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Chapter 1

Introduction
This lecture note is intended for use in course 34310 Introduction to Communication Technology.
The purpose of the lecture note is to describe the evolution of mobile communication networks
and technologies since the traditional GSM mobile communication networks.
The lecture note starts with the addition of the GRPS and EDGE technologies that enable
packet switched data transmission in the mobile network. The next step in the evolution of
mobile communication technologies are the so-called 3rd generation (3G) networks, which in
Europe is mostly based on the UMTS mobile technology. One of the key characteristics of
UMTS is the use of Code Division Multiple Access (CDMA) as the multiple access technology
– the principles of CDMA is therefore included in an appendix. The first release of UMTS was
an improvement compared to GSM/GRPS/EDGE in terms of capacity, but with the increasing
use of mobile broadband, more capacity is needed. The first step is the HSDPA addition
which provides a higher downlink capacity. The following HSUPA addition increased the uplink
capacity as well. The lecture note ends with a short description of the most recent mobile
communication technology, whic is the technology commonly referred to as Long Term Evolution
(LTE) and its successor called LTE Advanced.
Although this lecture note has been proofread many times, it is bound to contain numerous errors, so please inform the author (email: larst@fotonik.dtu.dk) if you find any. Any
comments or suggestions that might improve the lecture note are also appreciated.
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Chapter 2

Evolution towards 3G
2.1

General Packet Radio Subsystem (GPRS)

When GSM was originally specified, the primary service was telephony, so GSM was optimized
for the exchange of voice communication between two subscribers. Voice communication is wellsupported by a circuit switched network, where the capacity is shared among different users
using time division multiple access (TDMA).
GSM uses a combination of FDMA and TDMA, where a number of frequencies are allocated
to a cell, and the transmissions on a single frequency are divided into a frame structure with 8
timeslots. Some of the timeslots are reserved for the necessary signalling channels.
Data communication, such as Internet access, is also supported by standard GSM, but still
only with circuit-switched connections. In this case, a user would be allocated one or more
timeslots, but since data communication traffic is normally bursty, the timeslots are normally
not used efficiently. Furthermore, from the users’ perspective, the charging is based on the
duration of time that these timeslots are allocated, independent of the actual amount of data
transferred.
It was therefore desired to enhance GSM to support packet switched data, where the capacity could be shared more efficiently and the charging would be based on the amount of
data transferred. However, such an enhancement must still be backwards compatible with the
TDMA-frame structure of GSM for two reasons. Firstly, so that the network should still be able
to handle voice calls efficiently, and secondly, that older mobile phones that only supports voice
communication should still be possible to use.
The solution chosen to support packet switched transmission in GSM is called General Packet
Radio Subsystem (GPRS), and the basic idea of GPRS is that some of the timeslots in a cell
(that are not reserved for signalling channels) are allocated for data communication and shared
among the users that wants to transfer data packets.

2.1.1

Use of time slots in GPRS

The timeslots in a cell that are not reserved for signalling can be used for voice calls or packet
switched data. It is the network operator that decides, whether a timeslot should be reserved
exclusively for voice calls, dynamically shared between voice calls and packet switched data or
reserved exclusively for packet switched data, as illustrated in figure 2.1. The timeslots that are
subsequently used for packet switched data will be shared (stochastically) among all the GPRS
users in the cell.
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Figure 2.1: Use of timeslots for GSM and GPRS.
It is the network that controls when a GRPS-mobile is allowed to send in a GPRS-timeslot
in the uplink direction, and similar schedules packets to be delivered to different GRPS-mobiles
in the downlink direction. The procedures can be described as follows:
• In the uplink direction, a GRPS-mobile that wants to send one or more data packets must
first send a request message to the network on one of the signalling channel. The network
replies with 1) a list of the timeslots, where the mobile is permitted to send data in, and
2) a unique identifier. Since the timeslots for GPRS is shared among all GRPS-mobiles,
the identifier is used to control when each of the GRPS mobiles are allowed to send in the
announced timeslots. A GPRS-mobile that has previously requested permission to send
data will monitor all transmissions in the indicated timeslots in the downlink direction,
and if the header in one of these transmissions in the downlink direction include the unique
identifier, it will transmit in the same timeslot in the current frame in the uplink direction.
• In the downlink direction the mobile is first paged by the network to announce that some
packet data is ready to be transmitted to the mobile. Similar to the uplink direction, the
pageing message includes a list of timeslots and an identifier. If the mobile acknowledges
the pageing message, the network will subsequently send the data in the given timeslots
with the announced identifier included in the header. The mobile will monitor the timeslots
and if it recognizes the identifier in the header of a transmission in one of the timeslots, it
will continue to receive the rest of the transmission in the timeslot and process the received
message.

2.1.2

Mobility Management in GPRS

Cell Reselection
One of the important procedures of GSM is the ability to perform handover, i.e., to transfer an
active call from one cell to another while the user is mobile, so that the call is not disconnected
if the user moves too far away from the cell where the call was established.
GPRS uses a simpler procedure called cell reselection for packet switched data. When the
radio signal quality deteriorates in the current cell and the mobile has information about other
cells with better radio signal quality, it simply performs an association with the new cell. If the
mobile was currently in the process of transmitting or receiving a packet in the old cell when
the cell reselection was performed, the packet is lost and must be retransmitted.
Routing Area Update
In GSM, an idle mobile would perform a location update procedure whenever it discovered that
it has entered a new location area to enable the network to page the mobile in the event of an
incoming call. A similar principle is used in GPRS to enable the network to deliver data packets
to an idle mobile. The area where an idle GPRS-mobile is paged is called a routing area, and the
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procedure in GPRS where an idle mobile informs the network that it has entered a new routing
area is called a routing area update. A routing area does not always coincide with a location
area. Depending on the network operator’s expected load of GPRS-traffic, a location area may
be split into a number of routing areas, i.e., a routing area consists of fewer cells than a location
area.
The decision of a network operator to group a number of cells into a routing area for GPRS
is made as a compromise between two factors, namely how often a mobile phone should perform
a routing area update and in how many cells a mobile should be paged in the event of incoming
packets.

