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Abstract

This thesis deals with output power calibration of a mobile platform
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The output power from the mobile platform is controlled by three pa-
rameters and the influence on the output power when varying those
parameters is investigated and presented. Furthermore, two methods
of improving the speed of the calibration are presented.
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purpose of the second investigation is to examine the possibility to
measure the output power in one modulation and frequency band, and
then calculate the output power in the other bands. The conclusion in
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Chapter 1

Introduction

The purpose of this chapter is to present an introduction to this Mas-
ter’s thesis. First a brief background to the area of GSM will be pre-
sented followed by the problem formulation. At the end of the chapter
the thesis outline is found.

1.1 Background

In 1888 Heinrich Hertz managed to create a spark in the receiver to his
600 MHz transmitter. Seven years later, in 1895, the Italian engineer
Guellermo Marconi was the first to apply radio waves in communica-
tion when he designed a commercial wireless device. In 1901 he man-
aged to successfully communicate from Cornwall in the Great Britain
to Massachusetts on the US east coast and the radio communication
was born [1]. Some 80 years later the first analog, full FM duplex,
cellular mobile phone systems appeared. One of them is known as the
NMT450/900 system. As the number of users grew it became clear
that the analog systems would not be able to cope with this. In 1992
the successor to the analog system in Europe, GSM, was commercially
launched.
The GSM system is built on a combination of two so-called multiple ac-
cess methods, FDMA and TDMA. This means that a user is assigned a
certain frequency band at a certain time interval. Each user occupies a
200 kHz bandwidth in the frequency spectra. The 200 kHz wide bands,
and hence all users, are located next to each other. The frequency spec-
tra that each user possesses is however not perfectly square-shaped, i.e.
the 200 kHz bands will slightly overlap each other. This overlapping
will cause interference between adjacent users. The standardization or-
ganization European Telecommunications Standards Institute (ETSI)
has stated that a certain output power level at the antenna connector

1



2 Chapter 1. Introduction

corresponds to a certain power control level (PCL). In order to mini-
mize the interference between users and also to save battery the base
station (BS) tells the mobile station (MS) which output power the MS

is suppose to transmit with. This is done by telling the MS to use a
certain PCL. The better the channel properties, the less output power
is necessary and with a decrease in output power less interference with
other users will follow. The components inside a MS will vary slightly
from each other and this will make each unit unique. Calibrating the
MS is a way to come around this variation and to ”teach” the unit
to transmit with the correct output power. In the platform used in
this thesis there are three different parameters that control the output
power. These parameters consist of 32, 64, and 128 steps respectively.
A certain combination of the three parameters will produce an output
power value that corresponds to a PCL value. This combination of
the three parameters will then be locked to that PCL value and the
learning is completed. The platform also supports EGPRS, Enhanced
General Packet Services, which is an extended version of the today used
GPRS. By using a different modulation EGPRS supports a higher data
rate compared to GPRS. EGPRS and GPRS will be further presented
in Chapter 2.

1.2 Problem Definition

In order to save time in Flextronics high volume assembly sites, it is
necessary to reduce the time for output power calibration as much as
possible. However, it is necessary to still maintain a certain amount
of accuracy prescribed by the standardization organization ETSI. This
Master’s thesis aims to examine different ways of reducing the cali-
bration time for a mobile platform that supports EGPRS. Different
methods for measuring the output power should also be compared con-
cerning cost efficiency, accuracy, and speed.

1.3 Thesis Outline

The thesis can be divided into three different parts. Part one consists of
Chapter 1 and Chapter 2. This part gives an introduction to the thesis
and the necessary background theory. Part two consists of chapters 3
and 4. This second part deals with instruments that may be used in
an output power calibration method. The goal is to investigate some
instruments and to find the best one with respect to cost efficiency,
accuracy, and speed. The third part, Chapter 5–Chapter 8, is about
finding ways to decrease the calibration time. In this part measure-
ments are taking place on the antenna connector. Next follows a short
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description to each chapter in the thesis.

Chapter 1 Introduction
Chapter 1, the present chapter, contains a background section which,
very briefly, covers the history in telecommunication and the necessity
of output power calibration. Further the problem definition is presented
as well as this thesis outline.

Chapter 2 Global System for Mobile Communications (GSM)
Chapter 2 describes the GSM network from a digital transmission sys-
tem point of view. The different blocks included in a transmission
system are described. These are the source coding and channel cod-
ing blocks as well as the modulation block. The channel block is also
included in the chain but will not be described. The chapter will also
describe services that operators may choose to support in their networks
and an introduction to the term modulation as well as the mathemat-
ical description of the two modulation methods that are used in the
GSM network. The chapter will also describe the different multiple ac-
cess methods that are used in the GSM network as well as the data
rates, with respect to the different services.

Chapter 3 Instrument for Measuring Power
This chapter describes the functionality of three different instrument
types; a signal analyzer, a radio tester, and a power meter. These three,
together with a dedicated RF analyzer, will be mutually compared in
Chapter 4.

Chapter 4 Methods for Power Measurements
In Chapter 4 four instruments are compared with respect to cost ef-
ficiency, accuracy, and speed. The instruments are the signal ana-
lyzer FSIQ7 from Rhode&Schwarz, the Universal Radio Communica-
tion Tester CMU200 also from Rhode&Schwarz, the power meter 8541C

with sensor 80401A from Gigatronics, and finally the dedicated RF an-
alyzer model 2800 RF from Keithley.

Chapter 5 ETSI Standard requirements
The European Telecommunications Standards Institute (ETSI) is a
standardization institute for mobile communication. They have estab-
lished several documents with requirements concerning radio aspects,
power aspects, etc. In Chapter 5 the interesting parts, concerning out-
put power, of the ETSI document ETSI TS 100 910 v8.14.0 are presented,
as well as the requirements for the error vector magnitude (EVM).
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Chapter 6 System Description & Restrictions
This chapter describes the platform examined in Chapter 7 and Chap-
ter 8. The characteristics of the parameters that affect the output power
are presented. In the last section the strategy for the accomplishment
of Chapter 7 and Chapter 8 is presented. An alternative, but very time
consuming, method for collecting the necessary measurement data is
presented. Since it is time consuming it will not be realized. This gives
rise to some restrictions that are briefly described.

Chapter 7 Different number of bursts for averaging
ETSI requires that every measurement performed should be averaged
over 200 consecutive bursts. This is however very time consuming and
if the number of bursts could be reduced it is possible to save time.
The first section covers the case when GMSK modulation is used. In
the second section, which covers 8PSK modulation, two methods that
will decrease the number of bursts are examined. The first one is the
same method as in the GMSK case and in the second method a built-in
function in the CMU200 is investigated. This function uses a known
data sequence to correct the measured average power of the current
burst and to estimate the correct reference level.

Chapter 8 Offset Theories
ETSI also requires that measurements are performed in all four fre-
quency bands. This chapter investigates the possibilities to measure the
GSM900 band and to calculate the levels in the GSM850 and DCS1800

bands. The PCS1900 band was unfortunately not available for mea-
surements since the platform is under development.

Chapter 9 Overall Conclusion & Future Work
This chapter summarizes the conclusions drawn in various chapters in
the thesis. Finally some suggestions to future work are given.

Acronym List
In this chapter a very useful acronym list is found.

Appendix A
Appendix A contains some figures from the problems discussed in Sec-
tion 7.1. The figures show the mean values and their belonging confi-
dence interval for the GSM850 and DCS1800 bands. In Section 7.1 the
figures for the GSM900 band is found.



Chapter 2

Global System for
Mobile Communications
(GSM)

This chapter will describe the GSM system, and since it is a digital
system it will be described from a digital transmission system point of
view. Figure 2.1 below shows the schematics of a digital communication
link. The parts of the chain that process the data in a controlled
way are the source coding and channel coding blocks as well as the
modulation block. The channel block will also change the data but
in a non-deterministic matter. If that was not the case, the channel
coding block could be omitted. This will be clear to the reader in
the Channel Coding section. The channel block will not be covered
at all in this thesis since it is a very comprehensive and quite difficult
subject, but Ref. [1] or Ref. [3] are both good books on the subject.
The decoding blocks are at the receiver end and these blocks are doing
their best to re-create the transmitted data as accurate as possible, so
that the receiver can interpret the contents correctly. The first section
of this chapter covers the source coding block and the second section
the channel coding block. The third section named Mobile Services
and Modulation will describe services that operators may choose to
support in their networks. Included in this section is an introduction
to the term modulation, and the mathematical description of the two
modulation methods that are used in the different services. This section
also describe the different multiple access methods that are used by
the GSM network, as well as the data rates that the different services
outputs. The reader who wants to go deeper into digital transmission
can turn to Ref. [2]. A good introductory book in GSM is Ref. [17].

5
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Figure 2.1: Plan of a digital communication link.

2.1 Source Coding

The source coding is the transformation of the data into some kind of
code. In the GSM case, and in most other cases as well, the code is a
binary code. One example of a binary code is the Morse code where
each letter in the alphabet is coded into a combination of short and
long signals, most often light or sound signals. The aim with source
encoding is to make the coding as efficiently as possible, i.e. the message
that is supposed to be transmitted should be as short as possible when
it is encoded. This is often done so that the symbol with the least
probability to be sent is given the longest code word and vice versa.
Here is an example. Suppose one wants to transmit letters from the
ordinary alphabet, i.e. words. In the English language the letter e is
the most common, or the most probable letter to be sent in a message.
According to the rule above the letter e should be given the shortest
code word that is possible. Thus, it is not a coincident that the letter
e has the code word . (one short signal) and the letter y has - . - -
(long short long long) in the Morse code. The same procedure can of
course be followed when using digital bits only that there are zeros and
ones instead of short and long signals. In the GSM network both voice
and data can be sent. Voice, which is an analog signal, needs to be
digitized. Analog to digital conversion is a quite simple process and is
done by using an analog to digital converter (ADC). The microphone
converts the sound into an electrical signal. Sending this signal directly
into the ACD would force it to do more work than necessary. Instead
the signal from the microphone passes a bandpass filter with a pass
band between 300 Hz and 3.4 kHz. The bandpass signal is allowed to
pass the ADC where it is sampled with a sampling frequency of 8 kHz
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in order to fulfill the sampling theorem. The signal is then quantized by
13 bits into 8192 quantization levels. The digital output from the ADC

is sent to a speech encoder where the source encoding takes place. The
signal flow is shown in Figure 2.2 below. The speech encoding process
includes, among other things, a few operations in order to decrease
the data rate that is output from the ADC. Describing the complete
functionality of the source encoder and the processing done by it is quite
extensive, and is by all means well beyond the scope of this thesis.

Microphone
Microphone BP-Filter

300Hz-3.4kHz

BP-Filter
300Hz-3.4kHz

Analog to
Digital

Converter

Analog to
Digital

Converter To
Speech
Encoder

Figure 2.2: Audio signal processing.

2.2 Channel Coding

As mentioned in the introduction to this chapter the channel coding
would not be necessary if the channel did not affect the signal. So,
the purpose of channel coding is to protect the information from the
disturbance that the channel will add to the signal. There are many
things that contribute to this disturbance and one example in the GSM

case is the delay spread in the signal which is caused by the reflections of
the signal in buildings, trees, and other obstacles. A reflected wave will
arrive a few microseconds later than a direct wave and they will hence
interfere with each other. This is what is causing the delay spread. As
mentioned before this is only one example of the disturbances that are
present in the channel block. The protection of the information is done
by adding some more bits to the source coded code words. These bits
are called redundant bits since they do not carry any information. So,
why do not just hang on a whole bunch of them and then it is perfectly
safe to transmit the message? Of course it is possible, but it would not
be very efficient. Also the redundant bits need to be transmitted and
the more they are, the longer time it will take to transmit the actual
information. The best thing to do is to add just as many redundant
bits that is necessary in order for the decoder at the receiver end to be
able to decode the information correctly. Even though some bits are
erroneous when they arrive at the receiver end it is not totally hopeless
to detect the sent information. There are two kinds of codes, codes
for error detection and codes for error correction. It is quite obvious
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from their names what they are capable of doing. An error detecting
code can detect if there is an error in the transmission and an error
correcting code can both detect and also correct bits in a word. There
are however limitations in the number of bits that are detectable and
correctable, and this is also what characterizes the code. In general the
more redundant bits that are added to the information bits, the more
bits may be detected and corrected. This is a very brief description
of channel coding and the subject is so large that there are books and
university courses covering only the subject channel coding. A well
equipped library can support the interested reader with material.

2.3 Mobile Services and Modulation

This section will describe different services in the GSM network that
operators may choose to support now and in the future. These services
are speech and data transmission by using circuit switching technology
and Gaussian Minimum Shift Keying (GMSK) modulation, data trans-
mission by using packet switching technology and GMSK modulation,
and finally data transmission by using packet switching technology and
3π
8 - Eight Phase Shift Keying ( 3π

8 -8PSK) modulation. The first one
will be described in the GSM section below and the second and third
in the General Packet Radio Services (GPRS) and Enhanced General
Packet Radio Services (EGPRS) sections respectively. The modulation
block in Figure 2.1 will first be described in general and then the two
modulation methods, GMSK and 3π

8 -8PSK, will be described separately
in the sections GSM and EGPRS respectively.
The GPRS is today supported by most companies that provide speech
service in a cellular network. In what extension EGPRS will be sup-
ported in the future is difficult to tell.

