν, 0)
if grise[k] > θ then

grise[k] = 0
w[k] = w0

else if gdrop[k] > θ then
gdrop[k] = 0
w[k] = w0

else if w[k] < wmax then
w[k] = w[k − 1] + 1

else
w[k] = w[k − 1]

end if
R̄[k] = w[k]R̄[k−1]+R[k]

w[k]+1

R̄[k + 1] = R̄[k]

To sum it all up, what will be done is done in the following order for each TTI.

1. Filter R to get R̄ according to (3.22).

2. Perform the two parallel CUSUM-tests.

3. If any drop/rise was detected, then reset the filtering window w, to get a
faster filtering.

A question that however still remains is how the parameters ν and θ should be
chosen. Simply grasping them out of thin air as we have done until now may not
be fully desirable. Instead let us contemplate about them a little bit.

Without ν in Algorithm 1 e.g., grise would basically be the sum of all errors ε.
As a rule of thumb according to [9], ν should be chosen to approximately half the
expected value of the rise/drop, which will prevent a drift of g. The parameter
θ is merely the threshold level at which the accumulated errors are considered so
large that a drop/rise must have taken place. A small value θ would thus give
a very sensitive change detection algorithm, but thus also triggering lots of false
alarm. On the other hand, choosing a too large value of θ will give much fewer
false alarms, but instead react very slow to the changes.

We will not elaborate any further about optimal or sub-optimal settings of
these parameters. This will have to be a subject of further studies outside of this
thesis report. We simply illustrate the benefits of using this filtering algorithm for
one particular setup, in Example 3.3 on the following page.
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Example 3.3: Adaptive Filtering I

In Figure 3.7 below follows an illustration of the adaptive algorithm suggested in
this section. The choice of filtering parameters in this simulation is w0 = 0 and
wmax = 60. The adaptive change-detection parameter has been set to θ = 1000
and ν = 700. As sudden drop has been artificially introduced between the times
t = 4 and t = 5 by simply reducing the signal amplitude with a factor 2 in this
region. This is of course not realistic but well suited for illustration purposes.
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Figure 3.7. Top: R and R̄ in the case of both using a adaptive and non-adaptive
filtering. Second from Top: Window size when using adaptive filtering. Second from
Bottom: The accumulated drops and rises in the CUSUM-algorithm. Bottom: The
prediction errors/residuals

As can be seen from the top plot in Figure 3.7 above, the filtering done with the
fixed window size as in (3.21) shows a very slow convergence both when the user
alive in the beginning, as well as when the sudden drops and rises are encountered.
Also, the benefit of using the adaptive filtering can clearly be seen, since this gives
a filter much more alert to both drops and rises as well as upon initialization.
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Example 3.4: Adaptive Filtering II

For a more realistic situation, the adaptive filtering of the true peak data rate R
for a user that is moving with an average speed of 30 km/h. The parameters for
Algorithm 1 are here chosen as w0 = 1, wmax = 60, θ = 1000 and ν = 400.
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Figure 3.8. Top: R and R̄ in the case of both using a adaptive and non-adaptive
filtering. Second from Top: Window size when using adaptive filtering. Second from
Bottom: The accumulated drops and rises in the CUSUM-algorithm. Bottom: The
prediction errors/residuals

As can be seen, the suggested change detection/adaptive filtering approach of
Algorithm 1 gives a much better tracking of the true R, as was also the case in
the last example.

Note however, that the main desire is not to keep a perfect tracking of R, which
would be just plain stupid. Instead the change-detection approach gives the possi-
bility to filter out all desired noise, but still react relatively fast to sudden changes.
Therefore, it may be that detection in Example 3.4 are a bit too sensitive. Nev-
ertheless, the question of how to better choose the parameters are left to further
studies.
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3.4.3 Back to the Prediction of the Outflow

What has been presented so far in this section may lead to the conclusion that an
appropriate estimation of the future outflows may be given by (3.16):

ÔPQ(t + Ttot|t) = Ŝ(t + Ttot|t)R̂(t + Ttot|t)ρ(x̂PQ(t + Ttot|t))

where Ŝ(t + Ttot|t) is given by Suggestion 3.2, while R̂(t + Ttot|t) is given by
equation (3.19) in conjunction with Algorithm 1 in the previous section. Nothing
has yet been said about the last factor in the expression above, the saturation
ρ(·). Making things simple by assuming that the PQ is always ’full enough’ so
that ρ(xPQ(t)) ≡ 1 , ∀ t, gives a prediction of future outflows as

ÔPQ(t + Ttot|t) = Ŝ(t + Ttot|t)R̂(t + Ttot|t)

In doing so, this prediction will almost always represent an over-estimation of the
true outflow. As will be seen in the next chapter, this does not however present
any problem but may on the contrary be something desirable. This since the
prediction will simply represent the potential outflow from the buffer rather than
the actual one, and one of the flow controller goals is namely to try to fully utilize
the potential outflow. An overestimation will thus simply mean that an amount
of data proportional to the potential outflow will be requested instead, which is
what is desired. But more on this in the next chapter.

The estimation of future outflows from the PQ in the Node B, as has been
described in this chapter, is summarized in the following theorem:

Suggestion 3.4 (Prediction of Outflow from PQ) A possible prediction of
and expected outflow from the PQ, OPQ for an alive user/PQF i when there
at time t is N(t) alive users/PQFs may be estimated as

ÔPQ(t + Ttot|t) = Ŝ(t + Ttot|t)R̂(t + Ttot|t)

The scheduling probability Ŝ in this expression is calculated in accordance with
section 3.4.1 where (3.19) gave

Ŝ(t + Ttot|t) = E{S(t)} =
1

N(t)

The peak data prediction R̂ on the other hand is calculated as in section 3.4.2.
Here theorem 3.3 gave:

R̂(t + Ttot|t) = E{R(t))} = R̄(t)

where R̄(t) is a filtered version of R(t) that is calculated in accordance with the
dynamic filtering equation and change detection as per Algorithm 1 on page 34.

See Example 3.5 on the following page for an illustration and simulation of this
procedure.
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Example 3.5: Prediction of Outflow from PQ

This example will illustrate the prediction of future outflows done as per sug-
gestion 3.4. The simulation parameters are, as in Example before, wmax = 60,
w0 = 0, θ = 1000 and ν = 700. The plots illustrate a realization for one user,
and noted should be that the true outflow from the PQ as expected is very bursty,
which is why the choice has been made to average these measurements. This is
done using another exponential filter with a (fixed) window size corresponding to
approx. 40 ms of data (20 TTIs).
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Figure 3.9. Top: Predicted vs. True (filtered) outflow. Middle: Filtering of the peak
data rate R. Bottom: Estimation of scheduling.

As can be seen from the plots, the estimation is not at all bad. Part from some
initial transients, a very good conformity between the prediction and the actual
one can be seen, just as hoped for.



