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SASTRACT (UNCLASSIFIE)

In a multipath communications environment, which Is oftenl found in urban areas, trnmsinof
information is difficult due to self-interference. This self-interferenice may result in signal supVreasion And
intrymbol interference. Knowledge of the parameters that characterize the radio channel, can be used to
feed an adaptive equalize or frequency managemnent system, in order to mrintimize these disturbing effect.

in this report a measurement system, to measure the characteristis of radio paths in a mutipathi channel, is

described and measurement results are given.

The rmsurement syste uses Pseudo,-Noise Spread Spectrum modulation and Operates in the VHF-band
(30 -70 MHz). A carrier, BPSK modulated with the Pseudo-Noise signal at a rate of I Mchip/s, is used to

sound the radio channel

The characteristics of the different radio paths: relative amplitude, RF-phase and delay-time. IM "culate

from the coherently received signaL

The accuracy of the measurement system has been determined and is: 2 dB for the- amplitude. 50 for the RP-
phase and 20 us for the delay-time.
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With the system measurements have been performed in a controlled multipath environment in the laboratory

and in the field in different types of terrain. The controlled mulkipath results are presented in this report, the

analysis of the measurements performed in different types of terrain will be presented in (Vriens, 1991].
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Radio kanaabmetingen door middol van een Ireedbandig Pseudo-Noiae signaai

(meetopstelling en vezwerking van de meefteaultaten).

au~w~s) : r. L.AM. Vriens, Ir. GJlM. Janssen

k~dtzmtFysisch an mektramisd Laboratorum TNO

daum juni 1991

Ondmsak uigeverd o.lv.

SAMENVA7TING (ONGERUBRICEERD)

In emu omgeving met neerweg radiopopgatie, zoala yaak in stedehjke omgevingen voorkorat, wordt bet
verzenden van nformatie bemoeilk door zeli-intemuete. Dezo zeif-interfemonti kan resukeme in
aign on .dr ig en intersymboolinterfene. Indien de parameter die bet radiokanaa) karakteme
bekend zijn, kan deze infonmatie warden gebnuik voor het atmren van emn adaptief egalisaziefiher of em
frequentiomnagement systeem am zo de negatieve effecten to, minimliern

In dui rappot wotdt emonmeeta"tem beachrv wame do karakteritioe van radiopaden in en
meerwegomgeving kunnen warden ganeten. Tevens warden zneelrultaten gegeven.
Het meezaysrem mobk gebniik van "Pseudo-Noise Spued Speamn modulate en werki in do VHF-bad
(30 -70 Mfz). BEm dragglf BPSK gemoduleed met hoet "Pseudo-Noiae-sgmaal (miet en chip-rat van
IMchip/s), wardt ala zendsignasi pebuikL
De kwakmeraiken van de verachllende radiapeden rejatieve ampblde, RF-faae en verbagingsid knn
niit bet coherent aetvangen signami warden betekend

DO nawkmuigheld van het nfietssysrm is bePsald, en is:2 dB voar de amplitude, 50 voac de RF-Ase an
20 ns voar do veruagingajd.
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Met bet systeem zijn metgen uitevoerd -a een geconuleer mwweg omeving in bet laborrm en

in bet veld in vemshilnde typal terein. De resukate van de gecontoleerde erweg ongeving worden iii

dit rappor gegeven. De aralyse van de metingeni uitvoerd in veachilesde tMpe tein, ='I=e in [vrien,

1991] wardeni gepresenteerd.
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INTRODUCTION

In todays communications the role of mobile communications is increasing rapidly. In a mobile

communications environment however, the transmission channels are not optmum; operation has

to be performed in a more or less severe multipath environment and among other interfering

signals.

Propagation of radio sigals between a transmitter and receiver strongly depends on the geometry

of the radio channel environment When multipath propagation occurs (which is caused by

different mechanisms as: reflection, diffraction and scattering), the desired signal in general

reaches the receiver via more than one propagation path. Due to the occurring differences in

amplitude, delay-time and RF-phase of the different paths, the received signal will be strongly

distorted or extinguish totally at certain frequencies, which makes communication difficult or

impossible.

When the multipath cha c m known, this information can be used to counteract these

negative effects.

For high data rate digital transmission systems (e.g. trunk connections) the multipath information

can be used to feed an adaptive equalizer.

For narrow band operation the multipath information can be used to calculate the frequency

response of a mulipath channel in order to choose the optimum frequency. For proper operation

of the adaptive equalizer and in order to choose the optimum frequency, accurate channel

information is necessary on relative amplitude, RF-phase and delay-time of the occuring

multipath signas

In this report a channel measurement technique is presented which makes it posible to measre

the complex amplitudes and delay-tmes of the radio signals wiving via diM ent propagation

pth. The meaumnt system is designed to operate in the VHF (Very High requ n;y) band

from 30 -70 MHz. The radio channel i sounded by means of a broadband Pseudo-Nois (PN)

sigpaL At the eceiver side, the complex amplitude and delay-time of the dtffuret paths can be

d i by means of sfiwae iniplemened coeato techniques.
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The measurements to be performed with the presented technique serve the following goals:

- To determine the statistical characteristics of the mukipath radio channels (delay-time,

amplitude) for different terrain types;

- To investigate the possibility of using multipath characteristics to feed an adaptive equalizer

in high rate data links;

- To investigate the possibility of using mulipeth characteristics for evaluating the narrow-

band communication possibilities over a wide frequency band.