Digital Modulation

The modulation describes how the information is hidden in the signal.
For example, in amplitude modulation it is the amplitude of the sig-
nal that varies and in that way carries the information. One purpose
with this section is to offer the reader a fundamental knowledge in the
mathematical description of modulation and to derive the In-phase(I)
and the Quadrature(Q) baseband signals.
There are two basic classes of modulation, analog modulation and dig-
ital modulation. The only difference between analog modulation and
digital modulation is that digital modulation restricts the modulated
baseband signal to discrete states rather than allowing the modulated
signal to take any value between a maximum and a minimum value.
This thesis only deals with digital modulation and therefore digital will
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be left out and in the future only the word modulation will be used.
Two modulation methods; Gaussian Minimum Shift Keying (GMSK)
and 8-Phase Shift Keying (8PSK) are described in more detail.
One distinguishes between baseband modulation and modulation with
a carrier, where the former is when transmitting the pulse train in the
baseband, i.e. around the zero frequency, and the latter is when the
pulse train is transmitted around a carrier frequency.

Baseband Modulation

In order to transmit a digital symbol it is necessary to describe the
symbol in some material form. Associating the symbol with pulses
usually does this. By adding up a sequence of pulses a pulse train
is formed which carries the message over the channel. The theory and
properties of pulses and pulse trains are beyond the scope of this thesis.
The interested reader can find more in, for example, Ref. [2].

Carrier Modulation

There are several reasons for not sending a signal in base band, espe-
cially when sending the signal over a radio channel. One reason is of
practical nature. Take, for example, a 2400 symbol/s pulse train in a
telephone line modem. This is an audio-bandwidth signal and is ideal
for transmission over a telephone line. But sending the same signal by
radio would require an antenna hundreds of kilometers long [2]. An-
other reason lies in the problems of having several users sharing the
same frequency. If all users would send information over baseband
the interference they will cause each other would be substantial and it
would be impossible to get through with any information. The assign-
ment, standardization, coordination and planning of the international
telecommunication services is organized by the International Telecom-
munication Union (ITU), which is an agency of the United Nations [1].

2.3.1 GSM

This subsection describes the GSM system when it comes to modula-
tion, transmission properties such as multiple access techniques, and
data rate.

Modulation

Starting with a bandpass signal it may be written in a general form as

s(t) = a(t) cos(2πfct + θ(t)) (2.1)
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where a(t) is the amplitude, θ(t) the phase and fc is the carrier fre-
quency in Hertz. The carrier frequency is also the center of the band-
pass spectrum. Bandpass signals are convenient for transmission but
not to analyze. Therefore, applying some trigonometric formulas to
Equation 2.1 yields the equivalent form

s(t) = x(t) cos(2πfct)− y(t) sin(2πfct) (2.2)

where x(t) = a(t) cos(θ(t)) is denoted the in-phase(I) component and
y(t) = a(t) sin(θ(t)) is denoted the quadrature(Q) component of the
signal.
The complex envelope of s(t) is defined as the complex-valued low pass
process z(t) given by

z(t) = x(t) + jy(t) (2.3)

The in-phase and the quadrature components are thus the real and
imaginary parts of z(t). As can be seen in Equation 2.2 these signals are
both baseband signals separated from the carrier. The modulation is
completely described by the in-phase and the quadrature components.
Another way of expressing the bandpass signal in Equation 2.2 is

s(t) = < [
z(t)ej2πfct

]
(2.4)

A signal may be characterized by its amplitude, frequency, and phase.
These three properties of a signal are also the most common that a
symbol modulates. In Amplitude Shift Keying (ASK) the transmission
symbols modulate the amplitude of the carrier and in Frequency Shift
Keying (FSK) it is the frequency of the carrier that is being modulated.
In Phase Shift Keying (PSK) the transmission symbols modulate the
phase of a carrier. The two most common types of PSK are Binary PSK

(BPSK) and Quaternary PSK (QPSK). In BPSK the carrier may hold
one of two different phases for each symbol interval and in QPSK the
carrier may hold one of four different phases. Other PSK modulations
are sometimes used and one of them, 3π

8 -8PSK, is used in EGPRS and
will be further presented in Section 2.3.3.

MSK
MSK is a special type of continuous phase frequency shift keying. It
can be described as a continuous phase modulation (CPM) scheme.
A CPM signal can be written as

s(t) =

√
2Eb

T
cos(2πfct + θ(t)) (2.5)

where T is the symbol duration time and Eb is the bit energy in the
transmitted signal. The information to be transmitted is found in the
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phase

θ(t) = 2πh

∞∑

i=−∞
αiq(t− iT ) (2.6)

where input data αi is binary symbols ±1 and h is a parameter called
modulation index. q(t) is called the phase function, and different CPM

methods are characterized by their different phase functions. Another
common term that is used to describe the character of the CPM method
is the frequency function g(t). The relationship between the both looks
like

q(t) =

t∫

−∞
g(τ) dτ. (2.7)

The frequency function, g(t), is normally defined over the finite time
interval 0 ≤ t ≤ LT . By varying the frequency function g(t) and the
modulation index h different modulation schemes are obtained.
MSK can be described as a CPM method with L=1, h=1/2 and the
frequency function

g(t) =
{

1
2Tb

0 ≤ t ≤ Tb

0 elsewhere.
(2.8)

The frequency function can be extended over several symbol intervals
T . If so, adjacent pulses will affect each other and cause controlled inter
symbol interference (ISI). In a modulation method where L>1 adjacent
pulses will affect each other and hence cause (ISI). Such a method is
called a partial response system. If L=1, as is the case in MSK, the
adjacent pulses will not affect each other and no ISI is present. Such
a system is denoted a full response system. The benefits gained by
controlled ISI (L>1) and by choosing a smooth pulse shape g(t) is that
the available bandwidth is used more effective. A drawback is however
that the bit error probability is increasing [1].

GMSK
GMSK is a derivative of Minimum Shift Keying (MSK). The frequency
function is given by

g(t) ≈ 1
2Tb

[
Q

(
2πB(t− Tb/2)√

ln 2

)
−Q

(
2πB(t + Tb/2)√

ln 2

)]
(2.9)

where the parameter B is chosen to achieve certain spectral properties.
The Q-function is defined by

Q(x) =
1√
2π

∞∫

x

e

(
−φ2

2

)
dφ. (2.10)
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With the use of a pre-modulation filter the side lobe levels in the power
spectrum are further reduced compared to MSK. The pre-modulation
filter has Gaussian impulse response, hence the name Gaussian MSK.
Because of its power efficiency and excellent spectral efficiency GMSK

is a very appealing modulation method. Gaussian Minimum Shift Key-
ing is the modulation scheme used in GSM [1]. Figure 2.3 shows the
constellation diagram for GMSK drawn in the Fresnel plane. The Fres-
nel plane is a complex plane referring to a complex representation of
the signal. In GMSK each symbol contains one bit and the difference

Previous

phase position

Actual

phase position

Interval of

right detection

I

Q

Figure 2.3: Constellation diagram and interval for correct detection for
GMSK.

between a logical 0 and a logical 1 depends on the phase shift between
two consecutive symbols. If the phase shift is +π

2 a logical 0 is sent
and if the phase shift is −π

2 a logical 1 is sent. This means that the
interval for a correct detection is a half circle, shown in Figure 2.3.

Transmission

The primary GSM, the first generation GSM in Europe, uses two 25
MHz bands in the 900 MHz range. The lower band between 890 MHz
and 915 MHz is used for uplink (UL), i.e., the mobile station (MS) is
transmitting to the base station (BS), and the upper band between 935
MHz and 960 MHz is used for down-link (DL). Down-link is the BS to
MS direction. The frequency bands are then further subdivided into
125 channels, each channel having a width of 200 kHz. Each user is
allocated one channel for uplink and one channel for down-link. This
technique, to divide the frequency bands into different channels and
allow each user to access a small portion of the band, is the multiple
access method called Frequency Division Multiple Access (FDMA) that
was mentioned in the introduction.
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To use the spectrum even more efficient each 200 kHz channel is divided
into eight time slots. Each user is assigned one time slot out of the eight.
This multiple access method is called Time Division Multiple Access
(TDMA) and a set of eight time slots is called a TDMA frame or just
a frame. The length of one time slot, often called a burst, is 577 µs

06 7 321 654 07

TDMA Frame, 4.615 ms

Figure 2.4: TDMA frame.

and the length of a TDMA frame is 8×577 µs=4.615 ms. The TDMA

structure of the GSM system does not only gives it a higher capacity but
it also introduces an unpleasant drawback. If a mobile station transmits
a burst every 4.615 ms it will give rise to an underlying frequency of
1/4.615*10−3=216.6 Hz. This is in the audible range and can be heard
in the speaker system of a home stereo if the MS is operated close to
it. This is a very harmful effect compared to what it might cause to
hearing aids, cardiac pacemakers, and other sensitive electronic devices.

Data Rates

Ordinary GSM uses a technique called circuit switching. Circuit switched
data transfer, in the case of GSM, signifies that the transfer of user data
requires the allocation of a fixed and continuous physical resource. For
example, the allocation of one time slot on one frequency channel for
the complete duration of the communication. Ordinary telephony in
homes is another example of circuit switching, but in this case it is the
closing of an electrical circuit between two points that characterizes the
circuit switching. Circuit switching means the assignment of a physical
communication path for the whole time of the connection. As men-
tioned above each user will be assigned one time slot in each frame at
one frequency channel. This gives a data rate of 9.6 kbps. For speech
this is good enough and the following services are used to get higher
speed when sending data.
An improvement to ordinary GSM is made in a service called High
Speed Circuit Switched Data (HSCSD) where a user can be assigned
more than one time slot in each frame, so called multi slot solution.
The channel coding is also improved and can support up to 14.4 kbps
in each slot. The theoretical maximum data rate is hence 8×14.4=115.2
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kbps. In reality a data rate of 4×14.4=57.2 kbps is more probable since
it is not likely that one single subscriber gets all eight slots in a frame.

2.3.2 GPRS

GPRS involves overlaying a packet based air interface on the existing
circuit switched GSM network. This gives the user an option to use a
packet-based data service, so called packet switching. One feature of
packet switching, and also the main difference from circuit switching, is
that the messages are divided into packets before they are sent. Each
packet is then transmitted individually and can even follow different
routes to its destination. Once all the packets forming a message ar-
rive at the destination, they are recompiled into the original message.
A classical example for packet data transfer is the sending of letters
and parcels via the normal post. Some other networks that use packet
switching are the Internet and IP networks. A common property for
all packet switching networks, compared to circuit switching networks,
is the need for addressing. Since there is no permanent connection
between the sender and the receiver and the message is divided into
packets that are send separately over the network, the packets need an
address to where they are suppose to be sent. They also need to carry
some information about in what order they should be recompiled at the
receiver end. In GPRS the mobile station is always connected to the
network as long as the service is available. On the other hand a radio
link is only assigned for those times it is needed to transport a packet.
Packet switching means that GPRS radio resources are used only when
users are actually sending or receiving data. Rather than dedicating a
radio channel to a mobile data user for a fixed period of time, the avail-
able radio resource can be concurrently shared between several users.
This efficient use of scarce radio resources means that large numbers of
GPRS users can potentially share the same bandwidth and be served
from a single cell. The actual number of users supported depends on
the application being used and how much data is being transferred.
Because of the spectrum efficiency of GPRS, there is less need to build
in idle capacity that is only used in peak hours. GPRS therefore lets
network operators maximize the use of their network resources in a dy-
namic and flexible way, along with user access to resources and revenues
[16].

Modulation

GPRS uses the same modulation as GSM, i.e. GMSK.
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Data Rates

Besides the packet switching technique GPRS uses an even more effec-
tive channel coding than HSCSD. This makes it possible to reach a data
rate of 21.4 kbps in each slot. The strategy is to use a flexible adapted
ratio between user data and error correction. This is done by intro-
ducing four different coding schemes CS-1 to CS-4. Depending on how
good the transmission conditions are one of the four schemes are used.
The 21.4 kbps above refer to CS-1. For CS-4 the corresponding speed is
9.05 kbps. GPRS also supports the bundling of slots that HSCSD does.
This makes the maximal theoretical data rate for GPRS 171.2 kbps.

2.3.3 EGPRS

EGPRS is an evolution of GPRS. The service is still built on the packet
switching technology. The difference between the both lies in the mod-
ulation.