Chapter 4

Flow Control Algorithm

This chapter presents the derivation of an algorithm for flow control of HS-data
packets over Iub as described in section 2.3. This is done stepwise, so that the first
section results in a basic controller, whereas the later sections continue to build
upon this first one with some additional refinements. In the end, the goal is that
the resulting flow control algorithm should not only meet its performance goals as
stated in section 1.2. It is also desired that the resulting algorithm to be modular
in the sense that the different features should be represented as individual ’blocks’
that may be additionally built upon or revised if necessary. This will also give
the benefit of clearly showing not only the influence of each such feature, but also
combine them together into a number of final flow control algorithm suggestions.

First, however, recall the requirements on the flow control algorithm that was
given in the initial chapter of this report, where it was stated that the flow control
algorithm should ensure that:

1. The PQ/MAChs buffers always should contain enough data packets to fully
utilize the offered physical layer resources over the air interface.

2. The length of the MAChs buffers should be kept as low as possible in order
to:

(a) Decrease required memory space.

(b) Decrease round trip time for RLC transmissions.

(c) Minimize packet loss at handover.

Suggestions to how a flow control algorithm may be designed in order to fulfill
these requirements are given in the following sections. In the final section of this
chapter, a summary of the proposed flow control algorithms are presented.

39
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4.1 Keeping a Reference Level and Compensating
for the Delays

The initial approach is trying to meet the first demand on the flow control algo-
rithm as listed on page 4 - making sure that the PQ contains enough data to fully
utilize the air interface. An empty PQ means that this very PQ/PQF/user will
not be selected for transmission by the scheduler. If the corresponding RLC buffer
in the RNC is also empty, meaning that there is no data to transmit, then this
represents no problem. If, however, this is not the case, then an empty PQ buffer
will cause the user not to be selected for scheduling.

This is a problem from both an overall system throughput point of view, as
well as for the user itself. If the ’optimal’ user (the definition of ’optimal’ depends
on which scheduling discipline being used) to be scheduled has an empty PQ, the
scheduler will not be able to conduct the ’optimal’ scheduling but has to go for
the second best alternative etc.

If on the other hand, the buffer has some data in it, but less than what can be
scheduled, then the user will be scheduled but the full capacity of the air interface
will not be utilized. This is especially true in this thesis, since here it is assumed
that only time-multiplexing of users for transmission over air is allowed, and thus
that only one PQ/user may be scheduled per TTI.

Recalling the discrete-time model of one PQF from the previous chapter given
by the equation (3.12) as restated below:

z[k + 1] = Az[k] + Bu[k] − ϕx̃(NS[k]R[k])

xPQ[k] =
[
1 0 · · · 0

]
z[k]

(4.1)

where the definitions of z, u, A, B, N , ϕx̃, S and R here in (4.1) are the same as
those used in (3.12).

One goal for the flow control algorithm is thus, to find a suitable control signal
u[k] such that the saturation ϕx̃ is never active. Our suggestion to this problem
is, given that there actually is data available in the RNC on its way to the user,
to choose an appropriate level of the PQ buffer level xPQ. If denoting this desired
(reference) value with xREF

PQ , the aim of the controller is thus to command an
appropriate flow of data from the RNC to the Node B using the control signal u
such that xPQ = xREF

PQ .

One approach, which will be the one used here, is to use a Linear Quadratic
Regulator (LQR) design method as described in e.g., [7] or [19]. More specifically,
what will be done is trying to minimize the quadratic discrete-time cost quadratic
function

J =
∑

∀k

Q1(x
REF
PQ [k] − xPQ[k])2 + Q2u

2[k] (4.2)

Here, Q1 is a weighting scalar larger than zero, representing the relative cost of
deviations of xPQ from the reference value xREF

PQ . This gives a method of (sub-
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jectively) putting high ’price-tag’ on the cost of a ’bad tracking’ of the PQ buffer
level by setting Q1 to a large value, or lowering the ’price-tag’ by lowering Q1.
Similarly Q2 represents the cost on the data flow from the RNC to the Node B).
The same argumentation with ’price-tags’ applies here as well.

If for the moment ignoring the reference level xREF
PQ (letting it be identically

zero), the ’optimal’ (under the assumptions done here) control signal u is then
given by the feedback control law

u[k] = −Lz[k] (4.3)

where the optimal feedback gain L is given by

L = (BT SB + Q2)
−1BT SA (4.4)

in which S is a positive semi-definite and symmetric matrix

S =








s11 s12 · · · s1N

s12 s22 · · · s2N

...
...

. . .
...

s1N s2N · · · sNN








(4.5)

Note that S is the same size as A and thus N = d + 1 for a total delay of
TTOT = (d − 1) + τ . This matrix S is given as the solution to the stationary
Ricatti-equation

S = AT SA + CT Q1C − (AT SB)(BT SB + Q2)
−1(BT SA) (4.6)

Now, the first and second parts of (4.4) are given as

(BT SB + Q2)
−1 =
















0
0
...
1








T 






s11 s12 · · · s1N

s12 s22 · · · s2N

...
...

. . .
...

s1N s2N · · · sNN















0
0
...
1








+ Q2









−1

=
1

sNN + Q2

(4.7)

BT SA =








0
0
...
1








T 






s11 s12 · · · s1N

s12 s22 · · · s2N

...
...

. . .
...

s1N s2N · · · sNN

















1 τ h − τ · · · 0
0 0 1 · · · 0
...

...
...

. . .
...

0 0 0 · · · 1
0 0 0 · · · 0










=

=
[
s1N τs1N (h − τ)s1N + s2N s3N · · · sN−1 N

]

(4.8)

Thus, by combining combining (4.4), (4.7) and (4.8), the optimal feedback gain L
in (4.3) becomes

L =
1

sNN + Q2

[
s1N τs1N (h − τ)s1N + s2N s3N · · · sN−1 N

]
(4.9)
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The next step is to combine the stationary Ricatti-equation (4.6) with (4.5).
Straightforward, but time-consuming algebraic calculations (which are not pre-
sented here) shows that

s2N = τs1N

s3N = s4N = . . . = sN−1 N = hs1N

sNN =
s2
1N

Q1
− Q2

(4.10)

Combining (4.10) with (4.9) provides

L =
Q1

s1N

[
1 τ h h · · · h

]
(4.11)

It may also be shown that

s1N =
hQ1

2
+

√

h2Q2
1

4
− hτQ2

1 + τ2Q2
1 + Q1Q2 (4.12)

And thus, by combining (4.11) and (4.12), the optimal feedback control law (4.3)
is finally given as

u[k] = −Lz[k]

L = L0

[
1 τ h h · · · h

]

where L0 =
1

h
2 +

√
h2

4 − hτ + τ2 + Q2

Q1

(4.13)

Note from the last equation above, that it is only the quantity Q2

Q1

that matters,
not the exact values of Q1 and Q2, which always is the case for LQ-optimal control.
The qualitative impact of different choices of Q2

Q1

can be seen in Example 4.1 on
page 44. For some more clarity, the control law (4.13) is slightly rewritten a bit as

u[k] = −Lz[k] = −L0

[
1 τ h h · · · h

]










xPQ[k]
u[k − d]

...
u[k − 2]
u[k − 1]










= . . .