In this report the following items will be discussed.

- In chapter 2 the model of the multipath radio channel, as used in this report, is defined.

- In chapter 3 different principles of channel measurement techniques are discussed and the

broadband channel measurement technique, as used here, is described.

In chapter 4 the Pseudo-Noise measurement technique is described in more detail.

In chapter 5 the processing of the received signal, which has been implemented in software,

is given.

In chapter 6 the accuracy of this technique is investigated.

- In chapter 7 the analysis of the narrow band frequency response of the communication links

under consideration is described.

- In chapter 8 the results of tests in a simulated multipath environment are discussed.

- Finally conclusions and recommendations are given.

Results of the measurements which have been performed in different types of terrain, will be

presented in [Vriens, 1991].
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2 DEFINITION OF THE RADIO CHANNEL

Very often, especially in an urban environment, the propagation of radio signals between 2 points

takes place via different paths; a direct path and wne or mocre indirect paths. This is called

multipath propagation. In figure 2.1 a inultipath situation is sketched.

Fig. 2. 1: A schematic view of amultipath channel

Diftereiit propagation effects that may play a role are: reflection, diffraction, delay-time, signal

attenuation, etc.

When the radio channel consists of only one pith, the radio siga is only attnuatd and delayed.

When the -rasfe function is freqnucy independent, no distortion will occur. However, in a

-udpt situation -euec deedn constuctive and destructive Jiumernce will occur due
to summiton Of difeet tenuated and delayed signal components. This may cause ser

signal distorion or eve total extinction of the signal.
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When the mulipath channel is known accurately over a broad frequency range, measures can be

taken to improve communication possibilities. In broadband communication systems the
distorting muldipath effects can be compensated by using equalization. For narrow band systems
optimum frequency selection, with maximum power transfer (constructive interference) is

possible.

In multipath propagation a number of different mechanism play role. When all these mechanisms

are taken into account, the description of the radio channel will become very complicated.
Therefore a number of assumptions will be made for the model of the multipath radio channel that

will be used throughout this report:
1. The multipath channel is a time independent radio channel. This is a valid assumption for

communication systems with non-moving transmitter and receiver.
2. For a single path, propagation is assumed to be frequency independent. This means that

attenuation and delay-time are assumed constant as function of frequency (no dispersion).

This assumption results in a mayor simplification of the modeL In practice, however,
attenuation varies as 201og() with frequency. But for bandwidths within 10% of the canrier
frequency it is a reasonable assumption.

3. The change of the RP-phase on different propagation paths as function of frequency, is only

caused by the differences in path length (or delay-time).
4. To limit the number of paths in a practical multipath situation, only propagation paths with

less than 30 dB attenuation, when compared to the strongest signal, are assumed to have a
significant effect on the total channel response.

Based on these assumptions, the multipath channel can be modelled as the impulse response with
complex transfer function t), which is the sum of the sub-transfer functions belonging to every

single paI

N N
h(t) h i m - Ajxp(j~j') 8(t-ji) (2.1)

Where Ai is the amplitude, i is the R-phase shift due to reflection (in order to distinguish it
fron the phae shift due to the path delay-time %i), mad Ti the delay-time of the ith path. G(vt-) is
the Dirac impulse function at instant i. N is the number of relevant mitipath dhumxels.
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When the complex transmitted and received signals am indicated as s(t) and r(t) respectively

(with real parts sr(t) resp. rr(t) and imaginary parts si(t) resp. ri(t)), the signal arriving at the

receiver for this type of channel is given by rr(t):

rr(t) - Real{s(t) * h(t)) (2.2)

N
- Real( £ Ai exp(j~i') a(t-Ti ) }i-1

which is the sum of attenuated, phase shifted and delayed versions of the original transmitted

signal. Every single path propagates the signal undistorted.

If (2.2) is analysed it follows that the received signal is completely determined by the relative

amplitude-, RF-phase- and delay-time values of the different paths in the multipath channel.

Knowledge of these parameters allows a perfect prediction of the radio channel

Theoretically this is true, however, in practice these parameters can only be determined with

limited accuracy.

It will be shown that (with respect to the delay-time accuracy) for a good frequency response

prediction over a reasonable bandwidth, it is sufficient to know the relative delay-time values with

limited accuracy, when the relative RF-phase values of the multipath components ame known

accurately.