Modulation

First the mathematical description for ordinary 8PSK modulation is
presented, and later the modulation procedure for EGPRS is described.
For 8PSK the modulated carrier u(t) may be described as

u(t) = a(t) cos(2πfct + φ(t)). (2.11)

In 8PSK the information is modulating the phase of the carrier. The
phase, φ(t), can be written as

φ(t) =
∞∑

i=−∞
φiδ(t− iT ) (2.12)

where
φi = θ0 + 2m

π

M
(2.13)

mε [0 → 7] and M = 8

Inserting Equation 2.12 into Equation 2.11 yields

u(t) = a(t) cos(2πfct +

( ∞∑

i=−∞
φiδ(t− iT

)

=
∞∑

i=−∞
a(t) cos(2πfct + φi)δ(t− iT )

=
∞∑

i=−∞
a(t) cos(2πfct + φi)δ(t− iT ) (2.14)
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Applying some trigonometry the expression above can be expanded to

u(t) = a(t)
∞∑

i=−∞
[cos(φi) cos(2πfct)− sin(φi) sin(2πfct)] δ(t− iT )

=
∞∑

i=−∞
[Ii cos(2πfct)−Qi sin(2πfct)] δ(t− iT ) (2.15)

The in-phase and the quadrature components of the signal are here
given by Ii = a(t) cos(φi) and Qi = a(t) sin(φi) [11]. An often used
method for visualizing a PSK signal is by representing the signal in
a Fresnel plane. Figure 2.5 shows an 8PSK constellation drawn in a
Fresnel plane with θ0 = 0. In EGPRS the modulation procedure from
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Figure 2.5: 8PSK constellation diagram with Gray coding.

the bit stream to the final on-air signal is done in three steps [5]. These
steps are shown in Figure 2.6. When using the term EDGE it is the
whole procedure in Figure 2.6 that is implicated and the signal at the
very right side of the figure is referred to as the EDGE signal.

Mapping:

3 Bits into

1 symbol

Mapping:

3 Bits into

1 symbol
3pi/8 rotation

3pi/8 rotation Linearized

Gaussian Filter

Linearized

Gaussian Filter

Bits
On Air

Signal

1) Phase Shift Keying 2) Reudce Crest Factor
3) Adapt to GMSK

Frequency Spectrum

Figure 2.6: Modulation procedure for EGPRS. Creation of the EDGE signal.
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1. Phase Shift Keying
The incoming bits are mapped together so that three bits are
forming one symbol. After that the symbols are Gray coded.

2. Reduce Crest-Factor
The crest-factor is the dynamic, or difference, between the max-
imum and minimum power level. The power level is equivalent
to the envelope,

√
I2 + Q2, in the constellation diagram. Recall

from earlier that the signal may be represented in a complex plane
where the I-part is the real part and the Q-part is the imaginary
part. The envelope, or the complex amplitude, is then described
by the square root formula above. Suppose the sequence 101 011
is to be sent. The transition between the two symbols in the con-
stellation diagram will cross the origin. The IQ-modulator will
change its parameters from negative I and negative Q to positive
I and positive Q. Both values will not be modified in an infi-
nite short period of time. The result is that both values will go
through the origin where the resulting power is zero, hence the
transmitter has to be switched off and on in a very short time, 3.69
µs. Also the fact that power amplifiers are non-linear for small
outputs makes it desirably not to come too close to the origin of
the constellation diagram. This problem is solved by shifting the
whole constellation 3π

8 radians between two consecutive symbols.

3. Adapt to Spectrum
Since both the GMSK and the 3π

8 -8PSK is to be used on the same
channel and under the same frequency spectrum limitations the
spectrum for the 3π

8 -8PSK modulation has to be adapted to have
similar characteristic as the GMSK spectrum. This is done by
a special filter called a linearized gaussian filter. The impulse
response for the filter spans over more than one symbol, so con-
trolled ISI will be present. The controlled ISI is dealt with by
using a filter with a suitable impulse response at the receiver end.
Figure 2.7 shows the impulse response of the linearized gaussian
filter.
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Figure 2.7: Impulse response of the linearized gaussian filter. Spans over
several symbols.

The constellation diagram for 3π
8 -8PSK is shown in Figure 2.8 below.

The major advantage with this modulation compared to GMSK, is that
it is possible to send three bits in each symbol with 3π

8 -8PSK. With
GMSK it is only possible to send one bit in each symbol. Since the
symbol rate is the same no matter what modulation method is used
the theoretical data rate is three times higher in EGPRS compared to
GPRS. However, the increase in data rate bring a major drawback. In
Figure 2.8 below the interval of right detection is marked. Compare this
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right detection
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Q

Figure 2.8: Region for correct detection for 3π
8 -8PSK.

interval with the interval in Figure 2.3. This interval is much smaller
than in the GMSK case, meaning that 3π

8 -8PSK modulation is much
more sensitive to bad SNR. How this is solved is presented in the Data
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Rate section below. In the future the 3π
8 will in most cases be excluded.

When it says 8PSK it is always the 3π
8 -8PSK that is meant.

Modulation Error

The figure of merit for the modulation accuracy in 8PSK is the error
vector magnitude (EVM). The EVM represents the distance between
the measured signal and the perfectly modulated signal, i.e. the length
of the error vector. In Figure 2.9 the error vector together with two
other related quantities, phase error and magnitude error, is shown.

Figure 2.9: EVM

Data Rates

The problem with the smaller interval for correct detection that 8PSK

has compared to GMSK is solved by using 9 different schemes depending
on the SNR that is present over the channel for the moment. The higher
the SNR, the less redundancy has to be implemented in the channel
coding and the higher the data rate will be. On the other hand if there
is a lot of interference on the channel, the SNR will be lower and more
bits to protect the data are needed. Table 2.1 below shows the different
schemes used in EGPRS.
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Scheme Modulation Max Data rate per slot
MCS-9 8PSK 59.2 kbps
MCS-8 8PSK 54.4 kbps
MCS-7 8PSK 44.8 kbps
MCS-6 8PSK 29.6 kbps
MCS-5 8PSK 22.4 kbps
MCS-4 GMSK 17.6 kbps
MCS-3 GMSK 14.8 kbps
MCS-2 GMSK 11.2 kbps
MCS-1 GMSK 8.8 kbps

Table 2.1: Modulation schemes for EGPRS.

2.3.4 Summary

Table 2.2 summarize the facts that has been presented in Section 2.3.

Technology Mode
of Data
Transfer

Modulation Bundling
of Time-
slots

Max Data
Rate per
slot

GSM Circuit
Switched

GMSK 1 Time slot 9.6 kbps

HSCSD Circuit
Switched

GMSK Up to 8 14.4 kbps

GPRS Packet
Switched

GMSK Up to 8 21.4 kbps

EGPRS Packet
Switched

GMSK+8PSK Up to 8 59.2 kbps

Table 2.2: Summary table for different technologies.



Chapter 3

Instruments for
Measuring Power

In this chapter three instruments are presented. It covers the function-
ality of the instruments, i.e. how they work and how different settings
affect the instruments.

3.1 Spectrum Analyzer

It is possible to build a spectrum analyzer by using a number of narrow
frequency-distributed bandpass filters. However, this is in most cases
found to be very unpractical. Instead most of the spectrum analyzers
on the market today can be divided into two different classes: the FFT

analyzers and the Sweep analyzers. The FFT analyzers are based on a
technique where the signal is AD-converted and then digitally filtered.
By using fast fourier transform on the sampled signal and then digital
signal processing the spectrum is obtained.
The sweep analyzers are totaly dominating the market of today and
therefore this section will focus on those kind of RF spectrum analyzers.

3.1.1 Performance Characteristics

The parameters that are important when doing measurements are [10]:

• Frequency range
The frequency range is the range in which it is possible to measure
a signal. It is important to keep in mind that even if the traffic
frequencies for GSM900 are in the vicinity of 900 MHz, one has to
measure spurious and harmonics at frequencies way higher than
that.

21
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• Dynamic range
The dynamic range of an instrument determines how small signals
that may be measured in the presence of a strong one.

• Accuracy
The accuracy is divided into two different accuracies.

- Frequency accuracy
There are several sources that contribute to the frequency
accuracy. Usually it is the sum of all these contributors
that is denoted the frequency accuracy. The frequency error
will increase with increasing frequency, span or resolution
bandwidth (RBW). The frequency error will make the center
frequency deviate from the wanted frequency.

- Amplitude accuracy
The amplitude accuracy is divided into absolute amplitude
accuracy and relative amplitude accuracy. For spectrum an-
alyzers the relative amplitude accuracy is better than the
absolute amplitude accuracy. In Figure 3.1 two signals at
different frequencies are drawn and the difference between
absolute and relative amplitude are explained.

Relative

amplitude

Absolute

amplitude

Figure 3.1: Absolute and relative amplitude.

• Frequency resolution
The frequency resolution determines the ability that the analyzer
has to distinguish between two signals that are close to each other
in frequency. In radio communication this is also called selectivity.
There are three parameters that influence the resolution. They
are the resolution bandwidth (RBW), the shape of the IF filter,
and the phase noise of the local oscillator (LO). The RBW is
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either the 3-dB bandwidth or the 6-dB bandwidth of the IF-filter,
depending on the analyzer. An analyzer with a 3-dB bandwidth
that uses an RBW of 10 kHz and which input consists of two
equally strong signals separated by 10 kHz, will give an output
where the signals are distinguished by a 3 dB dip. If the RBW

is made larger the dip will disappear and it will look like there is
only one signal. On the other hand if the RBW is decreased the
resolution will increase and the two signals will be more visual.
The IF-filter is in most spectrum analyzers a Gaussian filter. In
theory the spectrum of a continuous wave (CW) will have a line-
shaped frequency distribution at the frequency of the wave. Here,
since the impulse response of the filter has a Gaussian shape, the
output from a CW will have a Gaussian shape as the signals in
Figure 3.1. Some modern spectrum analyzers are equipped with
digital filters where the filtering are performed using sampling
and software.
One other thing that will affect the resolution is the phase noise
of the LO. If the phase noise of the LO is too high it will cause
a lower resolution since a high phase noise of the local oscillator
will drown a weak signal next to a strong one.

• Sensitivity
The sensitivity is the required signal level at the input of the
analyzer to obtain a specified signal to noise ratio (SNR) upon
detection. The sensitivity of the analyzer is limited by internal
noise that is generated after the input attenuator, primarily in the
first IF stage. The input attenuator has no effect on the noise, but
a large input attenuation will give a low signal level and hence
the signal to noise ratio will be lower. To get a higher SNR a
moderate input attenuator should be used.
The noise that is generated in the spectrum analyzer is thermal
white noise. White noise has a constant spectral density, i.e the
level of the noise is constant over all frequencies. A change in the
RBW will change the width of the IF-filter and hence more or less
noise will affect the measurement. Mathematically this relation
looks like

Change of noise level (dB) = 10 log
RBWnew

RBWold
(3.1)

• Distortion
The sweep time (SWT) can be seen as the time it takes for the IF-
filter to sweep over the frequency interval determined by the span.
A too short sweep time, a too narrow resolution bandwidth or a
too large span will yield a distorted response on the screen. The
screen will show a signal with loss in amplitude, which is a loss in
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sensitivity, and an apparent widening in the resolution bandwidth
that is a loss in resolution. It can be shown, see Ref. [6], that the
connection between the optimum resolution bandwidth, B0, the
sweep time, T , and the span, S, when the input is a continuous
wave is

B0 =

√
1

2.27
S

T
(3.2)

3.1.2 Functionality

Sweeping analyzers for the RF are traditionally built as a superhetero-
dyne receiver. Heterodyne is related to mixing and super is related to
”super-audio frequency”, which means frequencies above audio frequen-
cies. The block diagram of a spectrum analyzer is shown in Figure 3.2.
The incoming RF signal is attenuated and mixed with a LO signal.
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Pre-selector
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Figure 3.2: Block diagram of spectrum analyzer.

The local oscillator has to be swept over the frequency range. A volt-
age ramp together with a voltage controlled oscillator (VCO) is used
to sweep the LO signal. The voltage ramp is also used to control the
horizontal deflection (x-axis) of the display. The mixing process will
yield the frequency sum and the frequency difference of the RF signal
and the LO signal. The unwanted signal, the sum or the difference, will
be filtered out in the IF filter. In order to get a correct intermediate
frequency several IF stages are used. The IF-filter, whose bandwidth
is controlled via the RBW, is used as a window to filter the IF signal.
After the IF-filter an amplitude detector is located detecting the ampli-
tude of the signal. The output voltage from the detector controls the
vertical deflection (y-axis) of the display.
Mathematically, the process that takes place in a sweep analyzer can
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be described as a convolution. Let f1(τ) be the stationary IF-filter and
let f2(t − τ) be the moving signal, i.e. the RF signal mixed with the
LO signal. The convolution of the two is defined as

∞∫

−∞
f1(τ)f2(t− τ) dτ. (3.3)

Convolution of the two can be interpreted as sweeping the filter over the
signal and multiplying them together at each point. From distribution
theory it follows that

∞∫

−∞
f(τ)δ(t− τ) dτ = f(t). (3.4)

Equation 3.4 shows that convolution with an impulse will give back the
original function. This means that the narrower the IF-filter, and hence
a smaller RBW, the closer the displayed spectrum is to the theoretical
spectrum. For theoretically ideal spectrum analysis the RBW has to
be infinitely narrow. However in practice there are constraints such as
sweep time and span that limits the resolution bandwidth [6].