. . . = −L0xPQ[k] − L0(τu[k − d] + h

d−1∑

p=1

u[k − p]) (4.14)

Usage of a a desired level or setpoint may now be introduced by simply rewriting
(4.14) as

u[k] = L0(x
REF
PQ [k] − xPQ[k])

︸ ︷︷ ︸

”Proportional” Part

−L0(τu[k − d] + h

d−1∑

p=1

u[k − p])

︸ ︷︷ ︸

Compensation for Delays

(4.15)
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It can be seen that the control signal u[k] consists of two parts: The first is the
’proportional’ one that strives to keep the buffer level xPQ[k] close to the desired
reference level xREF

PQ [k]. The second part is a compensation for the delays in the
system. What this does is, as seen above, to subtract the influence of previous
control signals given that has not yet had the time to affect the buffer level xPQ[k].
This is in other words nothing more and nothing less that the sum of all data
requested in the last RTT which has not yet been received to the PQ in the Node
B for this very PQF.

Using the time delay operator q−1 which has the property that u[k − d] =
q−du[k], it is possible to rewrite the delay-compensation part of this expression as

τu[k − d] + h

d−1∑

p=1

u[k − p] = τq−du[k] + h

d−1∑

p=1

q−pu[k] = (τq−d + h

d−1∑

p=1

q−p)

︸ ︷︷ ︸

Hdel(q)

u[k]

Using this, the control law (4.15) may now be written as

u[k] = L0(x
REF
PQ − xPQ[k] − Hdel(q)u[k])

where Hdel(q) = τq−d + h
d−1∑

p=1

q−p
(4.16)

A graphical illustration of the proposed controller (4.16) is given below.

Figure 4.1. Illustration of controller (4.16). xREF

PQ and xPQ are the desired and the
actual level of the PQ respectively while u is the control signal. L0 and Hdel are the
static gain and the compensation for old control signals respectively.

The reader with some background knowledge in control-theory has probably
already identified this as nothing more and nothing less than an discrete-time P-
controller in conjunction with an Otto-Smith Predictor. See for example [19],[6] for
textbook descriptions or [15] for a real-world application to control of TCP-traffic
in a computer network.

The impact of different selections of Q2

Q1

as well as the benefit of the Otto-Smith
type of delay compensation is illustrated in a somewhat stylized example on the
following page. There are however still a few practical questions that needs to be
considered, namely the choice of feedback gain L0 as well as the choice of control
rate h.
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Example 4.1: P-Controller with Delay Compensation

Consider the system from Example 3.1 when the total delay Ttot was fixed and
equal to 0.17 seconds. If assuming the buffer to be ’full enough’ the continuous
model of this system is then

ẋPQ(t) = u(t − 0.17)− S(t)R(t)

Assume that a control rate of h = 0.1 seconds is being used. The discrete-time
controller for this system is thus given by (4.16) with τ = 0.07 and h = 0.1.
Assume that the outflow is given by S(t)R(t) = 2000[bit/s] and that the desired
level is xREF

PQ = 3000[bit]. Simulating for different values of Q1

Q2

= 1/Q2

Q1

gives:
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Figure 4.2. LQR-controlled system step response for different controllers. Top: PQ-
Buffer Level. Bottom: Corresponding control signals.

It can be seen that not taking the delays into account, gives a large overshoot.
The faster the controller, the larger the overshoot. When compensating for the
delays however, the controller ’hit the brakes’ earlier and no overshoot occurs.
Furthermore it can also be clearly seen that a stationary error is always present,
no matter how fast the controller is.
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4.1.1 Choice of Feedback Gain

The desired feedback gain L0 in the control law of (4.16) can be chosen as per
equation (4.13). This however requires the choice of an appropriate value of Q2

Q1

;
the cost of data flow relative the cost of ’bad tracking’ of the reference buffer level.

The closed-loop system, which is the uncontrolled system (4.1) controlled with
the control law of (4.16) may, if disregarding the outflow from the PQ of (4.1), be
expressed as:

z[k + 1] = Az[k] + Bu[k]

u[k] = −Lz[k]

}

⇒ z[k + 1] = (A − BL)z[k]

The closed-loop poles of the system is thus given by the eigenvalues λ of the
matrix A−BL which, after some tedious calculations not presented here gives the
poles/eigenvalues of the closed-loop system as

λ1 = 1 − L0h while λp = 0 for p = 2 . . .N

As can be seen, all system poles but the one in λ = λ1 = 1−L0h has been canceled
by the delay-compensation feedback. Of course this is highly approximative, since
having disregarded the influence of the outflow. In addition we also choose not to
be bothered by the fact that in general, a cancelation of poles/zeros may lead to
other problems. Nor do we ’care’ about the saturations. For an overview, [7] is a
good place to start.

Nevertheless, for a sampled system to be stable, all closed loop poles needs to
lies strictly within the unit circle in the complex plane. This gives that stability
can only be ensured if

|λp| < 1 ∀ eigenvalues λp

This is automatically true for all eigenvalues but λ1, which gives

|1 − L0h| < 1 ⇔ · · · ⇔ 0 < L0h < 2 ⇔ 0 < L0 <
2

h

Obviously, to ensure stability of the system the feedback gain L0 must be chosen
such that 0 < L0 < 2

h
. In particular, if the choice is L0 = 1

h
, the resulting

controller is what is known as a dead-beat controller with all its closed loop poles
in the origin. The drawbacks or benefits of this choice will not be discussed here,
but the interested reader is instead referred to [19], [7], [6] or [22].

Suggestion 4.1 (Choice of Feedback Gain) Given the discrete-time system
model (4.1), the value of the feedback gain L0 in (4.16) may be chosen as

L0 =
1

h

where h is the control rate of the flow control algorithm.

Suggested is simply this choice of feedback gain L0, but it is of course possible to
instead e.g., choose to control the parameters Q1 and Q2 to get L0 according to
(4.13).
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4.1.2 Choice of Control Rate

Another question that remains is the rate of the flow controller - the rate with
which capacity allocation messages should be sent. In principle, the more often
the control is performed, the better control the controller has over the system.
Assuming no delays in the system, then a control rate of 2 ms would allow for
perfect compensation of the outflow. This was discussed in section 3.4 and is by
obvious reasons not realistic. Another extreme variant would arise if the outflows,
delays etc. were perfectly constant. Then it would only be necessary to send
capacity allocation messages in the beginning of each HS-session. This is obviously
even more unrealistic.

Nevertheless, a very fast controller will tend to track disturbances, whilst a
very slow controller will tend to simply be too slow for good performance. One
solution to determining an appropriate control rate may be to look at e.g the spec-
tra of the peak data rates over air, R, and then try to control with a rate that
does not follow the fast disturbances (e.g., fast fading) but rather the more slowly
varying underlying signal as said in the discussion in section 3.4.

What will be done do to not widen the scope of this thesis too much, is to simply
state a control interval h = h0, where throughout this thesis h0 = 100 ms = 0.1 s
has been chosen. This value is by no means assumed to be optimal, but rather
taken as just an example. The goal will instead be, given this control interval, how
to improve the performance as per the points listed on page 4 in the beginning of
this chapter.

If on the other hand these 100 ms would (in another study) prove to be to
seldom, then this interval may simply be decreased (if the performance gain moti-
vates it, of course) without any bigger fuzz, reasoning as done before that control
signalling is (relatively) cheap. In this thesis, an additional feature is suggested
that lets the controller send extra control signals when needed as is done in section
4.3 later on.