2.1.3

GPRS network architecture

To support packet switched communication in GPRS, the network architecture must be modified,
since the original core network nodes, i.e., the MSC and the GMSC, are only designed to support
circuit-switched connections. Figure 2.2 illustrates the GPRS network architecture.

Figure 2.2: GPRS network architecture.
Compared to the original GSM network architecture, it can be seen that GPRS requires a new
packet-switched core network, consisting of the SGSN and the GGSN, and an addition to the
access network, the PCU, which is often associated with the BSC. The functionality of the new
network nodes are described in the following.
Packet Control Unit (PCU)
One of the tasks for the BSC in GSM is to allocate and deallocate timeslots to users. A timeslot
in a cell is allocated when a new call is initiated or an existing call is transferred (handover) into
the cell. Similar, a timeslot is deallocated when a call is terminated or transferred to another
cell. Since the duration of a traditional voice call is long compare to the duration of a TDMAframe and the number of handovers is also limited, the BSC is only designed to handle a limited
rate of allocations and deallocations of timeslots. Since the basic principle in GPRS is that
a number of timeslots are reserved for packet switched data communication and that different
users share these timeslots stochastically, it would put an unreasonable demand on the BSC if
it had to allocate and deallocate (GPRS-)timeslots to individual users for very short durations,
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e.g., for the transfer of one or a few packets. For this reason, the PCU is introduced. In relation
to packet switched data communication, the BSC is now only responsible for allocating and
deallocating timeslots for GPRS. It is then the PCU that handles the scheduling of users’ packet
transmissions in the GPRS timeslots, together with the associated signalling.
Serving GPRS Support Node (SGSN)
The role of the SGSN for packet switched data transfer is similar to the MSC for circuit switched
transmissions, i.e., it is in change of the following tasks:
• Mobility management, i.e., if the mobile performs a cell reselection into a cell controlled
by new PCU, the SGSN informs the old PCU that the mobile has moved. Any packets
currently stored in the PCU for the mobile will be discarded. If the mobile performs a cell
reselection into a new cell that is controlled by a different SGSN, the GGSN is informed.
• Retransmission of errored packets. Remember that in GSM, only signalling information is
retransmitted in the case of errors, but in GPRS, both user packets and signalling information is retransmitted. If the MS receives a damaged packet it requests a retransmission
from the SGSN.
Gateway GPRS Support Node (GGSN)
The GGSN is the gateway to public packet-switched networks, such as the Internet, and is in
this way similar to the GMSC in the circuit-switched core. For a mobile to be able to send
and receive Internet traffic, it establishes a so-called PDP-context with a GGSN. As long as the
PDP-context is active, all traffic to and from the mobile passes through the same GGSN. As
part of the establishment of the PDP-context, the mobile also receives an IP address.
The PDP-context is established between the mobile and a specific GGSN based on a configuration setting in the mobile called the Access Point Name (APN). This permits a mobile
to establish a PDP-context between itself and different GGSNs. For traditional internet access,
the APN is usually just specified as ’internet’, so when the mobile attempts to establish the
PDP-context, this APN is translated by the mobile network to a specific APN. For other services, such as a virtual private network (VPN) connection to a company network, another APN
can be used. This means that traditional internet traffic will be sent from the mobile, through
the GPRS core network to a specific GGSN and out on the public internet, while sensitive VPN
traffic will be sent to another GGSN that is directly connected with the user’s company network.

2.1.4

Multislot classes

The number of timeslots allocated to GPRS can be up to 8 per frequency, but most terminals
(mobile phones, etc.) are not necessarily capable of transmitting and receiving on all timeslots.
The limitations are due to, e.g., battery limitations, processing speed of the microprocessors and
signal processors in the mobile phone, in additions to limitations on the output power.
Therefore, the GPRS specifications define a number of multislot classes for the terminals
that describe the terminals’ capabilities. When the MS registers with the network, it informs
the network of its capabilities. For instance, if an MS is only capable of receiving and processing
information in 4 timeslots per frame, the network should not schedule transmissions for that MS
in more than 4 timeslots in a frame.
A typical multislot configuration that is supported on many mobile phones is multislot
class 10, which supports up to 4 timeslots in the downlink direction and 2 timeslots in the
uplink direction. However, only a total (downlink + uplink) of 5 timeslots can be supported,
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so depending on the type of data transfers, the network chooses either a 4+1 configuration for
typical Internet browsing or a 3+2 configuration for more symmetric data transfers.

2.1.5

Coding schemes and GPRS performance

From a user’s perspective, the performance of GPRS depends on a number of factors. First of
all, the more timeslots that a user can get access to, the higher the throughput. This is related
to the multislot capabilities of the mobile, but also on the number of other users that wish to
send/receive data traffic in the same cell. Secondly, the quality of the radio link between the
user and the network also affects the performance. The better the quality of the radio link, the
fewer bits are needed for an error correcting code, which means that more information bits can
be sent in a timeslots.
In GPRS, 4 different coding schemes have been defined, as shown in table 2.1, that differ in
the degree of protection of the information bits. In this table, the coding rate is defined as the
ratio between the number of information bit and the total number of bits. A coding rate of 2/3
therefore means that 2/3 of the total number of transmitted bits are information bits and the
remaining 1/3 bits are used for the error correcting code. The Timeslot capacity refers to the
amount of information that can be transferred for the different coding schemes, if the user is
allowed to transmit in one timeslot per frame.
Coding scheme
CS-1
CS-2
CS-3
CS-4