3.2 Radio Tester

The radio tester is a very complete instrument. It provides the func-
tionality of three instruments; a signal analyzer, a signal generator as
well as the functionality of a power meter.
Figure 3.3 shows a block diagram for a radio tester. The RF signal
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DEMOD

ATT

ATT

RF IN/
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Figure 3.3: Block diagram of a radio tester.
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enters (or exits) the radio tester from right in the figure. After atten-
uation and mixing the signal is demodulated. The demodulated signal
is sampled and processed inside the digital signal processor (DSP). The
DSP contains all the (digital)filtering that is necessary before the result
is presented on the screen.

3.3 Power Meter and Power Sensor

Figure 3.4 below shows the constituents of a power measurement device
that in common speech is called a power meter. It consists of some kind
of sensor, a cord that connects the sensor and the meter, and finally the
actual meter. The basic idea is to let the sensor convert high frequency
power into a DC or a low frequency signal that the meter can measure
and relate to a certain RF power level.

Thermistor

Thermocouples

Diode Detectors

Thermistor

Thermocouples

Diode Detectors

Power Meter
Power Meter

Substituted DC

or low frequency

equivalent

Power Sensor

Net RF power

absorbed by

sensor

Display
Display

Figure 3.4: Constituents of a power meter.

3.3.1 Power Sensors

There are mainly three kind of sensors that are used, thermistor, ther-
mocouple, and diode detector. A brief presentation to each of them
follow here [7].

• Thermistor
In a thermistor sensor the incident RF power will be dissipated in
an element that consists of a semiconductor. The semiconductor
changes its resistance depending on the temperature change that
the RF power causes. The actual thermistor element consists of
a small bead of metallic oxides typically 0.4 mm in diameter with
0.03 mm wire leads.
Since the resistance versus power correlation is nonlinear and
varies significantly between different thermistors, it is not a good
idea to let the measurement depend on the precise shape of these
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curves. Instead a Wheatstone bridge and an amplifier is used to-
gether with the thermistor element as shown in Figure 3.5. When

Figure 3.5: A self-balancing bridge containing a thermistor.

there is no RF power absent the bridge is balanced, i.e. there is
no potential difference between the left and the right side of the
bridge. In the presence of an RF power the thermistor element
is warmed up and the resistance increases. This increase in re-
sistance unbalance the bridge yielding a voltage difference over
the amplifier. The voltage difference results in a decrease in the
DC bias. When the bias current decreases the thermistor will
cool down, increase the resistance and bring back the bridge in
balance. Hence, the power meter measures the change in power
from the amplifier. This change is proportional to the RF power.
In reality two bridges are used, where the second one is present
for sensing ambient temperature that has to be compensated for.

• Thermocouple
Two benefits that thermocouple sensors have over thermistor sen-
sors are:

1. Thermocouple sensors exhibit higher sensitivity than ther-
mocouple ones.

2. RF power in is proportional to DC voltage out.

Thermocouple sensors use the physical phenomenon that when a
metal rod is heated at one end, electrons will free themselves as
a result to the increased thermal agitation. This increase of free
electrons in the heated end will result in a diffusion of electrons
toward the cooler end. The positive ions that are left behind will
attract the electrons with a force that may be represented by a
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electric field. The electric field give rise to a potential difference
between the both ends, creating a voltage source.
A thermocouple sensor uses two such elements that are not con-
nected to each other. Instead a very sensitive voltage meter is
placed between the both elements measuring the net thermoelec-
tric voltage. The voltage change can be related to a change in
the RF power.
The voltage produced by heating the other end is very small, in
the order of µV and therefore several element couples are placed
in series. By doing this the net voltage created by each such
couple is summed up to a larger signal that is easier to sense.
However, it is only the very outer end of this serial connection
that is heated by the RF power.

• Diode Detectors
Diodes use their rectifying properties to convert high frequency
energy into DC. The most common type of diode used is the
low-barrier Schottky diode. The advantage of using diodes is the
possibility to measure extremely low power levels. The square
law region is the region where a diode can be used. This region
can span from 0.1 nW or −70 dBm up to 0.01 mW or −20 dBm.
Figure 3.6 shows the circuite scheme for a diode detector. The
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Figure 3.6: Circuite scheme for a diode detector.

50 Ω matching resistor is the termination for the RF signal. The
bypass capacitor located after the diode works as a low-pass filter
and will remove any RF signal that gets through the diode. The
DC voltage V0 is the output from the diode detector.

3.3.2 Power Meter

The block diagram for a basic power meter, with a diode sensor, is
shown in Figure 3.7. The DC voltage output from the detector is
chopped up and amplified because it is very difficult to transmit the
very low level DC signal without getting undesired thermocouple ef-
fects that affect the measurements. When the signal reaches the actual
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Figure 3.7: Block diagram of a basic power meter.

meter it is further amplified and bandpass filtered. The bandwidth is
adapted depending on the signal and measurement range. The syn-
chronous detector rectifies the signal which is then low pass filtered.
Finally an AD conversion is done on the DC signal equating it to a
certain power level.
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Chapter 4

Methods for Power
Measurement

An aspect that has to be taken under consideration when defining a
calibration method is how to measure the power. There are a sev-
eral different instruments on the market to measure the power of an
GMSK/3π

8 -8PSK burst. In this chapter four of them are compared.
In the first section the instruments are shortly presented. In the follow-
ing sections the instruments are compared to each other regarding three
aspects that are of great importance when deciding what instrument
to use in the output power calibration method. The aspects are:

• Cost efficiency
High volume production may require several measure stations and
hence several measurement devices. In order for the production
to be as cost efficient as possible the price of the equipment is of
great importance. Another important quality is the ability to use
the instrument in other calibration methods than output power
calibration, hence the cheapest instrument is not always the most
cost efficient for the whole calibration and test chain.

• Accuracy
The need for the instrument to be accurate is a matter of course.

• Speed
Time is always important when doing things several times. In a
lab environment it does not matter that much if a measurement
take one second or 10 seconds, but in a manufacturing situation
where hundreds of measurements are done, time is of great im-
portance.
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4.1 The Instruments

Here follows a very brief presentation of the instruments that are com-
pared in this chapter.

Signal analyzer FSIQ7

The FSIQ7 from Rhode&Schwarz is a signal analyzer that is used for
analyzing signals in the time-, frequency-, and modulation domain. In
the modulation domain, the integrated vector signal analyzer provides
diverse measurements on signals with digital or analog modulation.

Universal Radio Communication Tester CMU200

The CMU200 from Rhode&Schwarz is a universal radio communication
tester. It contains both an RF generator as well as an RF analyzer,
hence it can simulate a base station and do measurements on the mobile
station at the same time.

Universal power meter 8541C with Sensor 80401A

The 8541C together with the 80401A (sensor) is a universal power meter
from Gigatronics. Gigatronics uses diode sensors because of their speed
and range. As described in Section 3.3.1 a diode sensor ranges from
−70 dBm to −20 dBm, i.e the square law region of the diode. By
using a built in 50 MHz amplitude controlled oscillator to step from
−30 dBm to +20 dBm in 1 dBm step and to set each step with an
internal thermistor the range can be increased to cover 90 dBm. Due
to this Gigatronics gain both the thermistor accuracy and diode speed
and dynamic range.

Model 2800 RF Power analyzer

The 2800 RF from Keithley Instruments is a dedicated RF power an-
alyzer that is designed to be used in manufacturing. By removing all
unnecessary features one has been able to reduce the price substantially
compared to the CMU200 and the FSIQ7. One disadvantage though, is
the inability to synchronize to a signal. Even though synchronization
is not necessary in power calibration it is in other applications and, as
mentioned above, the ability to reuse an instrument is very important
because of the high investment costs.
This instrument has not been available for testing. But it is a very in-
teresting instrument for power measurement and it is therefore worth
to be mentioned in the thesis.
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4.2 Cost Efficiency

The price of the instrument is of course an important parameter. Ta-
ble 4.1 show the prices, due the end of march 2003, for the different
instruments.

Price: FSIQ7 CMU200 8541C+
80401A

2800 RF

$ 77 250 72 000 2 800 16 000
SEK 670 000 600 000 24 000 135 000

Table 4.1: Prices for the instruments.

4.3 Accuracy

In power measurements it is the level of the signal that is measured.
The accuracy of the instruments hence depends on how accurate the
instrument can measure the level of the signal. Unfortunately, the way
this is presented in data sheets varies a lot between different instru-
ments which does not make it very easy to compare them. One differs
between the absolute level error and the relative level error. The terms
absolute level and relative level were described in Section 3.1.1. Table
4.2 shows the absolute level errors for the instruments and Table 4.3
the relative level errors. The data presented in this section applies for

FSIQ7(modulated
signal)

20 Hz - 2.2 GHz <1 dB

2.2 GHz - 7 GHz <1.5 dB
CMU200(modulated
signal)

+23 ◦C to +35 ◦C <0.5 dB

+5 ◦C to +45 ◦C <0.7 dB
8541C+ 80401A ±1.2% worst case

for one year.
RF 2800(CW) GSM850 ±0.35 dB

GSM900 ±0.6 dB
DCS1800 ±0.4 dB
PCS1900 ±0.6 dB

Table 4.2: Absolute level error for the instruments.

the frequencies that are of current interest for the four bands GSM850,
GSM900, DCS1800, and PCS1900 even though most of the instruments
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FISQ7(modulated
signal)

Mean power (0 dB to 10 dB
below reference level)

0.2 dB

10 dB to 50 dB below ref-
erence level

(0.0325/dB−0.125) dB

CMU200(modulated
signal)

Result >−40 dB <0.1 dB

−60 dB≤ Result ≤−40 dB <0.5 dB
8541C+ 80401A −70 dBm to +16 dBm ±0.02 dB over 20 dB

range
+16 dBm to +20 dBm ±0.02 dB + (±0.05

dB/dB)
−70 dBm to +16 dBm ±0.04 dB

RF 2800 No information

Table 4.3: Relative level error for the instruments

have larger frequency spans than this. For full description of the in-
struments see [12], [13], [8], and [9] respectively.

One of the largest error sources when measuring power is due to mis-
match, i.e. there is not a perfect match in the impedance between two
joints. This phenomenon is always, more or less, also present inside
an instrument, but in this case it is referred to as the voltage stand-
ing wave ratio (VSWR) for the instrument. A larger VSWR will hence
yield a larger error in the reading compared to the actual power level.
Table 4.4 shows the VSWRs for the instruments in this section. The
VSWR is very dependent on the attenuation that is present on the in-
put port, since this attenuator will attenuate the reflected signal. An
efficient way to limit the influence of mismatch is to put an attenuator
on the instruments input. Some manufacturers will even present the
instruments VSWR with an attenuator present. If this is the case it is
given in parenthesis in Table 4.4.

FISQ7(RF Attenuation ≥10 dB) 20 Hz - 3.5 GHz <1.5
CMU200 10 MHz - 2.2 GHz <1.2
8541C+ 80401A 10 MHz - 2 GHz 1.12

2 GHz - 12.4 GHz 1.22
RF 2800
(with input attenuator >4 dB) 1.2
(with input attenuator ≤4 dB) 1.3

Table 4.4: Voltage standing wave ratio (VSWR) for the instruments.
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4.3.1 Repeatability Measurements

Repeatability is an instrument’s ability to measure a constant signal
level over and over again and to always detect that same level. The
more scattered the measured level is the worse repeatability the instru-
ment possess. The quantity for scatter that will be used is the standard
deviation. In order to determine the repeatability a practical measure-
ment is carried out. One thousand measurements are done with the
three different instruments. There is no reset done on the instruments
between the measurements. The purpose with this section is to exam-
ine if the standard deviation in the measurements differ between the
instruments, i.e to test the repeatability. The signal generator is not
perfect, hence there will be some noise in the oscillator. The total level
uncertainty for the signal generator when using digital modulation is
<0.7 dB for frequencies lower than 2.5 GHz according to [15]. Thermal
noise, both in the generator and the measuring instrument, will also
give rise to some deviation in the measurements. Since they all measure
the same source it is likely to believe that the difference in the standard
deviation originate from the measurement procedure.
The input level is 0 dBm and the attenuation in the cables are corrected
for. The cable attenuations are for the signal analyzer -12.3 dBm, the
radio tester -12.4 dBm and for the power meter -15.9 dBm. The atten-
uation in the cables are determent by using a network analyzer.
Figure 4.1 shows the result for the signal analyzer. From where the
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Figure 4.1: Histogram for measurement with signal analyzer FSIQ7.

average offset from the 0 dBm comes from is impossible to tell without
further investigations. It is, however, probably a result of mismatch,
i.e the impedance matchings are not absolutely correct in all joints. A
cable is used between the signal generator and the signal analyzer and
every extra joint give rise to some mismatch. The standard deviation
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for the signal analyzer is 0.324 and this number is the largest of the
three instruments. A possible explanation to the larger deviation and
average offset, is that there are no averaging over the bursts done in this
measurement. The reason for that is that the measurement is done in
the frequency domain instead of the time domain. This measurement is
done by simply measuring the channel power. Averaging over several
bursts in the time domain suppresses the influences from individual
disturbances, hence a smaller deviation is the result.
The result when using the radio tester is presented in Figure 4.2. The
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Figure 4.2: Histogram for measurement with radio tester CMU200.

average offset is smaller than in the signal analyzer case, but larger
compared to the power meter. Also here a cable was used between the
signal generator and the radio tester which can give rise to mismatch.
The standard deviation is 0.171. This is the smallest deviation of all
the instruments, and consequently the radio tester is the best instru-
ment when it comes to measuring the same signal several times.
In Figure 4.3 the result for the power meter is found. There is an at-
tenuator connected between the sensor on the Power Meter and the
T-connector on the signal generator. The attenuator is present to pro-
tect the power meter from too high levels. The attenuator will also
attenuate the part of the signal that is reflected, hence it will reduce
the VSWR and the effects of mismatch. This is why the average in the
power meter measurement is so close to zero. If one inserts an attenua-
tor on each side of the cable in the spectrum analyzer and radio tester
case the average for these measurements will be closer to zero. The
standard deviation is 0.226 which is slightly larger than for the radio
tester.
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Figure 4.3: Histogram for measurement with power meter 8541C.