IQ

A
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3 CHANNEL MEASUREMENT TECHNIQUES

Several measurement techniques exist to determine the multipath characteristics of a radio

channel. These multipath characteristics are the number of relevant paths from transmitter to

receiver and their respective amplitude, RF-phase and delay-time differences, as discussed in

chapter 2. All paths together form the radio channel with impulse response h(t):

N N
h(t) - hi(t) - Aiexp(ji') 8(t-Ti) (2.1)

i-1 i-1

In order to measure the multipath characteristics of the radio channel, a number of techniques are

available. In all these techniques the radio channel is sounded by a carrier signal, modulated with

a specially chosen waveform, which makes it possible to distinguish the contributions of the

different paths in the total received signal. In the following three broadband modulating

waveforms will be discussed briefly:

Pulse modulation,

- Frequency chirp wave modulation,

- Pseudo-Noise modulation,

3.1 Pulse modulation

With this technique a pulse of very short duration, modulated on a carrier signal, is transmitted.

The complex transmitted signal can be indicated as:

at) - P(t)exp(j ct) (3.1)

with:

- c is the carrier frequency

P(t) is the amplitude modulating pulse signal; P(t) - U(t) - U(t-zp)

U(t) is the unit step function

% isthe duraion ofthe pule.

The actual transmitted signal is now:
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Sr (t) P P(t) Cos (Qct) (3.2)

With (2.2) it follows for the received signal:

N
rr (t) = Real( Ai exp (j$1 ') P (t-ri) eXP (j4DC(t-Ti) (3.3)

in the ideal case, this pulse has an infinitely short width and therefore occupies infinite

bandwidth. If we assume that all paths have infinite bandwidth, for each path a similar response is

received. The received signal may look like figure 3. 1. From this figure the parameter values for

the relative amplitude and delay-time can directly be derived.

75

time (us)

Fig. 3.1: Possible pulse response in case of 4 pat

In practice, however, several problem arise to implement this technique.

First we cannot generate a pulse with infinitely short duration. Consequently, two paths may have

a dclay-dififeenc leS than the Pulse duration uxd received pulses will interfere. In figure 3.2 this

situation is depicted in case two path responses interfere It takes more effort to separate the path
delay-times of these pulses.
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/N\

time (us)

Fig. 3.2: Pulse response overlap due to multipath interference

In practice, the pulse will have a duration in the order of 1 microsecond. The pulse is rectangular
and modulates a carrier at a certain frequency in the VHF-band. Depending on the exact pulse

shape and duration, the pulse occupies a bandwidth of several megahertz, centred around the

carrier frequency.

The second problem concerns the transmitter. Since the transmitted pulse has a very short

duration, a large amount of energy ,mst be concentrated in a very short time, in order to achieve a

good signal-to-noise ratio at the receiver. Therefore, a very large peak power must be available at

the transmitter. This puts high demands an the power amplifier of the transmitter.

The third problem with this technique concerns the receiver. Since most of the time only noise
and no sinal is present, the receiver must have a arsge dynamic rmap to procea the unexpected
puse. Furthermore, the duration of the pulse makes it imposible to receive the sin l coherently.

Hence no phase mformatim is detected and only the energ of each path instead of the complex

amplitude can be determined.

s1.



Tho mpap

16

3.2 Frequency chirp wave modulation

In this technique the transmitted signal is a carrier signal, which is periodically swept in

fr-equency fi-r m to ae.m. The complex transmitted signal can be written as:

a (t) - exp (j (amir + At/2) t) (3.4)

with:

& is the sweep rate (to. - o)T~ [rads 2j
- T is dhe sweep duration.

The signal arriving at the receiver is now:

N
rr(t) - Real( Z jx (ii1 xp( mi + A (t-11j)/2)

When this signal at the receiver is demodulated with a carrier signal with the same sweep rate
(e.g. the awnsmitted signal), this results in the signal component:

N
rrdem(t) - Real( y AjOXP(i$±')exp(i(- n,,CiAt,,i+A&. 2 /2))) (3.6)

It is easily shown that the frequency difference between a multpath component and the actua

transmitted frequency depends on the delay-time %j For the ith signal the frequency difference is

-Axi, which is always smaller than the actual transmitted freuency.
In case there is only one path, one time-delayed vermin of t &Musmittd signal ja reMCeied

Because of the huquency sweep, the delay-time corresponds to a certain fiequency-decreaae. Due
to multipth effets signals with diferent frequencies arrive at the receiver with different
amplitude A,. because the different pah hawe different amplitude trnser functions.
Each frequency component of the Man signal corresponds with a path delay-time. The frequenc
differences con be Converted to delay-time, differences of the different put by.
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- -(e 2 -f. 1 )/A(3.7)

Now from the frequency spectrum of the received signal the number of paths (sigal

components), thirk delay-time and attenuation can be determined. In figure 3.3 an example in case

2 paths with delay-time difference n7r am received, is shown.