Coding rate
1/2
2/3
3/4
1/1

Timeslot capacity (kbps)
9.05
13.4
15.6
21.4

Table 2.1: Coding schemes in GPRS.
Remember that in GSM, voice is coded as 13 kbps, so on the BTS-BSC interface the information
from 4 voice calls share the same 64 kbps timeslot in an E1-system between the BTS and the
BSC.
For GPRS, this means that only CS-1 and CS-2 can be supported in an GPRS network
without modifications to the BTS-BSC interface1 . Implementing coding schemes CS-3 and CS4 in a GPRS network would therefore require an upgrade to the BTS-BSC interface in addition
to the new packet switched core and the PCU, which is why many operators choose to support
only CS-1 and CS-2 initially. The maximum capacity in GPRS is obtained if a user is allocated
all 8 timeslots in a frame and the radio link quality permits the use of CS-4. In this way, the
capacity available would be 8 · 21.4 kbps = 171.2 kbps, but typically the capacity is 30-50 kbps.

2.2

Enhanced Data rates for GPRS Evolution (EDGE)

Although GPRS is an improvement compared to GSM for data communication applications, the
typical bit rates of up to 50 kbps is insufficient for many applications. To increase the capacity
for data traffic, EDGE (Enhanced Data rate for GPRS Evolution) was introduced, which has a
number of improvements with respect to GPRS:
• New modulation format with higher efficiency, i.e., more bits pr. transmitted symbol. In
addition, EDGE introduces more coding schemes.
1

Technically the combined information bit rate of 4 CS-3 coded transmissions is still less than 64 kbps, but since
some additional framing is necessary, the total bit rate of 4 CS-3 coded transmissions plus framing information
would exceed 64 kbps.
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• A new retransmission mechanism called Incremental Redundancy.

2.2.1

8-PSK modulation format and new coding schemes

The original GSM system (and GPRS) uses the GMSK2 modulation scheme, illustrated in figure 2.3(a). The principle of GMSK is that whenever a new symbol must be sent, the transmitter
changes the phase of the signal by + π2 or − π2 , depending on the information bit. In this way,
one symbol is transmitted per information bit.

(a) Possible GMSK constellation

(b) 8-PSK constellation

Figure 2.3: GMSK vs. 8-PSK constellation diagrams.
The new modulation format for EDGE is 8-PSK3 , as illustrated in figure 2.3(b). In 8-PSK
modulation, the transmitter maps a block of 3 bits into one symbol, so 8-PSK can potentially
increase the capacity by a factor 3 compared to GMSK.
Introducing EDGE in a mobile network requires that both the mobile and the base stations
supports this new modulation format. In addition, since the capacity of EDGE is higher than
GPRS, upgrades to the BTS-BSC interfaces are also necessary.
Since EDGE supports both GMSK and 8-PSK modulation, additional coding schemes have
been defined, as illustrated in table 2.2. Both the mobile and the network continually estimates
Coding scheme
MCS-1
MCS-2
MCS-3
MCS-4
MCS-5
MCS-6
MCS-7
MCS-8
MCS-9

Modulation
GMSK
GMSK
GMSK
GMSK
8-PSK
8-PSK
8-PSK
8-PSK
8-PSK

Timeslot capacity (kbps)
8.8
11.2
14.8
17.6
22.4
29.6
44.8
54.4
59.2

Table 2.2: Coding schemes in EDGE.
the radio link quality by checking the rate of messages that can’t be decoded correctly. If this
rate increases, e.g., because the mobile is moving away from the base station, the mobile and
the network can change to a more robust coding scheme.
2

See section 7.3.3 in Knud J. Larsen: ”Introduktion til Signaler ”, Noter, 34310 Introduktion til kommunikationsteknologi, 2011.
3
See section 7.3.1 in Knud J. Larsen: ”Introduktion til Signaler ”, Noter, 34310 Introduktion til kommunikationsteknologi, 2011.
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2.2.2

Incremental redundancy

Another improvement in EDGE is the use of Incremental redundancy (IR). The idea of IR is
illustrated in figure 2.4. An error-correcting code is used to add redundancy (check-bits) to the

Figure 2.4: Principle of incremental redundancy.
user’s data bits, so that the encoded message contains 2 check-bits for every information bit,
i.e., the coding rate is 1/3.
In the first transmission, only 1/3 of the bits in the encoded messsage is transmitted. This
means that the receiver will have to guess the values of the bits that are not transmitted.
The message is then checked with the error-correcting code, and since the code can tolerate
a number of errors, there is a small probability that the error-correcting code can recover the
original information bits, and a (positive) acknowledgement is returned.
However, if the error-correcting code fails, a retransmission request is returned. In this case,
the next transmission consists of some of the coded bits that where not transmitted the first
time The receiver will combine the first and the second message so it now has 2/3 of the original
(coded) message. The last 1/3 of the bits are again guessed, and the entire message is checked
with the error-correcting code. There is now a much higher probability that the error correcting
code can recover the original information bits. Only if the receiver fails to decode the message
is a retransmission request returned for the missing 1/3 of the bits. When these are received,
the receiver now has all the bits of the original coded message, and should normally be able to
decode it.
However, if the receiver is still not able to decode the message, then all the received bits are
simply dropped and a retransmission of the entire message is requested.
The advantage of IR is that the receiver is sometimes able to decode the message the first
time where the amount of bits transferred is the same as the original information bits, so the
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limited capacity on the radio interface is used more efficiently. However, if the radio conditions
in a cell are poor (lots of noise and interference), the receiver would then often required all 3
pieces of the original coded message, which due to the time used for sending retransmission
request messages, would take longer than if the entire original coded message was sent the first
time.
So IR can improve the throughput under good radio conditions, but not necessarily under
poor conditions.