4.4 Speed

In this section the different methods are compared to each other when
it comes to time required for completion of a measurement. The 3π

8 -
8PSK modulated signal that was measured is the output of a SMIQ06B

signal generator from Rhode&Schwarz. If nothing else is mentioned the
output frequency is 900 MHz. 20 measurements are made in each run
and the times noted are the required time for all 20 measurements. In
each slot a power burst with an 3π

8 -8PSK modulated signal is supplied,
and the data sent is a pseudo random sequence called PN9. Measure-
ments are done with different settings and these settings are presented
prior to each measurement time.

4.4.1 Signal Analyzer FSIQ7

All measurements done with the FISQ7 starts by first reading and set-
ting the parameters1:

Resolution bandwidth = 50 kHz
Video bandwidth = 1 kHz
Sweep time = 100 ms
Attenuation = 30 dB
Reference level = 0 dBm
Amplitude span = 90 dB
Center frequency = 900 MHz
Span = 2 MHz
Number of rounds = 20

1See Section 3.1 for further description of the parameters.
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where number of rounds are equal to the number of power measure-
ments in each set. When a reset is done on the spectrum analyzer, the
above mentioned parameters affect the spectrum analyzer.
In this section the measured power is the channel power of a 14 kHz
wide channel. It is desirable to make a measurement of a 200 kHz wide
channel since that is the width of a GSM channel. Unfortunately this is
not possible due to the fact that not all the features of the analyzer are
implemented to run in a remote mode. The 14 kHz is a default value.
The consequence of this is that the measured time is slightly shorter
than it would have been if the setting of the channel width was possible
to do. This has to be taken under consideration when comparing the
different methods. Since this measurement is made in the frequency
domain there is no averaging over bursts. To get a fair time, a pause
is implemented that is 20 bursts á 546.12 µs = 10922 µs = 10.92 ms
long.

• Measurement without reset
In this measurement no reset is done between the 20 measure-
ments in a set. The nine parameters above are set once each
measurement and then the channel power is measured and printed
out. The measurement times, in seconds, for ten sets with 20 mea-
surements in each set are shown in Table 4.5. The reason that the

7.6 6.7 6.8 6.8 6.7 6.8 6.6 6.8 6.7 6.8

Table 4.5: Time, in seconds, to complete 20 power measurements without
reset.

first time is slightly longer than the other is because the spectrum
analyzer actually has to change the nine parameters in the first
run. In the following eight measurements the parameters are set,
but they never have to be changed.

• Measurement with reset
In this measurement the instrument is reset after each measure-
ment. Because of this it is also necessary to set the amplitude
unit to dBm. This setting requires a sleeping time of 2 seconds
prior to the amplitude unit being set. This can be adjusted for
by subtracting 20 ∗ 2 = 40 seconds to the values in Table 4.6. As
can be seen in Table 4.6 it takes considerable longer time to make
the measurements with a reset between each measurement. Even
if the 40 seconds are subtracted from the values they are much
larger than those in Table 4.5
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1.23,4 1.23,3 1.23,4 1.23,4 1.23,4

Table 4.6: Time, in minutes, to complete 20 power measurements with
reset.

4.4.2 Universal Radio Communication Tester CMU200

The input signal to the radio tester differs from the one used in the
other methods in the way that only six of the eight bursts are active.
The last two, number seven and eight, do not power up. The CMU200

needs two slots, one for the Broadcast Control Channel (BCCH) sig-
naling and the other one to shift between sending and receiving. The
BCCH is used by the BS to inform the MS about specific system pa-
rameters that the MS needs to identify the network or to gain access to
it. The consequence of this is that the CMU200 does not work properly
when using eight slots. Every now and then the CMU200 does not out-
put a value. In the computer program that controls the measurement
this results in a default value (-200 dBm) and that the measuring time
become larger. By using only six or less bursts this is avoided. Since
the method averages over 20 bursts the measuring time is extended by
removing two slots. But each burst, or slot, is 546µs long so the effect
on the measurement time is insignificant.
On the radio tester it is only necessary to read two parameters prior to
measurement. These are

Number of bursts = 20
Number of rounds = 20

where number of bursts is the number of bursts that the power measure-
ment are averaged over, and number of rounds is the number of power
measurements in each set. As in the case with the signal analyzer the
first thing to do in a measurement is to read in the two parameters.

• Measurement without reset
No reset is done between the measurements in this part. Both
parameters above are read once before the first run and they are
set in each run. The time required to make the 20 measurements
is given in Table 4.7 below.

8.3 7.8 7.8 7.8 8.0 8.0 8.0 7.8 8.0 8.0

Table 4.7: Time, in seconds, to complete 20 power measurements without
reset.
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• Measurement with reset
In this case it is necessary to do some settings to the instrument
before the actual measurement can take place. The instrument
needs an external frequency reference for the measurements to be
correct. It is therefore necessary to tell the instrument that this
signal is present. Other necessary settings are the frequency, that
the instrument should be in a non-signaling mode, and finally to
tell the instrument to do a burst measurement. When this is done
the power measurement is activated. All these steps plus a reset
takes place in each of the rounds. The measuring times are as
follow

1.47,8 1.47,9 1.47,8 1.48,0 1.48,0

Table 4.8: Time, in minutes, to complete 20 power measurements with
reset.

4.4.3 Universal Power Meter 8541C with Sensor
80401A

All measurements done with the power meter starts by first reading
three parameters. These parameters are:

Frequency = 900 MHz
Number of bursts = 20
Number of rounds = 20

Number of bursts is the number of bursts that the power measure-
ment is averaged over. Number of rounds is the number of power
measurements in each set.

• Measurement without reset

In this measurement no reset was done between the measure-
ments. The three parameters above were read once before the
first and they were set in each run. The time taken to make the
20 measurements is given in Table 4.9 below.

5.8 5.8 5.8 5.8 5.8 5.8 5.8 5.8 5.8 5.8

Table 4.9: Time, in seconds, to complete 20 power measurements without
reset.
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• Measurement with reset
In the measurement with reset it is, beside the setting of the
three parameters, also necessary to set the trigger to internal and
the measurement unit to dBm. This is done after each reset, i.e
before each power measurement is completed. The time required
to complete 20 such measurements is presented in Table 4.10.

21.5 21.5 21.5 21.5 21.5

Table 4.10: Time, in seconds, to complete 20 measurements with reset.

4.5 Comparison Tables

These tables are intended to be a fast and easy way to compare the
different instruments. The tables only contain the quantities that make
sense to compare and they correspond to the frequencies that are in-
teresting from a GSM point of view. If two or more values are possible
for different cases the best value is chosen. This holds also for the un-
certainty row since the manufacturers choose to present this quantity
in different ways. Nevertheless, it gives a hint on which instrument is
the most accurate. See the sections above or the data sheets for further
information.

FSIQ7 CMU200 8541C+
80401A

2800 RF

Price $77 250 $72 000 $2 800 $16 000
Frequency 20Hz-

7GHz
0.1MHz-
2.7GHZ

10MHz-
18GHz

824MHz-
1980Mhz

Power level −60-
30dBm

−54-
39dBm

−67-
20dBm

−60-
+24dBm

Uncertainty,
absolute level

±1dB ±0.5dB - -

Uncertainty,
relative level

0.2dB 0.1dB ±0.02dB ±0.35dB

VSWR <1.5 <1.2 1.12 1.2
Repeatability
(std.dev)

0.324 0.171 0.226 -

Table 4.11: Fast comparison table of data for the four instruments.
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Table 4.12 shows the results from the time measurements that are
presented in the previous sections. In those sections it is possible to
find all the data on how the measurements were done.

FSIQ7 CMU200 8541C+80401A
Average measuring
time per burst with-
out reset

0.17 s 0.20 s 0.15 s

Average measuring
time per burst with
reset

2.10 s 2.70 s 0.54 s

Table 4.12: Comparison table for the time measurement.

4.6 Conclusion

If one need a cheap, fast, and accurate instrument to measure the power
with the power meter with the power sensor is the obvious choice. How-
ever, one of the main reasons why a mobile station has to be calibrated
is to reduce the interference to other users. In a FDMA system other
users use frequencies at certain offsets from the present user, and in
GSM this offset is 200 kHz. The power level from a user that is allowed
in an adjacent channel is strictly determined by the GSM standard. All
the other instruments has the feature that they can measure the so
called adjacent channel power simultaneously as the in channel power.
The other instruments also have the ability to measure other important
quantities such as the EVM.
The next choice, if the price is the selection method, is the dedicated
RF power analyzer 2800 RF from Keithley. Actually this instrument
is manufactured especially for power calibration of mobile phones and
would hence be the perfect instrument. That is also the case but there
is a problem. The instrument cannot synchronize to a signal. A burst,
whether it is a GMSK or an 8PSK burst, contains a known training
sequence that the base station searches for and synchronizes to in or-
der to be able to pick out the information. In power calibration this
synchronization is not necessary, but there are other calibrations and
testings where that is the case. It is, of course, desirable to minimize
the number of instruments in order to minimize the costs. So the abil-
ity to use only one instrument in all calibrations and tests is of great
importance.
So, now remains only two instruments that basically have the same cost
price. The FSIQ7 is slightly faster than the CMU200 but on the other
hand the CMU200 has a better repeatability. The uncertainty is lower
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for the CMU200 and so is the VSWR. They both support the features
for doing the necessary measurements. The CMU200 is however a more
modern instrument that is based on digital signal processing. Later in
the thesis a function in the CMU200 that makes the measurement of
the 8PSK signal very fast will be evaluated. The CMU200 also contains
a signal generator that makes it possible to set up a call in which the
CMU200 will act as the base station. This is not possible with the
FSIQ7. It is worth mentioning that this is not necessary to be able to
complete an output power calibration. However, once again the ability
to use the instrument for a various kinds of applications is important
when buying something for over half a million SEK.
The overall best instrument is thus the CMU200 and this instrument
will also be used in all measurements from now on.
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Chapter 5

ETSI Standard
Requirements

This chapter presents the interesting parts of the 3GPP standards ETSI

TS 100 910 v8.14.0, which is a standardization document published by
ETSI (the European Telecommunications Standards Institute). This
document covers the requirements that a mobile unit has to fulfill con-
cerning which power levels it may use, i.e. how much power it is allowed
to transmit in order to create as little interference as possible to other
units .

5.1 Output Power

Table 5.1 and Table 5.2 below show the different power classes that are
defined. Power classes define the maximum output power level that a
MS is allowed to produce. The platform examined in this thesis uses,
for GMSK modulation, Power Class 4 for GSM850 and GSM900, and
Power Class 1 for DCS1800 and PCS1900. For 8PSK modulation the
platform uses Power Class E2 for all bands.
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Power
Class

GSM 850 and
GSM 900.
Nominal Max-
imum output
power

DCS 1800
Nominal Max-
imum output
power

PCS 1900 Nom-
inal Maximum
output power

1 30±2 dBm 30±2 dBm
2 39±2 dBm 24±2 dBm 24±2 dBm
3 33±2 dBm 36±2 dBm 33±2 dBm
4 33±2 dBm
5 29±2 dBm

Table 5.1: Power classes and their maximum output power for GMSK

modulation.

Power
Class

GSM 850 and
GSM 900.
Nominal Max-
imum output
power

DCS 1800
Nominal Max-
imum output
power

PCS 1900 Nom-
inal Maximum
output power

E1 30±2 dBm 30±2 dBm
E2 27±3 dBm 26−4/+3 dBm 26−4/+3 dBm
E3 23±3 dBm 22±3 dBm 22±3 dBm

Table 5.2: Power classes and their maximum output power for 8PSK mod-
ulation.
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Table 5.3 and Table 5.4 shows the output power that corresponds
to a PCL. The PCLs are the levels that the BS transmits to the MS

in order to force the MS to transmit with a particular output power
level. When calibrating a MS, the Nominal Output Power-values in
the tables are the target values that are supposed to be matched by
finding a certain combination of the parameters in the MS that control
the output power.