Cr

LA-

0 TiT2

FMg. 3.3: Frequency chirp wave modlation

Since no coherent detection can be applied, no phase information, is available As for the

broadband pulse measurements, only the energy of chbfrequency peak can be dtanmed. But

as distinc Aram the broadband -us mesaaraentof no special pow rqIreIen for the
transmitter am necesaray. Although the measurement occupies a wide frequeny bead, the

instantaneous received and demodulatied signal as a amn of narrow-bead components whc
enegy can be integrated over a sweep period. 7berefmu it is not necesarey to Ua at St Yq

high power level to achieve a reasonable signal-tonoie ratio at the receiver.
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3.3 Pseudo-Noise sequence modulation

This technique is very close to the broadband pulse modulation technique as described in 3.1.

However, two important problems are solved.

Instead of one pulse, a sequence of pulses is transmitted on a constant frequency. By cosrelation

techniques, the responses of many pulses can be summed into one single pulse. This is possible

because of the properties of the pseudo-noise sequence.

From the resul after correlation the delay-times of the different paths can be determined, simir

to the result obtained with the broadband pulse measurement technique. However, no high power

transmitter is needed and by using a reference carrier signal at the transmitter frequency, coherent

detection is possible so that the amplitude as well as the RF-phase of each path can be measured.

Only the problem of pulse-interference caused by finite pulse-duration is still left.

Another advantage of this technique concerns the data processing. The received signal is a

relatively long time-continuous signal which can easily be A/D-converted and stored on disc.

Instead of real-time processing, the data can be processed at later instants. TIs makes it feasible

to do more complicated data processing.

As modulating waveform for the measurement system, this PN-sequence modulation has been

chosen, because it has the following advantages over other waveforms:

1. The transmitted signal is a low power signal.

2. The received signal is easy to detect coherently, which makes it possible to measte also the

RF-phase differences between different paths.

3. This waveform is very useful for digital processing.

This technique will be described in more detail in the next chapter.

It will be shown there that PN-sequence modulation offers the principal possibility to regain the

desired path parameters.

[I
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4 PSEUDO-NOISE SEQUENCE MODULATION AS CHANNEL

MEASUREMENT TECHNIQUE

PN-code sequence modulation is a kind of direct sequence spread spectrum modulato [Dixon,

1976].

In this chapter the properties of a specific class of PN-sequences, Maximum Length (ML)

sequences, are discussed and the usefulness of PN-sequences as channel sounding waveform is

shown.

Further, the measurment system and the design of the transmitter and receiver systems ae

described.

4.1 Theory of Pseudo-Noise sequences

The broadband channel measurement technique is based upon the correlation properties of the

Pseudo-Noise (PN) sequence. The PN sequence consists of code bits, also called chips, whith
assigned discrete values [-1, 1]. The length of a code chip is T0, and Rc - ifTc is called the chip

rate.

The length of the sequence is K chips, after which it repeats itself again. The repetition time of the

PN-sequence is Tr = KTc.
There ae different kinds of PN-code sequences. We have chosen for a Maximm Length code,
which has some interesting properties for the use as channel sounding wavefo m
1. It is easy to generate a Maximum Length (ML) code sequence.
2. The auto correlation has a well defined maximum value, which is reached within 2TC,

elsewhere the auto correlation functiom has a constant low value.

4.1.1. A practical implemtazion to gente a PN-8quence
One popety of a Maxin Length PN-sequence is that conscutive bits of the sequenc ae
fomed out of the laM L bit This relationship holds even after the last bit of t e.g. the
sequea starts ove apin. Ibis type of PN sequences cm be nmatd with a shift register
generator. This ganerar consists of a numb of shift regiuls for ic, ag amd shifting, and a
numbe of modul 2 dd s called tps. FIgure 4.1 shows a shift regiWer g of lngth L=10

with oe tap [Hom 1962.

ii
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b k-1 k-2 bk-3 bk-4 bk- 5 b k-6 b k-7 b k- 8 b k-9 bk-lOb

Fig. 4.1: Shift register generator for generating an UL PN-sequence

The output of the modulo 2 adders is fed back to the first stage of the shift register. Each clock

pulse transfers the contents of sage j to stage j+l. The shift register sequence is defined to be the

output of the last stage. The sequence is completely determined by the shift register length, the tap

configuration and the initial contents of the shift register. The actual contents of the shift register

ak.1 ak.2 .. ak-L is referred to as the state of the system. We can describe the generated sequence

by the fundamental linea recursion relation, relating the feedback sequence element ak and the

contents of the register:

ak - c 1 ak.1' c 2 ak_2@ ..0 cL ak-L (4.1)

where ci a 10,I) denotes the feedback relatiom. The symbole stands for modulo 2 addition. The

values aL aL- .. a I ae termed the initial conditions.

For these shift register generators, all posaible states except the all-zeto state occur during

sequence r
This special POup of sh"t register genr me caned a Maximal Length sequence generu r
because the length of he sequence equals the maximal n Inb of differnt states except the an-
zero state. Note that the all-zero stats generates a sequene of length 1. and is transered afer

each clock pulse into itself again. For a shift register of leng1h L, a maximal length sequec has

length K with

K - 2L -1. (4.2)

.iI
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4.1.2 Definition of the muto-correlation function

To describe the correlation Iropetie of fl,-sequences we define both the continuous auto-

correlation function R(t) and the discrete autorelsio function R(m).