2.3

Evolved EDGE

An upgrade of EDGE called Evolved EDGE was specified in release 7 of the 3GPP specification.
Through a number of improvements, Evolved EDGE can under optimal conditions provide a
capacity of up to 1 Mbps in the downlink direction. This is achieved by
• Downlink Dual Carrier – In normal GSM/GPRS/EDGE, the MS would only receive
information in one of the frequencies allocated to the cell, but in Evolved EDGE the MS
can receive information in two of the frequencies. This requires the MS to be equipped
with multiple radio receivers, but then the MS could receive information in more than 8
timeslots at a time.
• Higher Modulation Schemes – Another improvement in Evolved EDGE is the use
of 16-QAM or 32-QAM modulation instead of the 8-PSK modulation. Where 8-PSK
transmits 3 information bits per transmitted symbol, 16-QAM transmits 4 bit and 32QAM transmits 5 bits. This means that the use of 16-QAM or 32-QAM increases the bit
rate by 33% or 67%, respectively. However, the use of 16-QAM or 32-QAM requires better
radio conditions (less noise) than 8-PSK in EDGE.
The advantage of Evolved EDGE from the network operator’s point-of-view is that an upgrade
from GPRS/EDGE to Evolved EDGE would be simpler and cheaper than an upgrade to UMTS.
However, Evolved EDGE does not currently have any widespread use.
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Chapter 3

UMTS
The Universal Mobile Telephone System (UMTS) is the 3rd generation mobile communication
network used in Europe and other places.

3.1

Services

While the original GSM mobile communication network was originally designed primarily for
voice traffic, but with later additions in the form of GPRS and EDGE to support (packet
switched) data traffic, UMTS was from the start intended to support both voice traffic and data
traffic. In addition, the capacity of UMTS is also increased compared to GSM/GPRS/EDGE
to permit applications such as video-telephony. UMTS supports two types of channels:
• Dedicated channels that can provide Quality-of-Service with a capacity of up to 384 kbps in
the downlink direction. The capacity in the uplink direction is often smaller, e.g., 64 kbps
or 128 kbps. Dedicated channels are used for voice and video communication and other
applications requiring a higher capacity than provided by GPRS/EDGE. In addition, a
dedicated channel is able to provide a guaranteed capacity with restrictions on the latency.
• Shared channels, where the mobiles in a cell share the same low-capacity channels. This
channel is typically used for small amount of information, such as text messages and light
web-surfing.
It is possible that a user-connection can change between a dedicated and a shared channel.
For instance, if the user is surfing on the Internet and requests a large web page with a lot of
text and images, the corresponding connection may initially be mapped onto a shared channel,
but as soon as the network detects that the user is transmitting large amounts of information,
the connection could subsequently be mapped onto a dedicated channel with higher capacity.
Later, when the user has transferred the entire web page, and the network detects that the
user-connection does not transfer any information currently, it can be mapped onto the shared
channel again. This will make the capacity for the dedicated channel available to other users.

3.2

Radio access multiplexing

Another difference between UMTS and GSM/GPRS/EDGE is the choice of a new radio multiplexing scheme, the Code Division Multiple Access (CDMA) principle, which is described in
detail in appendix A. The description of UMTS and CDMA in the rest of this chapter assumes
that appendix A has been read.
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Since UMTS is intended to provide connections with much higher capacity than GSM, the
frequency channel in a cell must be wider. In UMTS a channel covers 5 MHz and uses a constant
chip-rate of 3.84 Mcps. One additional advantage of using CDMA for UMTS is that all cells then
can use the same frequency channel, i.e., the operator does not have to perform any frequency
planning as in GSM.
The capacity of a UMTS channel depends on the length of the spreading code (i.e., the
spreading factor, SF) through the relation:
Capacity =

3.84 Mcps
SF

However, since some of the transmitted bits are used for different kinds of overhead, such as
framing, protocol headers and error detection/correction, the capacity available to the users is
somewhat lower. The highest capacity of 384 kbps uses a spreading factor of SF=8, while a
voice signal that is coded as 12.2 kbps uses a spreading factor of SF=128. The longest spreading
code allocated to user connections is SF=256, which corresponds to a user data rate of 5.15
kbps. From the discussion of the OVSF tree in appendix A it can be seen that only 8 orthogonal
spreading codes of length SF=8 exists. In addition, every cell needs some common signalling
channels, so the number of spreading codes of length SF=8 that can be allocated to users is
only 7. This means that only 7 users can receive information in a cell if they require a capacity
of 384 kbps.
Since all cells in a UMTS network can use the same frequency, some other method is needed
to separate transmissions from individual sources. One solution could be to utilize the spreading
codes of CDMA, so different cells would use different spreading codes. However, this would just
replace the frequency planning problem in GSM with a code-planning problem in UMTS. Instead,
UMTS uses an scrambling code in addition to the spreading code, as shown in figure 3.1. The
purpose of the scrambling code is to allow a receiver to separate transmissions from different
sources. The receiver will first decode the received signal with the scrambling code of the
intended transmitter and then apply the spreading code of the relevant connections.

Figure 3.1: Use of spreading (channelization) codes and scrambling codes in UMTS.
By using a scrambling code, every transmitter can choose orthogonal spreading codes from
the entire OVSF-tree. Since the number of scrambling codes is much bigger than the number
of possible chipsequences from the OVSF tree, it is not a problem for the operator to assign
different scrambling codes to neighbor cells.