Power Control Level Nominal Output Power (dBm)
0-2 39±2
3 37±3
4 35±3
5 33±3
6 31±3
7 29±3
8 27±3
9 25±3
10 23±3
11 21±3
12 19±3
13 17±3
14 15±3
15 13±3
16 11±5
17 9±5
18 7±5
19-31 5±5

Table 5.3: Power control levels and their maximum output power for
GSM850 and GSM900 modulation.
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Power Control Level Nominal Output Power (dBm)
29 36±2
30 34±3
31 32±3
0 30±3
1 28±3
2 26±3
3 24±3
4 22±3
5 20±3
5 18±3
7 16±3
8 14±3
9 12±4
10 10±4
11 8±4
12 6±4
13 4±4
14 2±5
15-28 0±5

Table 5.4: Power control levels and their maximum output power for
DCS1800 and PCS1900 modulation.

5.2 Error Vector Magnitude

The EVM was described in Section 2.3.3 on Page 19. According to
the ETSI standard ETSI TS 100 910 v8.14.0 the Root Mean Squared
(RMS) of the EVM over the useful part of any burst shall not exceed
9% under normal conditions. The RMS EVM per burst is measured
over a duration of at least 200 bursts.



Chapter 6

System Description &
Restrictions

The first section of this chapter presents the hardware that the power
measurements in Chapter 7 and Chapter 8 are made on. The section
presents the characteristics of the three parameters that controls the
output power. The second section gives a motivation on why the mea-
surements in Chapter 7 and Chapter 8 are done the way they are. Some
restrictions are introduced and these restrictions are justified.

6.1 System Description

Due to the confidentiality the values on the y-axis are removed in most
figures in this chapter. If that is the case it does not make sense to
compare the figures since the scales may differ between them. The
reader simply has to trust the author’s comments.
The hardware is a mobile platform that supports EGPRS. It is a quadru-
ple band platform, i.e it is prepared to support four frequency bands,
GSM850, GSM900, DCS1800, and PCS1900. The platform supports
bundling of four slots in down-link and two in uplink. This gives a
theoretical maximal data rate of 236.8 kbps in down-link for EGPRS

and 70.4 kbps in down-link for GPRS. Due to the fact that the hardware
is under development the PCS1900 band was not accessible for measure-
ments. Other measurements, such as spectral measurements, that are
necessary in an output power calibration method were not possible to
perform either.
Parameter 1 consists of 64 levels and the influence on the output power
that a sweep of parameter 1 have is shown in Figure 6.1. Three dif-
ferent settings of parameter 3 are shown and parameter 2 is constant.
Parameter 1 has a big influence on the output power and for some set-
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Figure 6.1: Influence on output power from parameter 1. Parameter 2 is
equal to 16 and parameter 3 varies. The frequency band is GSM900 and
the modulation is GMSK.

tings of parameter 2 and parameter 3 a sweep of parameter 1 may span
almost 40 dBm.
Parameter 2 may be set to 32 different values. Figure 6.2 shows the
sweep of parameter 2 for three different settings of parameter 1. Param-
eter 3 is held constant for all measurements. Parameter 2, in contrast
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Figure 6.2: Influence on output power from parameter 1. Parameter 3 is
set to 64 and parameter 2 varies. The frequency band is GSM900 and the
modulation is GMSK.

to parameter 1, only affects the output power with a few dBm. Hence,
there is no need to vary parameter 2 since it does not change the out-
put much. However, parameter 2 will affect another quantity, namely
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the EVM1. Figure 6.3 shows the EVM as a function of the values of pa-
rameter 2. In order to get as low EVM as possible a value somewhere
between 5 and 18 should be used. In this thesis parameter 3 will be
set to either 14 or 16. The third parameter will also affect the EVM.
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Figure 6.3: EVM as a function of parameter 2. Parameter 1=32 Parameter
3=64. 8PSK modulation is used.

For simplicity it will also be set to fixed values in this thesis. The
EVM versus parameter 3 is shown in Figure 6.4. To get as low EVM
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Figure 6.4: EVM as a function of parameter 3. Parameter 1=32 Parameter
2=16. 8PSK modulation is used.

as possible parameter 3 should be set to a value between 20 to 60. For
larger values of parameter 1 the EVM minimum will be shifted to the

1There is a correspondence to EVM for GMSK called Phase Error.
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right and the minimum will be around 50. Parameter 3 will therefore
be set to a value around 50 in most of the measurements done. The
third parameter’s influence on the output power is shown in Figure 6.5
below. For small values of parameter 1 parameter 3 has a large impact
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Figure 6.5: Influence on output power from parameter 3. Parameter 1
varies and parameter 2 is set to 16. The frequency band is GSM900 and
the modulation is GMSK.

on the output power but as parameter 1 gets bigger the impact will
become smaller.

6.2 Restrictions

The purpose of this section is to justify the accomplishment of the mea-
surements performed in the following two chapters. When calibrating
a mobile station it is necessary to find combination of the three param-
eters that will give rice to an output power that is as close as possible
to a power level given by either the Table 5.3 or the Table 5.4. This
combination will then be locked to a certain power control level, also
known as a PCL. So, when the base station tells the mobile station
to transmit with, for example, PCL 10, the mobile station will set the
three parameters to the calibrated combination of them. The MS will
now transmit with the output power level that corresponds to the PCL

10, which is 23 dBm in the GSM900 case. This is, as mentioned in the
introduction, the main task of the output power calibration.
One way of doing this is of course to measure all combinations of the
three parameters. This will give rise to 32×64×128 = 262144 combina-
tions. Assuming that each measurement would take half a second. The
overall measuring time would then be 131 072 seconds or 36 hours. If
this is to be done in both modulations, GMSK and 8PSK, and in all four
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frequency bands the total measuring time would be more than 12 days.
Of course it is out of the question to do this for every mobile station
in an assembly line. This whole process was actually considered to be
done, at least for a couple of units. Some values at the upper and lower
limits of the three parameters can be removed, since the power levels
given by these combination are irrelevant, yielding a smaller number of
combinations. The idea was then to try to find some connection that
could be used to calculate the output power instead of measuring it.
The decision was taken not to go into this time consuming process. Not
mainly because the measurements would take a long time but for the
enormous amount of information that would be the result. To find an
appropriate way to present and analyze 200 000 measurements would
not have been an easy task. In order to get a good statistical basis and
to be able to validate any theories it would also have been necessary
to do measurements on more than one unit. This would of course give
rise to an enormous amount of data.
Instead the measurements in the following chapters are done with fixed
values on parameter 2 and parameter 3. The values of parameter 2 and
3 will be chosen such as the EVM is as low as possible. Parameter 1
will be swept over all its 64 values. The main focus is not to find differ-
ent combinations that may be matched with the target values. Instead
focus will be to see if there are ways to shorten the measuring time in
order to find output power levels for the different modulations, and in
the different frequency bands. These power levels may then be used to
match with the target values. This way to only examine fixed values
of Parameter 2 and Parameter 3 is a restriction made for one reason,
time limit of the thesis. The measurements done in the following two
chapters are quite time consuming. But also the fact that if more mea-
surements were done, more information was supposed to be analyzed.
The analyzing, and making of conclusions, also takes up a considerable
amount of time.
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Chapter 7

Different Number of
Bursts for Averaging

This chapter and the next deals with measurements that is done on dif-
ferent DUTs. All power measurements in this chapter are made with a
Universal Radio Communication Tester CMU200 from Rohde&Schwarz.
According to the ETSI standard each power measurement has to be av-
eraged over 200 consecutive bursts. This is done to ensure that a correct
reference power is used. During a power calibration a number of mea-
surements take place. If it would be possible to decrease the number
of bursts to average over the time it takes to make a measurement will
decrease, and hence also the total time for the calibration method. The
section is divided into two parts; the first part dealing with GMSK mod-
ulation, and the second part with 8PSK modulation. The measurement
was done on three different DUTs, here referenced to as DUT 1, DUT

2, and DUT 3. A signal generator SMIQ from Rhode&Schwarz is also
used as a reference, since its output is very close to an ideal modulated
signal. The DUTs were set to send a signal with a constant output
level. The output power is measured 50 times. In each measurement
the output power is averaged over a fixed number of bursts. Then a
new set of 50 measurements takes place averaging over a different num-
ber of bursts and so on. The idea is to study the standard deviation
of the 50 measurements. It is expected that the standard deviation
will increase when the output power is averaged over fewer number of
bursts, i.e. the uncertainty in each measurement will increase.
So, what is meant by averaging over a certain number of bursts? This
is a built-in function in the instrument and what is done is the follow-
ing [14]. Let c be the number of bursts forming one statistical cycle
and let n be the number of bursts that have been measured since the
start of the measurement. At each test point average trace number n
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is calculated from average trace number n-1 and current trace number
n according to the following recurrence

Avg(n) =
n− 1

n
Avg(n− 1) +

1
n

Curr(n) (n = 1, . . . n) (7.1)

7.1 GMSK Modulated Signal

Figure 7.1, Figure 7.2, and Figure 7.3 below shows how the standard
deviation for the random samples varies when using different number
of bursts for average. In this case from 60 to 200 bursts in steps of
ten. The standard deviation is quite constant for all three DUTs. In
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Figure 7.1: Standard deviation for the random samples from DUT 1.
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Figure 7.2: Standard deviation for the random samples from DUT 2.



7.1. GMSK Modulated Signal 57

60 80 100 120 140 160 180 200
0.004

0.006

0.008

0.01

0.012

0.014

0.016

0.018

0.02

0.022

0.024

Number of bursts for average

S
ta

nd
ar

d 
de

vi
at

io
n 

[d
B

m
]

GSM850
GSM900
DCS1800

Figure 7.3: Standard deviation for the random samples from DUT 3.

the three figures, Figure 7.4, Figure 7.5, and Figure 7.6, the number
of bursts are stepped from two to 50 in steps of two. The expected
increase in the variance is very obvious as the number of bursts be-
comes small. The variance that is present when averaging over many
bursts comes from the measurement uncertainty. This measurement
uncertainty consists of white noise that is created both in the power
amplifier step of the DUTs and also in the CMU200 itself. Assume that
the uncertainty at low number of bursts also is normal distributed.
(Even if that is not the fact a normal approximation may be used to
calculate a confidence interval [4].) It is interesting to find out if the
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Figure 7.4: Standard deviation for the random samples from DUT 1.

increase in variance affects the measurements too much. This is done
by creating a confidence interval around the mean values of the out-
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Figure 7.5: Standard deviation for the random samples from DUT 2.

0 10 20 30 40 50
0.005

0.01

0.015

0.02

0.025

0.03

0.035

Number of bursts for average

S
ta

nd
ar

d 
de

vi
at

io
n 

[d
B

m
]

GSM850
GSM900
DCS1800

Figure 7.6: Standard deviation for the random samples from DUT 3.
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put power. The estimate for the mean value m∗ is calculated as the
arithmetic mean value

x̄ =
1
n

n∑

i=1

xi (7.2)

The true standard deviation (σ) for the distribution is unknown. How-
ever the standard deviations for the random samples (s) may be cal-
culated. These are the standard deviations that are shown in the fig-
ures 7.1– 7.6. The standard error (d) is then calculated as

d =
s√
n

(7.3)

where n is the number of measurements, 50 in this case. According to
Ref. [4] the confidence interval for the mean value is given by

Im = (x̄− tα/2(f)d, x̄ + tα/2(f)d) (7.4)

where tα is defined as the α-quantile of the t-distribution and f =
n− 1 = 49 are the degrees of freedom. For a 99% two sided confidence
interval with f=49

tα/2(f) = t0.005(49) = 2.680 (7.5)

The 99% confidence interval shall be interpreted as that 99% of the
measurements will be within this interval. Figure 7.7, Figure 7.8, and
Figure 7.9 show the mean values and their confidence intervals for DUT

1, DUT 2, and DUT 3 respectively. The figures show the GSM900 band
only. See Appendix A for the GSM850 and DCS1800 bands. In Fig-

0 10 20 30 40 50 60
0.14

0.15

0.16

0.17

0.18

0.19

0.2

0.21

0.22

0.23

0.24

Number of bursts for average

O
ut

pu
t p

ow
er

 [d
B

m
]

Figure 7.7: Mean values with 99% confidence interval for DUT 1. GSM900.

ure 7.7– 7.9 the integer part on the vertical axes is removed because of
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Figure 7.8: Mean values with 99% confidence interval for DUT 2. GSM900.
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Figure 7.9: Mean values with 99% confidence interval for DUT 3. GSM900.
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the confidentiality in the absolute values. Despite this the interesting
information in the graphs remains. As can be viewed in the figures,
the measured power will only change a few steps in the second decimal
place. This applies even when the number of bursts that are averaged
over is quite low, despite that the standard deviation for these random
samples increases. (This increase in standard deviation is visible in the
figures with the confidence intervals in the way that the intervals are
getting larger for small number of bursts.) Table 5.3 and Table 5.4 tells
that a fault tolerance of 3 dBm is allowed for most PLCs. A difference
in a couple of hundredths of a dBm is thus well within the tolerance
required by the standard.
Is it possible to be sure that the mean value of the output power is cor-
rect? Apparently, see Figure 7.7– 7.9, the output power will increase
if the number of bursts is larger. In Figure 7.10, 7.11, and 7.12 the
interval from 60–200 bursts are added. Except for the DUT 2 the out-
put power will continue to increase as the number of bursts increase.
The worst error in measuring the power if comparing 2 bursts with 200
is however in the vicinity of one tenth of a dBm. Also when taking
the phenomenon with increasing output power under consideration the
measurement error is well within the tolerance that the standard al-
low. In order to establish the exact reason for this increase in output
power further investigation and measurements is necessary. One possi-
ble explanation is based on the temperature dependence of components.
When delivering power some of the components, e.g. power amplifiers,
on the platform will change their characteristic. This change in char-
acteristic will give rise to a change in the output power. As mentioned
before, this theory has to be further investigated in order for it to be
established.
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Figure 7.10: Mean values with 99% confidence interval for DUT 1.
GSM900.