The continuous R(v) auto-correlation function is given by:

KTc
R(~T) - (lIKTC) I PN(t)PN(t-')dt (4.3)

0

The value of this function is [Holms Dixon]:

R (T -K1ITI/KTC for ITI < T 44
-1/K for ITI > T

So there is only one biangular correlation peak with width 2Tc; elsewhere the correlation, is

constant with value, -1/K. A drawing of this function is given in figure 4.2.

.EL

Coft

Fig. 4: Condootis Put rildo VY~.q..
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The discrete auto-correlation function R(m) is slightly different. Let the symbols b, of the

maximal length sequence be bi = -1 or bi = I i = 1,2, .. K and define modulo 2 addition

according to:

-10 -1 - 1 (4.5a)

1, 1 - 1 (4.5b)

-10 1 - -1 (4.5c)

E -1 - -1. (4.5d)

Here we use the elements -1 and 1 instead of I and 0 respectively. Note that because of definition

(45), the all-zero state is the state in which all stages of the shift register contains the element 1

rather than -1. By definition (4.5) the operation of modulo 2 addition equals multiplication. The
discrete auto-correlation function of the sequence b1 b2 .. bK is now given by:

K
R(m) - (l/p) n bn b{(n+m) mod K}* (4.6)n-l

Since all, except the all-zero states are pased, the maximal length sequence contains (2 L-I)/2 - I

times the element 1 and (24-1)/2 times the element -1. For m * 0, the auto-correlation function

equals the sun of these elements divided by the sequence length according to (4.2). For exact

overlap, m=O, the auto-correlation function becomes unity:

1 for t - 0
R(m) - -1/( 2 L-1) - -1/K for a 0 0 (4.7)

The output of the discrete auto-correlation function is drawn in figure 4.3.
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E

40

E

-UK - -

-- - -- T. 0 T7

---- Discree sutocourelation function

Fig. 4.3: The discrete auto-correlation function

The correlation function R has scome important properties:
- The function has one maximumn value, which has a triangular shape with width 2T0 for R('r)

and a squar shape with width Tc for R(m). Outsde the maximum value, the auto-

correlation has a low constant value that depends on the sequence length For the pN
sequence generator of figure 4.1 the sh" register has L = 10 stages so the ratio is 201-1
1023 -30.1 dB.

-Takting the correlaion is a linea operation. Any version of the PN sequence, shifted in tim~e
or Multiplied in amplitude, results in a similar correlation function with the sam differece.
The sumn of my Combhination of N sequences will result insa simnilar sum of correlaion
functions.
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4.1.3 PN-sequence modulation

A PN-sequence, which consists of code chips with the values (-l,+l], can be BPSK (Binary Phase

Shift Keying) modulated on an RF-carrier signal and be transmited. This transrmed signal can

be written as:

-~~t PN(t) COD (Oct) (4.8)

The received signal in a multipath situation is now found with (2.2) to be:

N
r. (t) -Real{ f Aix Ji)P tT)ep( CC(-i (4.9)

N
=IAiPN (t-Ti){eos (*1 )cos(Oct + sinl( i) siOct)

where wc [rad/si is the carrier frequency and *j is the resulting RF-phase shift 4i = j'+ o.

As indicated in 4.1.2, calculating the correlation of a signal is a linear operation. Therefore, the

coherently demodulated multipath signal can, after correlation, be written as an In-phase signal

Rj(t) and Quadrature-phase signal R*Q~t):

N
-j M Ai. R (-rj)cooa(#1) (4.10)

i-l

RQ(r) -IAi.R(r-ri) sin(#j) (4.11)
i-l

with R(t) is the continuous correlation function of the FN-aequemc with peak value at v -0.

Now it cati be d eoP dtat the anylitude and RF-phae ihibmgim is containd in the I- and Q-
output signals Ajo*Q~ and Ajin(j) of the coherent demodulator.

The above consdmatons show that correlation of the received FN-moultd signal with the

sarne PN-code offes the prinipu possibility to regain the desired path parmeters: relative

mpu& RFt-phase and delay-time of the At propagaion pub.
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4.2 The measurement system

In this section the measurement set-up and the signal waveforms that occur, are given, The

jractical realization of the measurement system is describe in detail in (Ffeenstra, 1990J.

4.2.1 Transmitter

Figure 4.4 shows a block diagram of the transmitter which is used to transmit the BPSK

modulated PN-waveform. To realize the transmitted signal, we have used a far more complicated

scheme but with this figure it is easy to explain the signal generation.