3.2.1

Network architecture

The network architecture for UMTS release 99 (R99) is shown in figure 3.2. It can be seen that
the UMTS R99 network architecture is very similar to the GPRS network architecture. The main
difference is a new radio access part called UMTS Terrestial Radio Access Network (UTRAN)
with new network elements. However, the division of the core network into a packet-switched
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Figure 3.2: UMTS R99 network architecture.
part and a circuit-switched part was kept. In this way, it would be simpler and less expensive
for a network operator to upgrade a GSM/GRPS network to an UMTS network, since only a
new radio access part (UTRAN) is needed. In theory, the core network could be reused, but
since UMTS provides higher capacity to the users, an capacity upgrade of the network elements
and links in the core network is normally also necessary.
An additional advantage is that the same core network can be used to support both UMTS
and GSM/GPRS/EDGE, as shown in figure 3.3, where the UMTS radio access part (UTRAN)
is connected to the core network in parallel with the previous GSM/GPRS/EDGE radio access
part. The latter is referred to as GPRS and EDGE Radio Access Network (GERAN).

Figure 3.3: Mixed network with both UMTS and GSM/GPRS/EDGE.
The network elements in the UTRAN have the following tasks:
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1. Node B is more or less functionally equivalent to the BTS from GSM, but upgraded to
support the new CDMA radio access principle and the increased throughput.
2. The RNC is in many respects similar to the BSC from GSM. However, one difference is
that in GSM, it was typically the BSC that recoded voice traffic between 64 kbps and 13
kbps, but in UMTS this functionality is moved into the core network, i.e., to the MSC.
In later releases of UMTS, the core network converges towards a single packet-switched core
network.

3.2.2

Mobility management

The traditional handover from GSM is also implemented in UMTS, where it is referred to as a
hard handover. However, the use of the same frequency in all UMTS cells permits two additional
forms of handover.
The first is called soft handover. In a soft handover situation, the mobile is originally
associated with a single Node B, but as it moves towards another Node B, the mobile associates
with the new Node Bas well. In a soft handover, there is therefore a period where the mobile
sends and receives information from two Node Bs at the same time, as illustrated in figure 3.4.
The advantage of soft handover compared to hard handover is that there’s no interruption in the

(a)

(b)

(c)

Figure 3.4: Soft handover.
data stream, since it always receives data from at least one Node B. In a hard handover, there
might be a very short interruption of the data stream, which is not a significant problem for
voice traffic or best-effort data traffic, such as web browsing, file transfers or emails, but could
potentially be a problem for other applications, such as streaming video. Furthermore, during
the soft handover the mobile is able to combine the received signals to improve the improve
the transmission quality. In the uplink direction, the RNC receives two transmissions from the
mobile (from the two different Node B) and selects the best one.
In the previous description of the soft handover procedure, the UE was receiving signals from
2 Node Bs controlled by the same RNC. In general, the UE can receive signals from more than
2 Node Bs, and the different Node Bs do not have to be controlled by the same RNC. In the
latter case, the RNC where the handover started is referred to as the Serving RNC (S-RNC)
and the other RNC is the Drift RNC (D-RNC). A soft handover that involves different RNCs is
illustrated in figure 3.5. A soft handover involving different RNCs is only possible, if the RNCs
are directly interconnected via the Iur interface as shown in figure 3.5.
Shortly after the soft handover in figure 3.5, when the UE is only receiving information from
the D-RNC, user traffic from the SGSN or MSC is still sent to the S-RNC first. From here, it
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Figure 3.5: Soft handover involving different RNCs.
is sent via the direct interface between the RNCs to the D-RNC and then to the Node B and
finally to the UE. Since this is not an optimal route for the user traffic, the network can later
perform a Serving RNC reselection procedure, where the D-RNC becomes the new S-RNC, and
the SGSN or MSC will now send the data traffic to the new S-RNC directly for a more optimal
flow of user traffic.
A variant of soft handover is called softer handover. Just as in soft handover, the mobile
receives information from two cells during the handover, but a softer handover is also characterised by the fact that the two cells are two sectors of the same antenna mast, as illustrated in
figure 3.6. One of the advantages of softer handover compared to soft handover is that capac-

Figure 3.6: Softer handover in UMTS.
ity is only needed on one interface between Node B and the RNC. In the soft handover case,
capacity was needed on the two different interfaces corresponding to the two Node Bs.
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Chapter 4

Evolution beyond UMTS
4.1

High-Speed Downlink Packet Access (HSDPA)

HSDPA was the first extension to the original UMTS network, which provides a higher capacity
in the downlink direction. This is especially aimed at Internet browsing, which is asymmetric in
the sense that transmissions from the mobile terminal (usually) consists of small requests for,
e.g., some web page. The contents of the web page, which may include large amounts of text,
images, videos, etc., is then sent to the mobile. This means that the amount of information sent
to the mobile terminal is usually much larger than the amount of information sent from the
mobile terminal.
HSDPA is based on the concept of a high-capacity shared channel in the downlink direction.
This high-capacity shared channel is created by bundling a number of traditional UMTS channels
with spreading factor 16. From the description of the OVSF tree in appendixA, it can be
seen that there are 16 different orthogonal spreading codes with length 16. Since a number
of signalling channels is also required, not all 16 spreading codes with SF=16 can be used to
provide the shared channel. Instead, the network operator can decide to combine either 5, 10 or
15 channels with SF=16 to the shared high-capacity channel in HSDPA. Figure 4.1 illustrates
the use of 15 SF-16 channels to form the shared channel.