62 Chapter 7. Different Number of Bursts for Averaging

0 50 100 150 200 250
0.52

0.54

0.56

0.58

0.6

0.62

0.64

0.66

Number of bursts for average

O
ut

pu
t p

ow
er

 [d
B

m
]

Figure 7.11: Mean values with 99% confidence interval for DUT 2. GSM900
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Figure 7.12: Mean values with 99% confidence interval for DUT 3. GSM900
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7.1.1 Conclusion

The conclusion for the GMSK case is that there is no need for the time
consuming averaging over 200 bursts that is required by the standard.
Depending on what accuracy that is needed in the absolute value of
the output power, the number of bursts that is averaged over must be
considered. For higher accuracy the number has to be increased. A
good enough accuracy for power calibration will be met by averaging
over 10–20 bursts.

7.2 8PSK Modulated Signal

In this part the DUTs are transmitting an 8PSK modulated signal. Two
different methods of measuring the signal will be analyzed. The first
measuring method is the same method as in the GMSK case above
whereas the second measuring method takes benefit of a feature imple-
mented in the CMU200. In the second measuring method the CMU200

uses a known data sequence to correct the measured average power of
the current burst and to estimate the correct reference power. Since
no averaging is needed the time it takes to measure the power will be
lowered. Exactly how this works is of course a well kept secret that
Rhode&Schwarz does not want to share with their competitors.

7.2.1 Normal Measurement

The measuring method used here is the same as in the GMSK case
above. The averaging is done as described on page 56. Figure 7.13,
Figure 7.14, and Figure 7.15 show the standard deviation in the 8PSK

case for DUT 1, DUT 2, and DUT 3 respectively. Even in this case the
standard deviation is quite constant all the way down to 60 bursts.
Note however that the standard deviation is slightly larger than in the
GMSK case. This is expected since the 8PSK signal has a variable
amplitude whereas the GMSK signal has a constant amplitude.
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Figure 7.13: Standard deviation for the random samples from DUT 1.
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Figure 7.14: Standard deviation for the random samples from DUT 2.
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Figure 7.15: Standard deviation for the random samples from DUT 3.

As the number of bursts are decreased even further an increase in
the standard deviation is expected also in this case. This is also what
is happening, and Figure 7.16–Figure 7.18 shows that the standard
deviation will increase as the number of bursts that are averaged over
decrease.
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Figure 7.16: Standard deviation for the random samples from DUT 1.



66 Chapter 7. Different Number of Bursts for Averaging

0 10 20 30 40 50
0

0.02

0.04

0.06

0.08

0.1

0.12

0.14

0.16

0.18

Number of bursts for average

S
ta

nd
ar

d 
de

vi
at

io
n 

[d
B

m
]

GSM850
GSM900
DCS1800

Figure 7.17: Standard deviation for the random samples from DUT 2.
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Figure 7.18: Standard deviation for the random samples from DUT 3.
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Before it is possible to come to a conclusion about how many bursts
that are necessary to average over it is necessary to take a look at the
average power. In Figure 7.19– 7.21 the mean values together with
their 99%-confidence interval are plotted. Notice that the integer part
of the y-scale is removed due to the confidentiality. A negative power
is of course not possible. Also note that the scale is different in these
figures compared to the ones for the GMSK case. For two of the three
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Figure 7.19: Mean values with 99% confidence interval for DUT 1.
GSM900.

0 10 20 30 40 50 60
−0.05

0

0.05

0.1

0.15

0.2

0.25

0.3

Number of bursts for average

O
ut

pu
t p

ow
er

 [d
B

m
]

Figure 7.20: Mean values with 99% confidence interval for DUT 2.
GSM900.

DUTs the average power increases as the number of bursts goes up,
just the way it did for GMSK. The increase in power is however not as
obvious as in the GMSK case.
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Figure 7.21: Mean values with 99% confidence interval for DUT 3.
GSM900.

In Figure 7.22– 7.24 the x-axis is expanded to include up to 200
bursts. These figures confirm that, for some units, the output power
will increase as the number of bursts increase.
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Figure 7.22: Mean values with 99% confidence interval for DUT 1.
GSM900.
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Figure 7.23: Mean values with 99% confidence interval for DUT 2.
GSM900.
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Figure 7.24: Mean values with 99% confidence interval for DUT 3.
GSM900.
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7.2.2 Data Compensated Measurements

In this section a built in function in the CMU200 is evaluated. As
mentioned in the introduction to the 8PSK part it uses a known data
sequence to correct the measured average power of the current burst,
and to estimate the correct reference power. This feature depends on
how two parameters are set. The parameters, the interesting combina-
tions of these parameters, and how they will affect the measurements
are presented below.

• Reference Power Mode
The reference power mode determines how the reference power,
i.e the 0-dB line in the measurement diagram, is calculated. This
function decides whether the data compensation is enabled or not.
In normal measurements the data compensation is disabled and
this mode is referred to as current. When the data compensation
is enabled the instrument uses the known data sequence to correct
the measured average power of the current burst, and to estimate
the correct reference power.

• Display Mode
If this mode is set to current the level measurement is done over
the current burst. In average mode each sampling point in the
useful part of the burst is measured the number of times that is
given by the number of bursts to average over. The useful part
of the burst is defined as the 147 useful symbols of the burst.
The average of all those sampling points is calculated and this
value will be the value used to calculate the burst power. For
example suppose that 10 bursts are used as a statistical cycle.
The instrument measures the level at a number of sample points
within the burst. The same points are measured ten times, one
time in each burst. The average of those ten points is calculated
”on the fly” according to Equation 7.1 above.

The different settings in the above modes may be combined in different
ways. The combinations compared are presented below. The term
average power denotes the RF carrier power averaged over the useful
part of the measured burst.

• Current and current
This is the default setting and the one used in the normal mea-
surements above. The reference power is equal to the average
power of the current burst.

• Data compensation and current
The reference power is equal to the data compensated average
power of the current burst. The only difference from current and
current is that the data compensation is enabled.
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• Data compensation and average
The reference power is equal to the data compensated average
power of the average measurement curve, where the average mea-
surement curve is calculated according to the description under
display mode above. Another way to describe this is to say that
the reference power is equal to the average of all data compen-
sated average powers measured up to that moment. Recall the
definition of the term average power above.

• Average (and average)
This setting of the reference power mode is independent of the
setting of the display mode, hence the parenthesis around the
second average. When the reference power mode is set to average
the reference power is equal to the average power of all bursts
measured up to that moment.

In Figure 7.25 and Figure 7.26 the standard deviations from 50 mea-
surements are shown. The number of bursts that are averaged over
are 1, 2, 3, 4, 5, 10, 50, and 200. The standard deviations from the
different settings are shown in Figure 7.25. In Figure 7.26 only the
1, 2, 3, 4, 5, and 10 cases are shown since these are the steps where
something interesting is happening. In this figure the default setting is
not present as was the case in Figure 7.25 (the Current Current dot).
The standard deviation is highest for the default case and lowest for
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Figure 7.25: Standard deviation for DUT 2 and the SMIQ.

data compensated measurement with display mode set to average. This
was expected since the SMIQ has the lowest standard deviation. The
curves where data compensation is used has a lower standard deviation
compared to those where the data compensation is disabled. A bit sur-
prising is however that the standard deviation for the cases ”data com-
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Figure 7.26: Standard deviation for DUT 2 and the SMIQ.

pensation and average” and ”data compensation and current” does not
differ more than they do. Figure 7.27 shows the average output power
and the 99% confidence interval for the cases normal measurement, i.e
current and current, and data compensation and average. The average
power is slightly increased when using data compensation compared to
normal measurement. The difference in power is very small, about 0.02
dBm, so the total error is sufficiently low.
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Figure 7.27: Mean values with 99% confidence interval with Data com-
pensation and average compared with normal measurement.
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7.2.3 Conclusion

The conclusion for this part is that the best thing to do when measur-
ing an 8PSK signal is to use the data compensated mode on CMU200.
This measuring method will give a higher accuracy when the number of
bursts decreases compared to the default method. When the data com-
pensated mode is enabled the display mode should be set to average.
By doing this only a few number of bursts are necessary in order to
get a sufficient accuracy. If one is unable to use the data compensation
feature an average over 10–20 bursts should give a sufficient accuracy
also in the 8PSK case.
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Chapter 8

Offset Theories

The ETSI standard requires that the mobile station is calibrated in all
frequency bands and in both modulations. It is therefore necessary to
somehow find output power levels from the DUT that can be matched
with the target values in the tables 5.3 and 5.4. The most natural way
of doing this is of course to measure the power in both GMSK and 8PSK

as well as in the four frequency bands. Measuring the power is however
a time consuming process. It would be much faster if it was sufficient
to measure one set of power levels and then calculate the others. The
purpose with this chapter is to see if that is possible.

8.1 Offset Between Different Modulations

Figure 8.1 below shows the output power from DUT 1 with GMSK and
8PSK modulation. Except for small and large values of parameter 1
the offset between the both modulations is quite constant. The values
on the y-axis are also in this chapter removed since the confidentiality
has to be considered.
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Figure 8.1: Output power from DUT 1. Parameter 2 and 3 are constant
and the frequency band is GSM900.

As mentioned in Chapter 5, the tolerance for the interesting power
control levels is ±3 dBm in absolute level. Is it possible to choose
an offset value that fulfills this criteria? Based on Figure 8.2 and
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Figure 8.2: Offset between GMSK and 8PSK for DUT 1.

Figure 8.3, if all 64 steps of Parameter 1 are supposed to be used,
the constant that should be added to the output power created by the
GMSK signal is about 1.5 dBm. If the extreme values, i.e the smallest
and the largest, of parameter are not supposed to be used the constant
offset could be chosen slightly higher, since the error over the interested
part would be be smaller. In the future discussion and figures the offset
is however chosen to 1.5 dBm. Calculating the 8PSK output power from
the GMSK case and then comparing the calculated output power with
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Figure 8.3: Offset between GMSK and 8PSK for DUT 2.

the measured is one way of validating this theory. In Figure 8.4 the
absolute value of this difference is drawn. The ETSI standard allows
an error of margin of ±3 dBm. The ±-sign may be exchanged to an
absolute value instead. The curves in Figure 8.4 will never cross the 3
dBm line and hence the calculated value is within the margin of error.
Figure 8.5 shows the same for DUT 2. In Figure 8.3 the function takes
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Figure 8.4: Difference between calculated output power and measured
output power for 8PSK modulation. DUT 1

negative values on the y-axis for some values of parameter 1. This
means that the output power from the 8PSK modulated signal is lower
than the corresponding output power from the GMSK signal. Despite
this the calculated output power is within the margin of error.
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Figure 8.5: Difference between calculated output power and measured
output power for 8PSK modulation. DUT 2

8.1.1 Conclusion

The conclusion for this section is that it is possible to only measure
either the GMSK or the 8PSK modulation and then calculate the other.
In the discussion above the GMSK signal was measured and the power
values for the 8PSK modulation was calculated. It is not obvious to
do it in that order. In Chapter 7 the conclusion was that in GMSK

modulation 10–20 bursts should be averaged over in order to get a good
enough accuracy but in the 8PSK case, when using data compensation,
only 5 bursts were enough.

8.2 Offset Between Different Frequency Bands

The idea presented in this section is basically the same as the one in
Section 8.1. The only difference is that in this section it is the possibil-
ity to find a constant offset between the different frequency bands that
is examined. The idea is to measure the output power in the GSM900

band and then be able to calculate the corresponding output power in
the GSM850 and DCS1800 bands. The modulation will be GMSK in all
cases.
Figure 8.6 shows the typical shape of the output power for different
values of parameter 1. The measurement is done as follows. Parameter
2 and 3 will be kept constant at 14 and 40 respectively. Five measure-
ments are done where parameter 1 is swept from 0 to 63. The mean
value from the five measurements is calculated and will represent the
measured output power set from that particular DUT. Four DUTs are
used. Three of the four sets of measurements will be used as a basis for
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Figure 8.6: Output power for different frequency bands. Parameter 2=14
and Parameter 3=40. DUT 1

calculating the offset. The offset between the GSM850 and the GSM900

bands and the offset between the DCS1800 and the GSM900 are calcu-
lated. These offset values are then applied on the fourth DUT in order
to validate the theory.
How the offset affects the measurements in order to get the theoretical,
or calculated, output power levels is best described in steps.