If the 100 ms on the other hand is an unnecessary short interval, it may e.g.,
be possible to simply choose to send control signals (capacity allocation messages)
when it differs a lot from the previous one sent.

The above discussion leads to the following proposal

Suggestion 4.2 (Choice of Control Rate) The flow control algorithm as de-
scribed in this chapter should be sending capacity allocation messages with a
constant interval h seconds. The suggestion is to chose this value as h = 0.1,
leaving the possibility open to send extra capacity allocation messages if needed
or not send any if they do not differ from the last one sent ’too much’.

Possible future work could be to consider a varying control rate related to the
bitrate/packetrate or QoS-profile for each user.
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4.2 Compensating for the Outflow

As seen in the previous section, a stationary error arise when trying to control the
buffer level. This was clearly seen in the very stylized, but nevertheless interesting
Example 4.1. What is suggested is to let the control law of (4.16) be redefined
according to

u[k] = L0

(

xREF
PQ − xPQ[k] − Hdel(q)u[k]

)

+ ÔPQ[k] (4.17)

What has been is that the term ÔPQ[k] has been added, which represents the pre-
diction of the outflows from the buffer calculated as per Suggestion 3.4 in section
3.4. An graphical illustration of this controller is given in Figure 4.3 below.

Figure 4.3. Block diagram of a proposed controller with a feed-forward of the outflow
disturbances.

The addition of the predicted/estimated outflow is nothing more that a feed for-
ward of this entity. The estimation of R̂ in in section 3.4 and Suggestion 3.4 is
here represented by the block Hff in the block diagram. This is motivated with
Example 4.2 on the following page.
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Example 4.2: Compensation for Outflows (Fixed Ref. Level)

In this example, once again a realization for one user is plotted. The desired buffer
level xREF

PQ has here been set to a fixed value of 100 PDUs, which is approximately
33.6 kbits. The control rate has been chosen as h = 0.1 [s] and the feedback gain
L0 = 10. The same simulation has been run three times with the three different
control algorithms suggested so far, namely:
1) Trying to control PQ level according to (4.16) but without compensation for
delays or outflow.
2) Trying to control PQ level according to (4.17), thus with compensation for out-
flow but still with no compensation for delays.
3) Trying to control PQ level according to (4.17) with both outflow- and delay com-
pensation. The fourth alternative, compensating for delays but not the outflow,
behaves very poorly. The reason for this is, as stated before, that this Otto-Smith
type of delay compensation that is used produces a severe stationary error when
applied upon a process with a pure integrative part, such as this one. Therefore,
this variant is not plotted.

Note that in the plots, PDUs and PDUs per second are the measured quantities
instead of bits and bits/s, but this is in this case just a scaling factor.
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Figure 4.4. Top: Buffer levels. Bottom: Control signals

As can be seen from the plots, when compensating for the outflow, the sta-
tionary error is eliminated. On the other hand there may be a large overshoot as
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seen in the upper plot. By compensating for data that is already requested from
the RNC, this overshoot is however almost completely eliminated. This is exactly
what was being hoped for.

One question that may arise is why the buffer levels in Example 4.2 still oscillates
quite heavily around the desired level? The main reason for this is, as said in
chapter 3, that the approach here is in trying to compensate for a disturbance
(the outflow), which are bursty and thus changes rapidly from one TTI to an-
other (every 2ms). This is done using, in this case, a controller that sends control
signals every 100ms. It is thus not very hard to realize that the outcome of this
must obviously be a buffer level that varies quite a bit. It is desirable to try to
damp these oscillations as much as possible, which is the main purpose of the
delay-compensation algorithm.

4.2.1 Choice of Setpoint

One further question that has to be addressed is how to select the desired PQ
buffer level xREF

PQ . In Example 4.2 this was merely stated to be 100 PDUs, but
this was just a number grasped out of thin air.
One solution to this problem as suggested here, is that the desire should in fact
not at all be to try to keep a certain number of bits or PDU’s in the PQ at all
times. Rather, it is desirable to try to control the time it would take to empty the
PQ buffer. This quantity was introduced as Priority Queue Time, PQT, in section
3.3 in the last chapter. Denoting the desired PQT as the variable BREF (t), the
desired reference level xREF

PQ (t) may then be calculated as:

xREF
PQ (t) = BREF (t)ÔPQ(t) (4.18)

One obvious question that arises is how many seconds of data that is desirable
to have in the PQ, BREF (t)? One possibility would be to just set this to a fix
number, but this would not be very scientific, would it? Instead, doing a bit
of contemplation, it is realized that the goal is to keep the buffer level as low
as possible without risking under-utilization of the air interface. Therefore, a
reasonable approach should be to try to have as much data in the PQ as may
possibly be sent within the time-interval it takes before new data corresponding to
a new flow control signal arrives to the Node B. The desired PQT should therefore
be the total delay over the transport network plus the time that is left before the
next control signal (capacity allocation massage) may be sent. Thus, assuming no
other delays (such as e.g., processing time in the RNC) BREF (t) may be calculated
as:

BREF
PQ (t) = Ttot(t) + h (4.19)

Here Ttot is the total delay over the transport network, and h is the control rate.
A simulation showing the results when setting the desired buffer reference level is
given in Example 4.3 on the next page.
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Example 4.3: Setpoint Tracking

In this example, the same parameters as in the last one (Example 4.2) is used.
The same control algorithms are used as in that example, part from that now the
case of delay compensation is actually plotted (mostly to show its limitations) but
not the pure outflow-compensation case. Not simulated is instead the one with
outflow compensation only since this proves to give bad results. The desired buffer
level is set in accordance with equations (4.18) and (4.19).
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Figure 4.5. Top: Buffer levels. Middle: PQT’s Bottom: Control signals

As can be seen from the middle plot, the case where both compensation for
delays as well as for the outflow is being used, gives the best tracking of the desired
PQT. The same discussion as in the previous example with regards to the variation
around in this case the desired PQT level still applies, of course. Also worth noting
is that the PQT reference is fairly stable around approx. 0.15 s.

Finally, it can also be clearly seen what was said about only compensating for
the delays but not the outflow in the previous example, namely that the stationary
error is quite severe and as can be seen the goes empty quite often.
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4.3 Adaptive Control

As mentioned in section 4.1.2, no in depth-analysis on what an ’ideal’ control rate
would be has been done, but rather a fixed control interval of h = 0.1 seconds
has been settled for. This may obviously not be the ideal choice, since say what
if something ’happens’ (e.g., abrupt drop in the PQ peak data rate R or perhaps
the addition of number of new users also competing for scheduling) in between the
control instants? What if the prediction of the future outflows as per section 3.4
now differs a lot from the value used for the calculation of the control signal that
was last sent?

What will be shown in this section is that, even with this fixed rate, the
controller may react to these kinds of events and thus improve the performance of
the algorithm. What is suggested is the following:

Suggestion 4.3 Assume that the current time is t = t0 and that the last control
instant took place at time t = t0 − δ, thus as u(t− δ). Now, instead of calculating
new desired control signal u at fixed intervals (δ = h), let instead this calculation
be done every TTI. If the current calculation of the desired control signal u(t0)
differs by more than a factor α from this value, a new control message should be
sent. Otherwise, the controller should wait until δ equals the fixed control interval
h, after which a message should be sent anyhow.