Figure 4.1: Bundling 15 SF-16 channels for a high-capacity HSDPA channel.
If the HSDPA shared channel is based on a bundling of 15 traditional UMTS channels, the
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capacity available for other services, such as voice calls, will be very limited. Allocating 15
spreading codes with SF=16 to HSDPA is therefore normally only used, if the network operator
has an additional frequency channel that can be used for voice traffic and similar. In Denmark,
the operators each have 3 channels of 5 MHz and a special channel of 1.25 MHz, so an operator
could then (in one cell) use one of the channels for traditional traffic (voice calls and data traffic
up to 384 kbps) and another channel for HSDPA only.
Note that in HSDPA, the network does not provide any QoS guarantees for the user’s traffic.
Since the HSDPA provides one shared channel, the capacity available to one user depends on
the traffic to other users. If the user requests a connection where the network has to guarantee a
certain throughput or an upper limit on the latency, this can only be provided with a traditional
dedicated channel, in which case, the capacity is limited to 384 kbps in the downlink direction.
Together with the use of 16-QAM or 64-QAM modulation, HSDPA is able to achieve a
downlink capacity of up to 21 Mbit/s. With the help of advanced antenna technology and by
using two frequencies in a cell, the newest version of HSDPA can (under ideal conditions) achieve
a capacity of up to 84 Mbit/s.
Additional improvements introduced with HSDPA is the use of Hybrid ARQ (HARQ) and
Node B scheduling.
Suppose that in a traditional UMTS R99 connection that the UE receives a message with
errors, which causes it to request a retransmission of the packet from the network. This request
is sent back to the RNC, which means that the delay before the UE can receive the retransmitted
information includes two times the propagation delay between the Node B and the RNC and
also the processing delay at the RNC. This retransmission delay is reduced in HSDPA, since the
purpose of the HARQ is to move the retransmission of errored packets from the RNC to the
Node B.
In HSDPA, it is also the Node B that schedules the transmission to the individual UEs on
the shared channel.

4.2

High-Speed Uplink Packet Access (HSUPA)

To improve the capacity in the uplink direction for applications that also send large amounts
of information, HSUPA was specified in release 6 of the UMTS specifications. HSUPA reuses a
number of the principles used by HSDPA to increase the capacity, such as
• Combining a number of (traditional UMTS) channels to a dedicated high-speed channel.
• Use of 16-QAM as modulation format. The first specification of HSUPA (release 6) only
used QPSK, but in the revision in release 7, 16-QAM was also specified as a possible
modulation format for HSUPA.
• HARQ for faster and more efficient retransmission in the case of transmission errors on
the radio link
• Scheduling in the Node B
One important difference between HSUPA and HSDPA is that HSDPA uses one shared highspeed channel to deliver packets to different UEs, while in HSUPA, each UE has its own dedicated
high-speed channel. The scheduling in the Node B in HSUPA is therefore not related to when a
UE can send information in its dedicated channel, but rather to the amount of power that the
UE can use without causing too much interference to other HSUPA users. This is a consequence
of the CDMA principle.
The theoretical maximum capacity of HSUPA is 5.76 Mbps, but normally a user would
experience a uplink capacity of up to 1 Mbps.
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4.3

Long Term Evolution (LTE)

LTE is the newest evolution of mobile communication technologies, which is normally classified
as a 3.9G mobile technology1 according to the definitions by ITU-T.
LTE is intended to provide much higher capacity than UMTS (including HSDPA and
HSUPA). The original specifications defines a peak download capacity in excess of 300 Mbps
and an upload capacity of more than 80 Mbps. These figures assumes optimal radio conditions
and the use of advanced antenna configurations.
On the radio interface, there are two main differences between UMTS and LTE. Firstly,
LTE uses a wider channel of 20 MHz whereas UMTS only used 5 MHz2 . Secondly, LTE also
uses another multiple access technology called Orthogonal Frequency Division Multiple Access
(OFDMA) in the downlink direction, which can use the frequency spectrum more efficiently
than CDMA or FDMA/TDMA. In the uplink direction, LTE uses a variant of OFDMA called
SC-FDMA.
The network architecture of LTE is illustrated in figure 4.2, where the solid lines represent
user traffic while the dashed lines represent signalling traffic.

Figure 4.2: LTE network architecture.
As illustrated, the LTE network architecture is simplified compared to the UMTS R99 network architecture. In the radio access part, the RNC and the Node B have been merged into
the eNode B (enhanced Node B), and in the core network, the SGSN and the GGSN has been
replaced with the sGW (Serving GateWay) and the MME (Mobility Management Entity).
The sGW is responsible for routing the traffic between the eNode Bs and the Internet,
whereas the MME is responsible for management of the subscribers, e.g., keeping track of the
UEs, storing subscription related information and authenticating the UEs
The next step in the evolution of the mobile communication technologies is the LTE Advanced, which supports downlink bit rates of more than 1 Gbps and uplink bit rates of more
than 500 Mbps. These bit rates require the use of advanced antenna configuration on the mobile
and on the eNode Bs. LTE Advanced meets the criteria of the IMT Advanced definitions by
ITU-T and can therefore be classified as a 4G technology.
The first LTE networks became operational in 2009 in Norway and in 2010 in Denmark.

1
2

However, many operators choose from a marketing perspective to refer to LTE as a 4G technology.
For comparison, GSM uses channels of 200 kHz.
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Appendix A

Basic idea of CDMA
In networks where more than one user must be able to divide the capacity, the traditional
approaches have been time division (TDMA), frequency division (FDMA) or possibly a combination, such as in GSM networks, where both TDMA and FDMA is used in cells that are
allocated more than one frequency.
Code Division Multiple Access is a third way of sharing the capacity among a number of
users. The transmissions from these users are not separated in time or frequency. So in CDMA,
the different users transmit in the same frequency band at the same time, so to separate the
different transmissions, the different users will use different codes, as illustrated in figure A.1.

Figure A.1: Sammenligning mellem TDMA, FDMA og CDMA.