ClockCarrier

F=1g. 4.4 BlcAi.a f h rnmte

4.21. Mouan te PNsq e

The FN seueCe is genratd by the Shift register generators given in figure 4.1, with a rate of

ft0 - 106 chipeWcond . The shift register has L -10 stages so the FN sequence length is K -

201- 'X23. Upon the Ima bit the sequence suet ovar again. Thne output of the PN-uequence

genera is a time continuous uignal dal than a time diwete signal:
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PN(t) - bn p(t-nTc), (4.12)
n-I

with Tc = Rc- the symbol duration time, the symbol shape p(t) is rectangular and given by:

( 1 for 0 5 t < Tc  13)

p(t) - 0 for t< 0, t >Tc

In (4.12) the element bn e 1-1,11 stands for symbol n of the PN sequence. The exact value can be

determined with the fundamental linear recursive relationship for the PN sequence generator that

is used:

bk - bk_3Obk_10. (4.14)

To start the sequence the initial conditions bI b2 .. bl 0 must differ from the all-zero state. Note

that the upper index of the sum of (4.12) is - rather than the length K = 1023 of the PN sequence.

But since bk = bk mod K with (4.12) an infinite sequence of consecutive PN sequences is

denoted.

The time continuous PN sequence PN(t) is BPSK modulated on the aransmitted signal, resulting

in the signal (4.8):

Br(t) - PN(t)cos(2xfct) (4.8)

For each measurement the frequency fc of this cmier is chosen in the VHF-band. The power

spectrum of the PN-sequence is found to be [Ziemer and Peterson, 1985, p. 387]:

SpN(f) " E Pm 8(f-Mfo), (4.15)

with P0  I/K2 , Pm- [(K+1)K 2] si 2(mK/KY(K/K)2 , K is the sequmnce lngth and fo

I/KTc- Rgure 4-5 shows the power spectrum of a PN sequence.

I

I
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I

KT.

-ainc (f )

- I 1_2
-T- T, T'

Fig. 4.5: The power spectrum of maximum length a PN sequence

Because of the periodicity of the sequence the specmn has energy only at frequencies that are

multiples of the reciprocal of the sequence duration time KTc. The number of frequency

components within one lobe equals th,. number of symbols K within one period of the PN

sequence. Most of the energy of the sequence falls within -TcJ < f < TcQ . In our case Tc = 10-6s

and thus most energy is contained in a bandwidth of 2 MHz.

4.2.1.2 Addition of a reference carrier component

To be able to determine the complex amplitude, both in magnitude and RF-phase, the signal has

to be detected coherently at the receiver. Therefore a reference carrier is needed at the receiver

which is phase coherent with the transmitted signal. At the receiver this reference carrier must be

recovered from the received signal.

Despite that the modulated PN sequence does not contain a carrier component, it is still possible

to regain the carrier with a Costas-loop (Ziemer and Peterson, 1985, p. 261ff). But in practice the

received signal to noise ratio turned out to be too low to have successful carrier regeneration with

this Costas-loop. Furthermore the Costas-loop is very sensitive to interference.

For synchronizati at the receiver we therefore transmit an unmodulated carrier component. Thi

carrier is very narrow band and can therefore be filtered out eadly with sufficient signal to noise

ratio at the receiver. The filtered sigal is then fed to a phase locked loop (PLL).

To let both symbols bi - -1 or bi - +1 have the same energy upon reception, the carier

component is mad- in quadrature phase by a 90 degree phase shift. With (4.8) the transmited

signal ar(t) finally becomes:
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ar(t) - r(t)cO3(Qct) +* Acazrsif(O)ct)f (4.16)

with ow, = 22xf, and f, is the selected frequency in the VHF-band.

4.2.2 The Receiver

In figure 4.6 the block diagramn of the receiver is shown.

Ni.6 Blc diagram oftercie

resutin siParocetsisfiseedtnce

Becag s 4.:ok the rmptchrciic of the rdocanl h eeec are hti received

is thesucaal carrier compsosetent thtehvedsga rr oa fied via dfferent paths and herfe have
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different but constant RF-phases and amplitudes. So the recovered carrier has a constant RP-

phase difference relative to the instantaneous phase of each path.

Beside the carrier component, the IF signal rip(t) contains the responses of the PN signals of all

paths and a noise term. This noise is assumed to be stationary white Gaussian noise with a two

sided spectral density of No2.

We are primarily interested in the determination of the amplitude Ai , RF-phaae +i and delay-time

ci of the ith path.

Since the system is linear we continue the system description therefore by describing the

demodulation of one single path. The total response is then found by addition of all individual

path responses. The signal component of path i in the IF band is given by:

rIr i (t) - Ai PN(t-Ti ) Cos (fit-Wc'i-* i ') (4.17)

- Ai PN(t-Ti})co(WI1 t-4 i )

with o) = 2-fl+,i wciio- *i' is the RF-phase of path i due to reflections and other

mechanisms except path delay-ime.