This is implemented as the following almost trivial algorithm, that should be
performed every TTI. . .

Algorithm 2 Adaptive Control
Require: α as the allowed fractional deviation.

Let δ be the time elapsed since the last control instant.
Calculate a new control signal u(t) according to Algorithm 1.
if u(t) < (1 − α)u(t − δ) OR u(t) > (1 + α)u(t − δ) then

Allow for an extra control message to be sent.
else

Wait until δ = h, and then sent a control message.
end if

Much more sophisticated methods are of course possible, but this one is fairly
straightforward and yet, as will be seen in Chapter 5, improves performance sig-
nificantly. The choice that will be used for the parameter α is α = 0.1 which
basically means that if the currently desired calculated control signal differs by
more than 10% from the last one sent, a new control message will be sent.

It should be mentioned that, since a controller using this approach should
react faster to sudden changes, it should be possible to lower the desired level set
in terms of PQT and PQ level in (4.18) and (4.19). In Chapter 5, simulations for
this kind of controller is done both using the desired PQT according to (4.19) as
well as (4.20) below

BREF
PQ (t) = Ttot(t) + 0.4h (4.20)
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The choice of the value 0.4 is by all means not any optimal choice, but merely
to show that it would be possible to at least maintain the same air interface
utilization, but with lower buffer levels as will be seen in the next chapter.

4.4 Handover Operation

The design attempts so far in this chapter has all been focused at designing a flow
control algorithm that meets the specifications listed on page 4 in the beginning of
the chapter. But what about requirement 2(a) - that the packet loss at handovers
should be minimized?

Of course, the smaller the controller manages to keep the buffer level & PQT,
the smaller amount of data can be expected to be lost at an handover. But is
it possible to do something more - to somehow try to make sure that the packet
loss at handover will be minimal without degrading the performance under normal
(non-handover) operation?

The answer to this question is yes, it is. What is suggested is to simply take
advantage of the fact that a ’warning’ about an upcoming handover is given in
advance. Therefore, from this point in time until when the actual handover is
done, the goal may be to try to control the PQ level so that it will be zero at the
handover instant but not before.

More specifically, assume that at time t = t0 an indication is given that a
handover is to take place at t = t0 + △. The desired PQT as calculated in (4.19)
should then during this interval be not more than (t0 + △) − t. In fact, if also
taking into account the total delay over the transport network Ttot as well as the
time between the control instants h, the desired PQT ought to be calculated as
(t0 + △) − t − Ttot − h. With the adaptive approach described in the previous
section, this ought to be possible to increase to (t0 +△)− t− Ttot, because of the
faster reaction of this controller. What this means is that, during the handover
phase, the buffer levels may be kept higher if using an adaptive controller. This
will lower the risk of under-utilizing the air interface here. Again, this is a guess,
but one that is shown to work very good in the simulations in Chapter 5.

Suggestion 4.4 (Choice of Setpoint at Handover) Assume that at time t =
t0 an indication is given that a handover is to take place at t = t0 + △. The
calculation of the desired PQT, BREF

PQ (t), as per equation (4.19) should then be
replaced by

BREF
PQ (t) = max(min(Ttot(t) + h, (t0 + △) − t − Ttot(t) − h), 0)

where Ttot is the total delay over the transport network and h is the control rate.
If the controller is an adaptive one, as described in section 4.3, the choice should
instead be

BREF
PQ (t) = max(min(Ttot(t) + h, (t0 + △) − t − Ttot(t)), 0) (4.21)
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or even, as said in the previous section:

BREF
PQ (t) = max(min(Ttot(t) + 0.4h, (t0 + △) − t − Ttot(t)), 0) (4.22)

In the simulations chapter we will assume (not entirely correctly, bur neverthe-
less) the interval △ to be 500ms. In reality this would of course vary significantly,
but the principle would remain the same.

4.5 Summary of Flow Control Algorithms

In this section, the flow control algorithm suggestions that has been presented
in this chapter, and thus the ones that will be simulated in the next chapter, is
summarized.

4.5.1 Controller I - Control PQT

The first control algorithm proposal aims at controlling the PQT level only. The
control algorithm is given by equation (4.16) but without a compensation for the
delays, together with equations (4.18) and (4.19) for calculation of the desired PQ
level. The algorithm may be summarized as

u[k] = L0(x
REF
PQ − xPQ[k])

where xREF
PQ [k] = BREF [k]ÔPQ[k]

and BREF
PQ [k] = Ttot[k] + h

(4.23)

The parameter choices of the feedback gain L0 and control rate h was discussed in
sections 4.1.1 and 4.1.2 respectively. The predicted outflow ÔPQ is calculated as
per section 3.4 in the previous chapter. A graphical illustration is given in Figure
4.1 on page 43.

The simulation results from Examples 4.2 and 4.3 showed that this gave prob-
lems with a PQ level that tended to be very small and thus risking under-utilization
of the air interface.

4.5.2 Controller II - Control PQT with Outflow- and Delay
Compensation

To compensate for the low buffer levels shown by the algorithm (4.23) above, there
was presented in section 4.2 an improvement to cope with this as in equation (4.17).
This however caused a severe ’overshoot’ as in Example 4.2 that could be almost
eliminated by compensating for the amount of data on the transport network on
its way to the PQ buffer in the Node B. The suggested algorithm is the same as
Controller I but with the control law instead chosen as the full equation (4.17):

u[k] = L0(x
REF
PQ − xPQ[k] − Hdel(q)u[k]) + ÔPQ[k] (4.24)

A graphical illustration of this algorithm was given in Figure 4.3 on page 47.
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The simulation results from Example 4.2 and Example 4.3 showed a much
better performance when it came to following the desired reference PQ and PQ
levels than for the first controller (Controller I).

4.5.3 Controller III - Adaptive Control

In spite of the better performance of Controller II over the first one, it was sug-
gested in section 4.3 that further improvements in the performance of the con-
trollers could be made by allowing the transmission of extra capacity allocation-
messages. This was allowed whenever it that the desired control signal differed
with more than a factor α from the last control message that was sent. The al-
gorithm is exactly as for Controller II above, part from the fact that these extra
control instants are allowed according to Algorithm 2 on page 51. This should
allow for faster responses to e.g., sudden changes in the expected outflow data
rate and thus a better air interface utilization.

This controller will be tested for two different desired PQT-reference levels,
(4.19) and (4.20). The notation will be ’Controller IIIH’ and ’Controller IIIL’
respectively, where H means high, and L means low.

4.5.4 Controller IV - Handover Operation

While controllers I - III are designed with the purpose of normal flow control
operation, this final control algorithm suggestion takes advantage of the fact that
a ’warning’ is given before a handover is performed. The control algorithm is the
same as for Controller III but, in analogy with Suggestion 4.4, the calculation
of BREF

PQ [k] in equation (4.23) should be replaced with either equation (4.21) or
(4.22).