1. The offset is subtracted from each of the five measurement sets
that exists in the GSM900 band for the fourth DUT.

2. From the five measurement sets one set containing the mean val-
ues of the five sets is calculated.

3. This calculated measurement set is compared to the measured set
of data that exists for the forth DUT. The difference between the
calculated and measured values should not exceed 3 dBm.

In the first run DUT 2–DUT 4 are used as basis for the offset calculation
and DUT 1 will be used for validation. The calculated and measured
output power for DUT 1 are shown in Figure 8.7 for GSM850 and in
Figure 8.8 for DCS1800.
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Figure 8.7: Measured and calculated output power for GSM850. Parameter
2=14 and Parameter 3=40. DUT 1
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Figure 8.8: Measured and calculated output power for DCS1800. Param-
eter 2=14 and Parameter 3=40. DUT 1

The match between the measured and calculated data is very good
in the GSM850 case. In the DCS1800 the measured and calculated power
match well up to a parameter value of about 55. In order to find out if
the match is good enough the difference between the measured and the
calculated is shown in Figure 8.9. The difference is below 3 dBm for
GSM850 and does not cross the 3-dBm line until a parameter 1 value
of 55.
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Figure 8.9: Difference between measured and calculated output power.
Parameter 2=14 and Parameter 3=40. DUT 1

Figure 8.10 shows the output power for DUT 4. Compare this figure
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Figure 8.10: Output power for different frequency bands. Parameter 2=14
and Parameter 3=40. DUT 4

with Figure 8.6 which shows a typical shape of the output power from
DUT 1–DUT 3. The shape of the curves in Figure 8.10 differs some from
the one in Figure 8.6.
The question is if this has any effect on the method used in this section.
The difference between the measured and the calculated output power
from DUT 4 is shown in Figure 8.11. The basis used to calculate the
offset is DUT 1–DUT 3. Note that all of the DUTs in the basis have
a deviant characteristic compared to DUT 4. The error is larger in
GSM850 than in Figure 8.9 and it will become larger than 3 dBm when
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Figure 8.11: Difference between measured and calculated output power.
Parameter 2=14 and Parameter 3=40. DUT 4

parameter 1 passes 50. For the GSM1800 the error stays above the 3
dBm-level for most of the interesting part of parameter 1.

8.2.1 Conclusion

For this section two different conclusions are made depending on the
output power characteristics of the DUTs. If the power characteristic of
the DUT that is used for validation is similar to the ones that are used
in the basis for calculating the offset, the method of using a constant
offset work for all values of Parameter 1 in the GSM850 case. For the
DCS1800 case the method work for Parameter 1 values between 0 and
55. On the other hand, if the power characteristic for the validating
DUT differs from the ones that are used in the basis, the method works
in the GSM850 case up to a Parameter 1 value of 50 but fails in the
DCS1800 case.

The question is what it is that makes it work so good in the GSM850 case
but not in the DCS1800? Of course it is difficult to tell for sure without
doing further investigations of the hardware. But one reason could be
that GSM850 and GSM900 use the same local oscillator and the signal
path from the radio ASIC through the power amplifier and the antenna
switch to the antenna connector is the same in both frequency bands.
This is not the case for GSM900 and DCS1800. The platform supports
one more frequency band except for the ones mentioned earlier in this
chapter, namely the PCS1900 band. Unfortunately the platform did
not perform well in this band, implicating that no measurements of the
output power were possible to do. Since the DCS1800 and the PCS1900
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use the same LO and they both have the same signal path through the
power amplifier and the antenna switch, it would have been interesting
to see if there are the same kind of similarities between these bands,
as was the case between GSM850 and GSM900. If that is the case, a
better working method would be to treat the low frequency bands and
the high frequency bands separately, i.e. measure the output power in
one low and one high frequency band and calculate the power in the
other. The need for measuring would still be halved.
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Chapter 9

Overall Conclusion &
Future Work

This chapter summarizes the conclusions that are presented inside the
thesis and presents suggestions on future work.

9.1 Conclusion Summary

9.1.1 Measuring Methods

In Chapter 4 four different instruments were compared with respect to
cost efficiency, accuracy, and speed. The cheapest of the investigated
instruments is the power meter. However, due to its limited area of
application it will not be an interesting instrument to use in an output
power calibration method. The second cheapest instrument is the ded-
icated RF power analyzer 2800 RF. The problem with this instrument is
that it can not synchronize to the training sequence in the burst. Syn-
chronization is, however, not necessary in the output power calibration.
Nevertheless, there are other part of the total calibration where syn-
chronization is necessary and since each instrument is associated with
a high cost price, the ability to reuse an instrument in all calibrations is
very important. The signal analyzer FSIQ7 failed against the Universal
Radio Communication Tester CMU200 because the CMU200 is a more
modern instrument and has a wider area of application.

9.1.2 Different Number of Bursts for Average

GMSK Modulated Signal

The ETSI standard requires that when measuring the output power it
should be averaged over 200 bursts. In Chapter 7 it was stipulated
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that it is not necessary to include that many bursts in order to get a
good enough accuracy. It was however found that the absolute value of
the output power varied slightly depending on how many bursts that
were included in the averaging. Despite this a sufficient accuracy was
obtained when 10–20 bursts were included.

8PSK Modulated Signal

The ETSI requirements concerning the number of bursts that should
be used, are the same as for the GMSK case above. In Section 7.2 two
different methods for decreasing the number of bursts are examined.
The first one is the same method that was used for GMSK and the
second one takes advantage of a feature in the CMU200 where it uses
a known data sequence to correct the measured average power of the
current burst and to estimate the correct reference power.
In the first method, which was carried out exactly as the method for
GMSK above, the conclusion was that 10–20 bursts is enough. The
standard deviation was found to be slightly higher for 8PSK compared
to GMSK. This is expected since the 8PSK signal has a varying envelope,
as described in Section 2.3.3. In the second method it was found that
with the data compensation mode enabled only about five bursts were
necessary to include. The setting of the display mode to current or
average did not have that much effect on the standard deviation. This
second method is also superior to the first one.

9.1.3 Offset Theory

Offset Between Different Modulations

In this section the offset between GMSK and 8PSK modulation was
examined. The aim was to see if it is possible to only measure one of
the modulations and then calculate the other. The conclusion is that
this is possible, while still keeping the necessary accuracy.

Offset Between Different Frequency Bands

In this section the focus was on the possibility to find an offsets between
different frequency bands. The goal was to measure the output power
in the GSM900 band and then calculate the power in the GSM850 and
the DCS1800 bands. Two different conclusions were made depending on
the output power characteristic of the DUT that is used for validating
the computed offset. If the validation DUT had a similar characteristic
as the the ones that were used in the basis for calculating the offset, the
method of using a constant offset worked for all values of Parameter
1 in the GSM850 case, and up to a Parameter 1 value of about 55
in the DCS1800 case. On the other hand, if the DUT that was used
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for validation of the computed offset had a deviating output power
characteristic compared to the ones used in the basis, the method of
using a constant offset worked in the GSM850 up to a Parameter 1 value
of 50 but failed in the DCS1800 case.

9.2 Future Work

The most important thing to do in order to further validate the the-
ories and methods presented in the thesis is to do measurements on
more DUTs. By doing this, several of the present question marks could
be straightened out.
As mentioned a few times in the thesis, the PCS1900 band was not
available for measurements since the platform is under development. It
is, anyhow, necessary to include this band in the calibration methods.
How will this affect the methods examined? Will the output power
characteristics be similar to the DCS1800 power characteristics, and
will it be possible to get a better result if the DCS1800 band is used as
basis for calculating the power characteristics in the PCS1900 band?
More combinations of parameters 2 and 3 can be examined. It is pos-
sible that the restrictions done are too tight. Changing one or both of
the parameters can affect the output power in a way that is destructive
for the methods.
When choosing the values of Parameter 2 and Parameter 3, there are
some spectrum regulations that must be considered. As mentioned in
the introduction, one of the reasons for calibrating a MS is to minimize
the interference to other users. In order to test this, one looks at the
spectrum that the MS causes when transmitting. There are certain lim-
its specified by ETSI at certain frequency offsets from the carrier that
must be met. The spectrum analysis was not possible to perform due
to the same reason that no measurements were possible in the PCS1900

band, i.e. the platform is not completely developed. In the future,
however, this must be considered.
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[10] P Malmlöf. Rf measurement technology. Ericsson Radio Systems
AB, Sweden, 1999. Course material, Ericsson Radio System, Swe-
den.

[11] A. Mashhour. Understanding offset 8-psk modulation for gsm edge.
Microvawe Journal.

[12] Rhode&Schwarz GmbH & Co. KG, Munich, Germany. Signal An-
alyzer FSIQ – Data sheet, pd 0757.4160.25 edition.

89



90 References

[13] Rhode&Schwarz GmbH & Co. KG, Munich, Germany. Uni-
versal Radio Communication Tester CMU200 – Data sheet, pd
0757.4318.25 edition.

[14] Rhode&Schwarz GmbH & Co. KG, Munich, Germany. Universal
Radio Communication Tester CMU200 – Manual.

[15] Rhode&Schwarz GmbH & Co. KG, Munich, Germany. Signal Gen-
erator SMIQ – Data sheet, pd 0757.2438.27 edition, 7/2002.

[16] Mobile Streams. ”yes 2 gprs” white paper. internet, February
2001.

[17] S M.Redl M K.Weber M W.Oliphant. An introduction to GSM.
Artech House, Boston, MA, USA, 1995.



Acronym List

This is a list of the acronyms that are used in the thesis. If a page
number is listed it refers to the page where a closer explanation of the
expression may be found.

ASK Amplitude Shift Keying, see page 10.
BCCH Broadcast Control Channel, see page 39.
BS Base Station
CPM Continuous Phase Modulation, see page 10 .
CW Continuous Wave, a sine or cosine wave
dBm Decibel relative to 1 mW
DCS Digital Communication System. Digital mobile

net that uses the 1800 MHz frequency band. The
system is mainly used in Europe and Asia.

DL Down link, see page 12.
DSP Digital Signal Processor
DUT Device Under Test
EDGE Enhanced Data (rates) for GSM Evolution or En-

hanced Data rates for Global Evolution, see de-
scription for EGPRS.

EGPRS Enhanced GPRS, see page 15.
ETSI European Telecommunications Standards Insti-

tute
EVM Error Vector Magnitude, see page 19.
FDMA Frequency Division Multiple access, see page 12.
FFT Fast Fourier Transform
FSK Frequency Shift Keying, see page 10.
GMSK Gaussian Minimum Shift Keying, see page 11.
GPRS General Packet Radio Service, see page 14.
GSM Global Systems for Mobile communications, see

page 14.
HSCSD High Speed Circuit Switched Data, see page 13.
ISI Inter Symbol Interference, see page 11.
ITU International Telecommunication Union
kbps Kilo bits per second
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MS Mobile Station
MSK Minimum Shift Keying, see page 10.
PCS Personal Communications Service. Digital mo-

bile net that uses the 1900 MHz frequency band.
The system is used in USA, Canada, parts of
Latin America, Australia and Africa.

PSK Phase Shift Keying, see page 10.
8-PSK 8-Phase Shift Keying, see page 15.
QPSK Quaternary Phase Shift Keying
RBW Resolution Bandwidth, see page 22.
RF Radio Frequency (9 kHz to 300 GHz)
SNR Signal to noise ratio
SWT Sweep Time, see page 23.
TDMA Time Division Multiple Access, see page 13.
UL Uplink, see page 12.
VSWR Voltage Standing Wave Ratio



Appendix A

Plots for GSM850 and
DCS1800 for Chapter 7

This Appendix shows the mean values and their belonging confidence
intervals for the GSM800 and DCS1800 bands. The modulation is GMSK
for all figures. In Section 7.1 the figures for the GSM900 band are pre-
sented. The theory that the mean value of the output power decreases
as the number of bursts decreases that was presented in Section 7.1
seems to hold for GSM850 as well, at least when the number of bursts
is less than 50. This case is shown in Figure A.1–Figure A.3 for DUT1–

DUT3.
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Figure A.1: Mean values with 99% confidence interval for DUT 1. GSM850

band.
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Figure A.2: Mean values with 99% confidence interval for DUT 2. GSM850

band.
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Figure A.3: Mean values with 99% confidence interval for DUT 3. GSM850

band.
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Figure A.4, Figure A.5, and Figure A.6 show the mean values for
the DCS1800 band. In this case it is not obvious whether the mean
value increases or decreases as the number of bursts decreases. In any
case the mean values that may be adopted varies only a few steps in
the second decimal place, so the conclusion is the same as in for the
GMS900 case in Section 7.1.

0 50 100 150 200 250
0.4

0.45

0.5

0.55

0.6

0.65

Number of bursts for average

O
ut

pu
t p

ow
er

 [d
B

m
]

Figure A.4: Mean values with 99% confidence interval for DUT 1.
DCS1800 band.
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Figure A.5: Mean values with 99% confidence interval for DUT 2.
DCS1800 band.
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Figure A.6: Mean values with 99% confidence interval for DUT 3.
DCS1800 band.
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