To limit the noise power, the signal rip(t) is filtered by a 2 MHz wide filter, resulting for path i in

the signal rBiFi(t). Because of the finite bandwidth of this filter, the spectlm of the PN-sequence

is distorted slightly, and also some cross-talk to the quadrature channel occurs. The effect of

cross-talk is that a signal which is in-phase with the reference carrier, will not only result in a

signal in the in-phase channel, but also in the quadrature-channeL

This can be modelled in the following way. When a PN-modulated signal in-phase with the

reference carrier is fed to the receiver, in the in-phase chanel the almost undistorted (U) replica

of the PN-signal will be found: PNU(t) - PN(t), where= in the quadrature-channel a small but

heavily distorted (D) PN-sinal results: PND(t) - 0. The exact description of the filtered signal of

(4.17) with cross talk components can now also be written as:

rBairi(t)- Ai (PN (t-Iti) o (e 7t-* i )

+ PND (t-T i ) sin (aiFt-#i) (4.18)
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The signal r(t) is fed to two mixers, driven by the regained reference carrier and a 900~ phaase

shifted version of this carrier. Since the two carriers form an ortbonorinal base in signal space, no

infomation is lost by this operation. The mixers transpose the PN modulated signal im the IF

band to the respective In-phase and Quadraturehase baseband signals r11(t) and rQ,(t).

The higher frequency products are filtered out by the lowpass filters with impulse response h1(t)

and bQ(t). These filters ae almost equal, however, their responses h1(t) and hi$t) are treated
differently since slight differences in these responses influence the data processing results. Now

let

Aci - Ai/2 Cos (Qj), (4.19)

A31 - Ai/2 ain( i), (4.20)

P1111(t) - PNU(t) * hl (t), (4.21)

PN01E(t) - PND(t) * h1 (t), (4.22)

PNIQ(t) - PND(t) * ho(t), (4.23)

PNOO(t) - PNu(t) * hQ(t), (4.24)

whr PNIQ andPQI awe the cross-talk components from the I- to the Q-channel and vice vers.

These cross-talk components are very small.

By (4.19) and (4.20) the multipathi parameters A, and fi for the amplitude and RF-phase of path

are replaced by Am and Asm, the amplitudes of the signal in the in-phase and quadrature-phase

channels. The relations between A, fi and Ac, and A., are:

Ai - 'q(Ac±2 + A.gj 2 ) (4.25)

*i- azvtan(AjI/Acj) (4.26)

Now the baseband output signals are:

r 1 jft) - AciPN131(t-'ni) + AajNgI(t-Ti), (4.27)

ZQj (t) - -AgPK() (t-T 1 ) + A 0 1PNQ (tfT) . (4.28)

The symbol *denotes the convolution operation.



TNO npout

Pagr
31

While the cross-talk components are very small, the essential terms of (4.27) and (4.28) for

further calculations are those terms containing PNH and PNW

4.2.2.2 Data sampling

The outputs of the filters, ri(t) and rQ(t), are fed to two independent A/D converters. Their output

is stored on disc. In our system we record D - 8 consecutive PN sequences of K - 1023 bits each.

The chip rate is 106 s 1 so one PN sequence lasts 1.023 ms. The duration of one measurement is

8.184 ms.

The resolution of the A/D converters is 8 bits/sample. This result in 256 amplitude levels.

For each symbol b. of the PN sequence M = 8 samples are taken. Since the length of the PN

sequence is K = 1023, the total number of samples per measurement is D.MX = 8.8.1023 =

65,472.

We record 8 PN sequences instead of one sequence in order to be able to interleave the 8

corresponding samples of each sequence. By this interleaving operation the sample rate is

increased virtually by a factor 8. The interleaving operation is described in the following chapter.

If the duration between 2 samples of the A/D converters is denoted by TAD the recorded samples

are described by:

i n - rI(nTAD) for n - 1,2,..,D.M.K, (4.29)

On - rQ(nTAD) for n - 1,2,..,D.N.K, (4.30)

Let us now observe the first 2 samples taken from Pl sequence number 1.

If the sample rate would exactly equal a multiple of the -namluer bit rate and in the absence of

noise, sample number I +8K, the index of the first sample of the second PN sequence would be

taken at the same instant as sample number 1. The sample rate RAD - TAD71 of the converter is

chosen slightly lower from 8 times the chip rate R - I MHz (the exact sample rate is RAD =

7.999878 MHz). TiS mak that equivalent sanples of subsequet PN-sequenCe are taken 1/64

ps shifted In dme so that the amples of the 8 sequences can be interleaved in the processing

stage. This interleaving gives a virtual increae of the sample rawe.

By using this technique we increase the smnple rate virtually up to 64.106 a"1.

As described befosi, we can now add all pea resqmae Together with the noise trms, which we

indicated as njnTAD) and nQ(nTAD), these signals form the samples s red on disc
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in - A.cipNx(nTD-ti) + AaPO~~jDi + n 1 (nTD), (4.31)

On -i -A 3 jPN4Q(nTD-C) + AciPNjQ(nTAho-Ti) + ZQ(fT.D), (4.32)

for n 1 ,2,..,D.M.K. All noise samples wre supposed to be smatsticaly independent.
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5 PROCESSING OF THE RECEIVED SIGNAL

In this chapter the processing of the received signal is described. Th signal has been stared by
means of the recorded samples on disc as discussed in chapter 4. The processing is performed by

software on an AT personal computer. and consists of thre parts:

1. Calculation of the correlation function

2. Interleaving of the correlation functions;

3. Calculation of the multipath characteristics.
Ih calculations result in the desired parameters: relative amplitude, RF-phas and delay-time of
all relevant paths. Thee results may then be transormed to the frequency domain to predict the
narow band frequency response of the radio channel, or used to feed an adaptive equatie. Whee
a large number of channels me nmasured, also statistical information can be gathered from the
data for characterization of different types of terain.
This prt the data processing is described, for moe detail on this subject see appendix B.