This controller will be simulated for both of these choices of PQT-reference
levels, whereas the notation will be ’Controller IVH’ (for (4.21)) and ’Controller
IVL’ (for (4.22)), respectively. H thus means high, and L means low.



Chapter 5

Simulations

This chapter presents the simulation results using all of the four controllers I - IV
as presented in the end of the last chapter in section 4.5 in greater detail. A brief
summary of these controllers are given in Table 5.1.

Controller no. Brief Description
I Control PQT
II Controller I and Outflow- and Delay Compensation
III Controller II and Adaptive Control
IIIL Controller II and Adaptive Control, Low PQT Ref.
IV Controler III and Handover Operation
IVL Controler III and Handover Operation, Low PQT Ref.

Table 5.1. Summary of the different controllers as used in the simulations.

The flow control parameter settings that has been used, when applicable, are

Parameter Value Comment
w0 1 Initial window size

Filtering wmax 60 Maximum window size
ν 500 Variance estimate
θ 2000 Threshold level
h 0.1 sec. Control Rate

Flow Control L0 10 Feedback Gain
α 0.1 For Adaptive Control

Table 5.2. Flow control parameter settings.

The six controllers will be evaluated in a number of different scenarios differing
in the amount of users in the cell, and thus the load on the system. Due to e.g.,
computational complexity, a number of relaxations or restrictions upon the actual
simulations has had to be done, which are presented in Appendix A. One such

55
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relaxation is that the MatLab simulator only simulates one cell only. Another is,
as said before, that no traffic model has been assumed. Instead, the RLC buffer
in the RNC always contains data to send. The simulations are done so that first,
each scenario is simulated in the Ericsson simulator ’Rasmus’ in a 21-cell system.
From Rasmus, the peak data rates, R, as well as handover decisions from one
of the cells are thereafter extracted and imported to the simulation environment
described in Appendix A. The MatLab simulation is done for each and every one
of the controllers for every scenario as presented in the next section. It is the
results from these simulations that are presented in the following sections. First,
however a closer look on the different scenarios will be given.

5.1 A Closer Look at the Scenarios

The four scenarios represents different load situations from a relatively lightly
loaded system in scenarios A & B to the heavier loaded situation of scenario C
& D with a larger number of simultaneous users. In addition, the scenarios B&D
represents a more mobile environment (with worse radio conditions) than A&C.
This, and additional information, are given in table 5.3.

Scenario
Description A B C D

User Load Low Low High High
Mobility Low High Low High
Average user speed [km/h] 3 90 3 90
Total Simulation Time [s] 600 600 300 300
Mean no. of simultaneous users 7.7 2.5 18.6 12.0
Mean time each user is alive [s] 231 72 135 78
Number of Handovers made 4 15 10 23

Table 5.3. Properties for the three different simulation scenarios. All simulated accord-
ing to radio environment 3GPP Typical Urban.

Figure 5.1 shows the number of alive users in the system as well as handover
instants and the average possible peak data rate (what so far has been denoted
with R) for all currently alive users. Not very surprisingly, as can bee seen in this
figure, there is a inverse relationship between the number of alive users and the
possible radio throughput. It is easy to understand why, more users means more
interference and vice versa. It is also clear that the radio conditions worsens even
more with the more mobile users in scenarios B and D compared to in A and C.

NOTE: The statistical relevance of the results derived in this chap-

ter may be criticized. The two major ’flaws’ is that only one cell is

simulated and that the number of handovers are very few. Hopefully

however, the benefit of the different concepts in the different controllers

are nevertheless clearly shown. But admitted, and discussed later, is

that more extensive simulations should be considered as future studies.
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Figure 5.1. The number of alive users and the average peak data rate for the alive users
in the cell for each of the four scenarios A-D. The vertical dotted lines are handovers.
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5.2 Utilization of the Air Interface

One of the key goals for the control algorithm(s) is to make sure that the air inter-
face is fully utilized, or at least as closely as possible. This basically means that
there should always be enough data in the buffer to send whenever the users/PQ is
scheduled. One of the most straight-forward measurements of this is the averaged
system throughput. This is simply calculated as the total amount of sent data in
the cell divided with the total part of the simulation time when any user was alive.
The results for the different scenarios and controllers are shown in Figure 5.2
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Figure 5.2. Averaged system throughput for the different controllers an scenarios. Also
shown is what would have been the throughput if the buffers had been fuller, both in the
case of the same scheduling decisions had been done and the case of maxrate scheduling.
The arrows clarifies where the lower PQT reference was used.

In all of the scenarios, the system throughput is increased when using controller
II compared to controller I, since it manages to keep the buffer levels higher than
than the the first one. Controllers III & IV however, increases the throughput
even more, simply because the adaptive control gives a quicker response in the
controller. As can also bee seen, the controllers using the lower reference level
(IIIL and IVL) shows a slight degradation in throughput compared to III and IV,
but still better or at least as good as II. For scenario D it actually performs a little
better! As will be seen in Figure 5.3 in the next section however, buffer levels are
yet kept significantly smaller for these latter two controllers than for the others.
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5.3 System Buffer Levels

It is not enough that the controller manages to utilize the air interface very well.
It is as been stated many times so far, important to still keep the buffer levels
as low as possible, without jeopardizing the air interface utilization. The average
system buffer level is the total buffering in the system for all users, averaged over
the part of the simulation time when there are any alive users. Figure 5.3 below
shows the average system buffer levels for the different controllers and scenarios.
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Figure 5.3. Average buffer levels for the different controllers and scenarios. The arrows
clarifies where the lower PQT reference was used.

As can be seen, that the better air interface utilization of controllers III and IV
compared to I and II in the last section, also results in significantly higher buffer
levels. However, controllers IIIL and IVL did not show any major loss in overall
system throughput in the last section. Yet, as can be seen in Figure 5.3 here, the
average buffering is substantially lower.

Also worth noticing is that the total buffering is lower when the radio conditions
worsens in scenarios B & D compared to A &B, which makes perfect sense.
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5.4 User Throughput and Buffering

So far, in the preceding two sections, the view has been on a system level rather
than the individual users. This if of course of uttermost interest as well. Figures
5.4 and 5.5 show scatter plots of the averaged amount of buffered data versus
throughput for all users during the simulation. The throughput for each user is
calculated as the amount of sent data divided with the total time the user is alive,
whereas the definition of average buffer level should be obvious.

As can be seen from the plots, for all controllers and scenarios, higher through-
put means larger buffers and vice versa - just as intended. Clear from all scenarios
are also that controller I provides the worst throughput for each user but the low-
est buffering, while controller III buffers most of all. In return the throughput per
user is for this controller in most cases much better. Controller IV does not differ
anything from controller III, except at handover instants, therefore almost no dif-
ference is seen between these two. Controller II on the other hand lies somewhere
in between, with higher buffering than than controller I and thus better through-
put than that one. Still the throughput is worse than for controllers III&IV, much
because of the slower reaction compared to these two.

And then there are controllers IIIL and IVL. For low throughputs (as an effect
of a heavy user load and/or poor radio conditions) it buffers slightly more than
controller II but in return provides a better user throughput. This can clearly
be seen in scenarios A and C. In scenarios B and D, where the radio conditions
are works, due to very mobile users, is sometimes performs better than II and
sometimes worse. This may be an indication that the controller parameters in
Table 5.2 should be tuned differently for these situations if possible.