A.1

CDMA coding and decoding

A code in CDMA is a sequence, (x0 , x1 , x2 , . . . , xL−1 ) of L symbols, where each symbol is either
+1 or −1, i.e., xi ∈ {−1, +1}. In relation with CDMA coding, the users’ information bits also
be either +1 or −1. The usual binary symbols, 0 and 1, will before the coding be translated,
e.g., as 0 → − 1 and 1 → + 1 or vice-versa.
To avoid confusions are the symbols in the user’s code called chips instead of bits and a
user’s code – i.e., a sequence of chips – are called the user’s chipsequence.
The fundamental principle in CDMA is that the user’s information bits are multiplied with
the user’s code (chip sequence). It is here important to emphasize that it is each information
bit that is multiplied with the entire chip sequence. This means that if a user sends R bits per
second and uses a chip sequence that contains L chips, this user will generate R · L chips per
second.
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Figure A.2 illustrates the information sequence +1, +1, −1, +1 that is coded with the chip
sequence (+1, −1, +1, −1).

Figure A.2: CDMA coding.
When several users send information at the same time, the signal that is received will be the sum
of each of the users’ CDMA coded sequences. This is illustrated in figure A.3 that illlustrates 3
users that are transmitting with their own chip sequence as listed in table A.1:
User
A
B
C

Bit sequence
+1, +1, −1, +1
−1, −1, +1, −1
−1, +1, +1, +1

Chip sequence
(+1, −1, +1, −1)
(+1, +1, −1, −1)
(+1, −1, −1, +1)

Table A.1: Information and chip sequences for figure A.3.

Figure A.3: CDMA coding of several information sequences.
The received signal can mathematically be described1 as
A
B
B
C
C
mk = s A
⌊k/L⌋ · ck mod L + s⌊k/L⌋ · ck mod L + s⌊k/L⌋ · ck mod L + . . .
1

(A.1)

The function ⌊x⌋ is the floor function, which returns the largest integer less than or equal to x, e.g. ⌊3⌋ = 3,
⌊3.7⌋ = 3, ⌊3.999⌋ = 3, ⌊4⌋ = 4, and ’k mod L’ denotes the remainder of the integer division of k/L.
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where mk is the k-th chip in the received signal, sX
i is the i-th information bit from user X and
X
cj is the j-th chip in user X’s chip sequence.
The receiver decodes the received signal by using the same sequences as in the coding, i.e., if
the receiver wishes to determine what user A sent, it will use user A’s chip sequence. The received
signal is multiplied by the relevant chip sequence and the chips in the resulting sequenced are
added over a period of time corresponding to the period of one information bit. The sum at the
end of the information bit period can be either positive, 0 or negative. The receiver will assume
that the corresponding information bit was +1 if the sum was positive and −1 if the sum was
negative. If the sum was 0, the receiver assumes that the user did not transmit any information
bits in this information period.
In figure A.3 was shown an signal that was the sum of three CDMA coded signals. When
this signal is received and decoded with user A’s chip sequence the result is shown in figure A.4.
In the 1st, 2nd and 4th information period the sum is positive at the end of the period, i.e., the
receiver concludes that user A sent +1 as the 1st, 2nd and 4th information bit. The sum in the
3rd information period is negativ at the end of the period, so the receiver concludes here that a
−1 was sent.

Figure A.4: CDMA decodning with user A’s chip sequence.
As illustrated above, the CDMA principle makes it possible for several users to send information
simultaneously, and it will still be possible for the receiver to decode the individual transmissions
correctly by using the relevant chip sequences (codes). However, for this to be the case, the
codes can not be chosen freely – the relations between the different codes has to satisfy a certain
requirement as described in the next section.
Exercise: Try to decode the received signal (or just a few information bits) from figure A.4
with the chip sequence (+1, +1, +1, +1) and determine what was sent using this chip sequence.
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A.2

Orthogonal codes

As described in the last section, decoding in CDMA is based on multiplying the received signal
with the relevant user’s chip sequence and add the result within the period of an information
bit. Suppose that we are interested in determining the information bits from user A, then the
received signal multiplied with user A’s chip sequence will be:
A
A
A
mk · cA
k mod L = s⌊k/L⌋ · ck mod L · ck mod L +
A
B
sB
⌊k/L⌋ · ck mod L · ck mod L +
A
C
sC
⌊k/L⌋ · ck mod L · ck mod L + . . .

(A.2)

As an example, the sum within the period of the first information bit (i.e., bit 0) will be:
b0 =

=

L−1
X

k=0
L−1
X

mk · cA
k
A
C
C
A
A
B
B
A
sA
0 · ck · ck + s0 · ck · ck + s0 · ck · ck + . . .

k=0

=

sA
0

·

L−1
X
k=0

2
cA
k

+

sB
0

·

L−1
X

cB
k

·

cA
k

+

sC
0

k=0

·

L−1
X



A
cC
k · ck + . . .