For higher throughputs, the result is striking. The buffering for almost every
user is kept much lower than both controllers II, III and IV. Yet, the yielded
throughput is equally high or at least close to that of controller III/IV.
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5.5 Data Loss at Handovers

Figure 5.6 below shows a CDF for the amount of lost PDUs at each handover
instant for each of the four controllers in the different scenarios B-D. There are
too few handovers in scenario A to draw any conclusions thereof, and therefore
this scenario is not evaluated in this context. Also shown is the handover instants
in each scenario.
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Figure 5.6. CDF of the amount of data lost at each handover performed for scenarios
B-D and the siz different controllers. The vertical lines represents the maximum loss.

Looking at the plots in Figure 5.6, it is clear that the controller that minimizes
the handover loss is controller I. This simply due to the fact that the buffer levels
are much smaller, which in turn (as seen earlier) causes a severe under-utilization
of the air interface. Controller II got the buffer levels up and was kept even
more stable with controller III, hence the larger handover loss for these two. The
benefit of taking the handover ’warnings’ into account, as for controller IV has
not surprisingly got a huge impact on the amount of lost data at handovers. The
maximum loss of data at the handovers (vertical lines in Figure 5.6 are reduced by
in rough numbers 40 to 60% compared to controllers II and III, and is also lower
for almost all handovers made. By aiming for lower buffer levels, as for controller
IIIL, the handover loss is obviously also lowered compared to controller III.

Now, since keeping buffer levels low and taking handover information into
account is both beneficial in the reduction of the amount of data lost at handovers,
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the solid/circled line in Figure 5.6 should not be much of a surprise. It shows the
handover loss for controller IVL which outperforms all of the other controllers in
this aspect, with a possible exception of controller I. This one in turn had, as said
earlier, been shown to provide poor air interface utilization. Actually, in scenario
D, controller IVL actually loosed less data than controller I as well.

If instead viewing the same data as in Figure 5.6 was to be viewed over time,
the result is as in Figure 5.7. Here, the same things can be seen. Also worth noting
from this figure is that the amount of lost data at handovers in general seems to
be more when there are few users in the cell. The simple explanation for this is
that the algorithms keep the buffer levels higher in this case.

5.6 Concluding Remarks on the Simulations and

Controllers

The goal for the flow control algorithm is to allow for full utilization of the air
interface, while simultaneously keeping the buffer levels as low as possible. The
latter in order to e.g., lower the required memory reduce and reduce the RLC
turn-around time, which in turn has indeed not been directly evaluated, but is
obviously correlated to the amount of data buffered by lower layers. In addition,
keeping buffer levels low also minimizes the amount of data lost at handovers.
Bearing this in mind, it should be quite clear from what has been seen in this
chapter, the benefit of the different concepts presented in the previous chapter:

• The initial approach taken in this thesis report, has been to try to keep a
certain amount of data in the buffer. This has been chosen as the expected
outflow during the reaction time of the controller, but the choice could be
made differently. An appropriate level could be e.g., be determined based of
factors such as which kind of service is being used, QoS profiles etc. Here,
however, the traffic model assumed was similar to the downloading of a
huge file, whereas throughput and not latency was prioritized. The initial
controller based on this idea was denoted ’controller I’.

• By compensating for the delays over the transport network as well as for the
outflow from the Node B, it is easier to keep a desired buffer level, and thus
better utilizing the air interface. This was seen for controller II.

• If, in addition, allowing for extra control instants when needed, as for con-
troller III, it was shown possible to lower the buffer levels with little or no
decrease in both user throughput and over all system throughput. The lower
buffer levels also has the benefit of reducing the handover data loss.

• By also actively trying to reduce the buffer levels upon an upcoming han-
dover, the amount of data lost at handovers may be further reduced as was
shown for controller IV.

Pointed out should be that the intention for the simulations in this chapter not
been to let the different controllers ’compete’ against each other. Rather, the
purpose has been to highlight the benefit of the various concepts as listed above.
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Figure 5.7. Time plot of the amount of data lost at each handover performed for each
of the different scenarios B-D and controllers I-IV.
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Chapter 6

Summary

6.1 Conclusions

Suggested in this thesis report was a framework on how flow control of data packet
may be approached from a basic control-theory perspective. This when done in the
context of the HSDPA-traffic between the RNC and the Node B in an WCDMA
radio access network, and on a per-user level.

The key question was how much data that should be buffered in the Node B
buffer. To little, and the buffer would risk running empty with an under-utilization
of the air interface as a possible consequence. Keeping the level to high will on the
other hand increase the over-all delays as seen from higher protocol layers and/or
from a user perspective. It will also increase the risk of losing large amounts of data
upon handovers. Here, focus was on keeping the system and user throughput as
high as possible and thus maximizing the utilization of the air interface. Therefore,
the desired level was selected to be (almost) certain that the buffer would not risk
running dry, but (of course) still not larger than necessary.

A number of different features or concepts was introduced to improve the per-
formance of the controller. Amongst others it was shown beneficial to take the
delay between the network nodes as well a prediction outflow over the air into
account, since this made it possible to better reach the desired level. By further-
more allowing for extra control instants when needed, the controller was implicitly
made faster with a more stable buffer level and thus better utilization of the air as
a result. This even made it possible to significantly reduce the buffer levels, with-
out risking lowering the throughput. By furthermore actively reducing the buffer
level upon an indication of an upcoming handover, the data loss at handovers was
shown to be lowered even further.

67



68 Summary

6.2 Suggestions to Future Work

Even though the simulation results look very promising, further studies doubtlessly
need to be conducted.

First of all, there are many improvements that may be done on the actual
controller design and system modeling. It ought to be beneficial to use more
sophisticated signal- and network models than the very simplified ones used herein.
In this thesis work e.g., no particular traffic model or service type has been studied,
but rather just some sort of best-effort / heavy file download has been assumed.
It should be interesting to evaluate if and how e.g., the desired buffer level or
the other parameters should be chosen with respect to the type of service used,
QoS-profiles etc. Also note that in this report, no actual analysis has been done
to ensure stability of the derived control algorithms, which definitely should be
considered.

Secondly, the simulations lack in realism, due to the many aspects of a full-
scale UTRAN not covered by this thesis. It should be desirable to perform similar
simulations in a more realistic simulation environment with other types of traffic
and users than HSDPA only, as done here. More than one cell should then also
be simulated during longer times and/or doing some Mote Carlo type of simula-
tions for more statistics. It would also be very interesting to see the impact the
suggested features would have with respect to e.g., RLC and TCP dynamics and
retransmissions.
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Appendix A

The MatLab-based
Simulation Environment

As part of this thesis work, a MatLab-based simulation environment has been de-
veloped. All results presented in the simulation chapter 5 comes from simulations
done in this environment.

Without going in to too much detail or listing all the program code some things
may still need to be pointed out with respect to the simulator. It is much based
on the mathematic expressions derived in chapter 3, but (of course) with some
modifications.