(A.3)

k=0

nd
rd
Since we are only interested in determining sA
0 we must require that the 2 , 3 , . . . part of the
sum in equation A.3 are zero, i.e., for X 6= A:

sX
0 ·

L−1
X

A
cX
k · ck = 0

k=0

and since sX
0 6= 0, that:
L−1
X

A
cX
k · ck = 0

k=0

If this condition is satisfied, the sum within the first information bit period will be reduced to:
b0 = s A
0 ·
= sA
0 ·

L−1
X

k=0
L−1
X
k=0

cA
k
cA
k

L−1
X

2

+ sB
0 ·

2

= sA
0 ·L

C
A
cB
k · ck + s0 ·

k=0

L−1
X

A
cC
k · ck + . . .

k=0

If, for two different chip sequences, it is the case that:
L−1
X

Y
cX
k · ck = 0 for X 6= Y

k=0

the two chip sequences are said to be orthogonal. Suppose that user A uses the chip sequence
(+1, −1, +1, −1) and user B uses the chip sequence (+1, +1, −1, −1), then the sum of the product
of the chip sequences are:
3
X

B
cA
k · ck = (+1 · + 1) + (−1 · + 1) + (+1 · − 1) + (−1 · − 1) = 0

k=0

22

i.e., the chip sequences (+1, −1, +1, −1) and (+1, +1, −1, −1) are orthogonal.
The use of orthogonal codes to allow different information signals to be transmitted together
is also described in section 6.2 in Knud J. Larsen, ”Introduktion til Signaler ”
Exercise: Show that the following 3 chip sequences (+1, −1, +1, −1), (+1, +1, −1, −1) and
(+1, −1, −1, +1) are othogonal.
Exercise: Find another chip sequence of length 4 that is orthogonal with the 3 chip sequences
of the previous exercise.

A.3

Bit rates and chip rates

As described above, a user that transmits R bits per second using a code with a length of L
chips generates R · L chips per second. The relation between the bit rate, R and the chip rate
C = R · L, i.e., the length of the code, is also referred to as the code’s spreading factor.
In CDMA based system, such as UMTS, the chip rate is constant, so that the spreading
factor of a code determines the user’s maximum bit rate. If a long code (many chips) is used,
the bit rate will be correspondingly smaller. Since different users do not have the same capacity
requirement they will be able to use codes of different lengths.
As an example, a simple voice connection for telephony could use a long code that is more robust, while a connection used for Internet browsing could use a shorter code, so that information
could be downloaded faster.
The requirement of orthogonality between the codes of different users is also relevant in the
case where the users are using codes of different lengths. Normally the codes will have length
L = 2k for different (integer) values of k, so to calculate the product of the codes, the shortest
code will have to be repeated accordingly. The requirement that the sum of the codes’ product
must be 0, must be the case for each repetition of the shortest code. Figure A.5 illustrates two
codes of length 2k1 chips and 2k2 chips. The two codes are orthogonal if the sum of the codes’
product within each block of 2k1 chips is 0.

Figure A.5: Othogonality between codes of different lengths.

A.4

Code generation

Generation of orthogonal codes for use with CDMA can be done in a number of ways. In
the following is described two methods: Orthogonal Variable-length Spreading Factor (OVSF)
binary tree or using Hadamard matricer.
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A.4.1

Orthogonal Variable-length Spreading Factor tree

An Orthogonal Variable-length Spreading Factor tree is shown in figure A.6. The notation in the

Figure A.6: OVSF tree.
tree, Ci,j , refers to the j-th code of length i. As can be seen, the root of the tree consists of the
code C1,1 = (+1), and from each branch (= code) is generated two (sub-)branches. The code of
the upper subbranch is generated by repeting the code of the original branch, while the code of
the lower subbranch is generated by appending the code of the original branch with the same
code inverted. I.e., from the branch (code) Ci,j is generated the codes (subbranches) C2i,2j−1
and C2i,2j as:
C2i,2j−1 = (Ci,j , Ci,j )
and
C2i,2j = (Ci,j , Ci,j )
where Ci,j is the code Ci,j inverted (+1 → − 1 and −1 → + 1).
Exercise: If user A uses the code C4,2 from the OVSF tree, which other codes are then
available to other users in the network?

A.4.2

Hadamard matricer

Orthogonal codes for CDMA can also be generated from Hadamard matrices. To generate
Hadamard matrices of a given size, the following recursive procedure can be used. The recursive
procedure starts with a 1x1 matrix, H1 that contains a single element, ’+1’, i.e.,
H1 = (+1)
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and the subsequent matrices can be generated recursively as


Hn Hn
H2n =
.
Hn −Hn
The recursive formula is repeated until the matrix, Hi , has a sufficient dimension – the orthogonal codes can be found as the rows in this matrix. By using the recursive formula, only codes
of length 2k , where k ∈ N+ , are generated, but Hadamard matrices, Hi , (and thereby CDMA
codes) exists for other values of i. Hadamard matrices exists for i = 4, 8, 12, 16, . . . , 664, and it
is conjectured2 (but not yet proved) that Hadamard matrices exists for all values of i that are
divisible by 4.
CDMA codes of length L = 2k , where k ∈ N, can be generated both from an OVSF tree and
from Hadamard matrices as described above, but note that the order of codes in the OVSF tree
is not the same as the rows in the corresponding Hadamard matrix (except for codes of length
1 and 2), i.e. Ci,j is generally not identical to the j’th row in Hi .

2
Source: Weisstein, Eric W. ”Hadamard Matrix.” From MathWorld – A Wolfram Web Resource.
URL: http://mathworld.wolfram.com/HadamardMatrix.html
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Appendix B

Multislot classes in GPRS
Table B.1 lists some of the common multislot classes defined for GPRS. For a complete list, refer
to 3GPP technical specification 45.002. The columns of the table indicate:
• Max. RX timeslots – the maximum number of timeslots in a frame that the MS can
receive information in.
• Max. TX timeslots – the maximum number of timeslots in a frame that the MS can
transmit information in.
• Max. sum – the maximum number of timeslots per frame that the MS can either receive
or transmit information in.
Multislot class
1
2
3
4
5
6
7
8
9
10
11
12

Max. RX timeslots
1
2
2
1
1
3
3
4
3
4
4
4

Max. TX timeslots
1
1
2
1
2
2
3
1
2
2
3
4

Table B.1: Multislot classes for GPRS.
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Max. sum
2
3
3
4
4
4
4
5
5
5
5
5