What the simulator tries to do is to simulate the dynamics of one or more
PQF’s between the RNC and the Air Interface Uu, as shown in Figure 2.5 on page
12 and Figure 3.2 on page 21. This of course) includes flow control of HS-packet
data. It runs on a 2ms (TTI) resolution and takes as input, part from user settings,
the data rates R and the handover decisions from the Ericsson simulator ’Rasmus’.

A.1 Assumptions and Simplifications

Obviously, many assumptions and simplifications has had to be done in order to
keep the work on the simulation environment as well as the computational com-
plexity on a reasonable level. The most important simplifications and assumptions
are listed in this section.

A.1.1 Network Deployment

Only one cell simulation Due to computational limitations we only simulate
one cell. This is obviously not very desirable, but since the aim is merely
to demonstrate the relative benefits of the different features of the FC-
algorithm(s) this should be sufficient.
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A.1.2 Traffic Models

"Full RNC buffer" No special traffic model is assumed, but rather we have as-
sumed that, whenever the user is alive, there is always data available in
the RLC buffer in the RNC. If assuming "perfect" setup/dropping of HS-
channels, this implies (approximately) heavy download situations (e.g., large
file downloads). Again, this is not all realistic, but we’ll accept this method
since it is the comparison between the different concepts that we are after.

A.1.3 Handovers

Only Inter-Node B Handovers In reality it may be possible to, when perform-
ing an intra-Node B handover (between two cells in the same Node B) to
keep the data in the PQ and just redirect the flow from the scheduler down-
wards. We will however not make any difference between inter- and intra-
Node B handovers and thus assume whatever data to be lost at handover.

Fixed Handover Warning Interval It is assumed that the amount of time
given as "warning" before a handover takes place is always 500ms. This
is not always true, but the handover controller (no. IV in Chapters 4 & 5)
are easily modified accordingly.

A.1.4 Transport Network

Only HS-traffic on the TP-network This assumption may be justified by as-
suming that we know the bandwidth that is available for HS-traffic. Thus, in
equation (3.3), we may simply let C be the HS-available bandwidth instead
of the total and perhaps increase the fixed delay Tfixed. This was discussed
in section 3.1.3

No Packet Losses We assume that no data is lost over the transport network.
This is a feature that may easily be added.

Control Signalling does not use any bandwidth As has been previously dis-
cussed in section 3.1.3, this is not very unreasonable.

A.1.5 Transmission over Air and Scheduling

Same R for Scheduling and Outflow If the PQ that is scheduled in one TTI
is ’full enough’, we assume that the amount of data (number of PDUs) that
are sent are directly corresponding to the last given value of the data rate
R from the scheduler for that very PQ. Since the value we have for R is
mainly based on CQI-reports from the UE that may be some 4-5 TTI’s old,
what we do here is thus to send data with a data rate that was valid not
now but a little while ago. Again, since the purpose is to compare different
strategies we’ll accept this simplification. The amount of PDUs sent per TTI
is simply calculated as the minimum of the number of PDUs in the buffer
and R rounded to an integer number of PDUs per TTI.
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A.2 Simulator Features

Flow Control The four different flow control algorithms I-IV as described in sec-
tion 4.5 are implemented. If the control interval is h seconds, this algorithm
is evaluated first at the instant when the user is initialized, and thereafter
every h seconds until the user leaves the cell. For the case of adaptive control
(Controller III and IV) extra control instants are allowed when needed after
which the algorithm goes back to its regular interval of h seconds.

Flow Control Signalling The flow control signalling is done as described in
section 2.3.1 on page 12, which is in accordance with [1]. To summarize;
whenever the Flow Control algorithm is evaluated, it sends a capacity allo-
cation message with and interval (HS-DSCH Interval) and credits (HS-DSCH
Credits) corresponding to the desired bit/pdurate u from the flow control.

In section 2.3.1, it was briefly discussed the reason for PDU-shaping when
sending data from the RNC in the downlink direction. How this was to be
done, was not mentioned. The approach that is chosen is to use in the sim-
ulator simply utilizes a look-up table for this looking as in Table A.1 below.
What happens is that, for a calculated u from the flow control algorithm,
the PDU shaping tries to find the best match of this value of u in the first
or second column below (second in this case since the measuring of buffer
levels etc. is done in no. of PDU’s and not kbits). After this what should
be sent in the corresponding cap. alloc. message can be found in columns 3
and 4.

Bitrate [kbps] PDUrate [PDUs/sec] Credits [PDUs] Interval [ms]
0 0 0 0
16.8 50 4 80
33.6 100 8 80
67.2 200 8 40
134.4 400 8 20
268.8 800 8 10
302.4 900 9 10
...

...
...

...
4536 13500 135 10

Table A.1. PDU Shaping Table

Assume e.g., that a PDU-rate of 500 PDUs/sec are desired. As per row 5,
the closest value is 400 PDUs/sec. This gives HS-DSCH credits=8 and HS-
DSCH Interval=20, which in English simply translates into "send 8 MACd
PDU’s every 20ms until further notice". This information is then sent in a
Capacity Allocation message to the RNC.

PDU Shaping As this message capacity allocation-message arrives to the RNC,
the PDU shaping entity needs to do nothing more than just follow the in-
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structions given in it, e.g., as in our example "send 8 MACd PDU’s every
20ms until further notice". As discussed as well in section 2.3.1 is how these,
in our case 8 PDU’s should be distributed in time? All 8 in the beginning
of each 20ms interval, or maybe evenly distributed over the interval? Or
perhaps something else?

The method used in the simulator, is to try to shape them as evenly as
possible to reduce the ’burstiness’ of the outflow from the RNC. This is done
by, upon reception of a new Cap. Alloc-message calculate (remember that
the resolution of our simulator in 2ms)

Max. no. of PDUs to send per 2ms = ⌈2
HS-DSCH Credits
HS-DSCH Interval

⌉

Then, while keeping track of how many credits that are left in the interval,
a transmission of a data frame with an amount of MACd PDUs are allowed
every 2ms as given by:

min(Max. no. of PDUs to send per 2ms, Credits left in interval,

PDUs left in RNC buffer, 27)

As an example, consider our "8 PDUs per 20ms". This gives ’Max. no. of
PDUs to send per 2ms’=⌈2 8

20⌉ = ⌈0.8⌉ = 1, which leads to that as most one
PDU will be sent every other millisecond for the first 16ms of the interval,
and none for the remaining 4ms.

Scheduling The four different schedulers as described in section 2.3.2 are imple-
mented. However, throughout the simulations performed in Chapter 5, only
a Proportional Fair type of scheduler as described´in section 2.4 is used.

Retransmissions over air The amount of retransmissions over are considered
to be 10% of the sent data over air. This is implemented so that for any
given peak data rate R at any instant, only 90% may be utilized for the
transmission of ’new’ data.

Dynamic TP-network The transport network is basically modeled as a big
buffer shared by all the users and with an outflow rate corresponding to
the bandwidth of the transport network data. In the total inflow is larger
than the bandwidth, this virtual buffer grows and so does thus also the
amount of data on the network as well as the delays over it. Regardless of
amount of data on the TP, the minimum delay will however always be 14ms
in each of the downlink- and uplink- direction. This is in accordance with
what was said in section 3.1.3.
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