5.1 Calculation of the correlation function

Th discrete auto-correlation function of the N sequence has been calculated in chapter 4 and is

found to be:

R (a) /X)n bnb(n+m) rood X
-/( 2 L- 1 ) - -1/K for m 0 (4.6)

for 0 - 0.

whert the symbols bi i-1,.X represent the PN sequence.
Theem ae a number of reasons not to use this correlation funwiu (4.6) straight forward in our

calculatiom.
1. The discrete coelation ctia on (4.6) is a time-disome function. The symbol inex in

corresPonds with oue chip dration tim. In our sytm this time equals T - 106 .
The delay-time diffeeces tha can be eXpected we of the @m order of magnitude as th
width of the corion funcn If correlation fuction (4.6) is sed, it is not possible to

distinguih Ps wnh delay-tie differences wit the symbol diatilon time.
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Since we want to be able to distinguish paths with delay-time differences as small as

possible, 8 instead of I (and after interleaving 64) correlation function values per symbol ate

calculatedL

2. Mie response of an occurring propagation path is contained in the samples from the i-phase
as well as the Q-phsse channel. The I- and Q-samples am processed separately. They contain

the RP-phase infcmstio.

me duation of the correlation peak of each path should be as short as possible, in order to have

minimum overlap between the correlation mama belonging to different pah with almost equal

delays. The length of this response partly depends on the function duat is used to correlate the

received sampls. One of the iput functions for the correlation operation is the sequence of the

received samples. The other input function can be chosen so that the duration of the output

correlation maximum is a short us possible.

The function that is used here, is chosen slightly different from thec PN-code signal (which would

result in a triangular correlation peak that is 2Tc wide). The signal has the same value as the PN-

signa (+1 or -1) for the firs saruple period of a chip (T - 1/8 Td)and is zeo elsewhere.

T"his function can be described by:

x- b F(k)/IE)1 vI(k-1 m ) for k - 1,2,..,(51

with vk the discrete Dirac-function:

vk 1 o (5.2)
0for k ~0

The function rxl denoWe thle IMMafes integer peste than or equal to:x ad bk a 1-1,1) is th P
sequence of (4.14).

The width of the conakston pak in this case is 1 pa. This is half toe widt of the correlation peak

Of the 100302 corrion0110 fimodani wher the width of the peak is 2 pa.
Both hoctons ad in correlstion fanction we depicted in lAuS= 5.1.
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E

Par of chipr

E

4,K-. 0 T.-

Corekaao ftn wi a&apled waveforn

Fig. 5. 1: Signals and conelation function

Mwe calculation of the conelaion functions of the received I- and Q-signals can now be descrbed
foemnaily as:

R1 (n] - E X~n+k) .(k], (5.3)
k-

R~(n) - E Qlnek] -1k), (5.4)
k--a

with the notiodon z~kJExk used to denmg 1[k), Qtk], and xjk] defined in (4.31), (4.32) and (5.1)
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To clarify the correlation an example for a simplified cas is calculated. In the simplified caw
only one path ia received and the received samples exactly equal the baimmed PN sequence. Hf we

-si~ tha the received signal and the regained carrie in-pitase, we may fWflher disregard the

quadrature channel. The received samples simply become:

I (k] - b E rk/I) I. (5.5)

With (5.1), (5.2) and (5.3) the correlation function is calculated:

RI(n] - k- x[k] I~n+kj

k--

-I bE~j/l]l b[j(l-1) md D] Elln/nJk--

-I I b~j+l] bjj+1] for 0 S n S MD-1

blj14] blJ4(+)/MD1] for n < 0, n >MD-I

1 4 (L. 1  for 0 S n MD-i (5.6)
1/2-)for n < 0, n > MD-i.

The coffelation function is an exact replica of one symbol response of the sequence I[kJ.
This correspondence is explained as foflows The received uamples consis of consecutive symbol
responses of the FN sequence. By takng t cosrelaton, samples am added and subtracted. In
case the received samples and the odwe input correlation functio overlap, these values anl
contr1 ibut wit t up s e- geg positive signed smples awe added and negativ siped samples
am mubacted. The result lam unnplifed value of one symbol response vaine.

In reality, the receIVed sample. will not equal the PN sequenc as in (5.5) but ty winl be spread
it tim because of banadwldd limitations. In the resulting condadeon ftcmcto a smt um

spesd is ftad.
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5.2 Interleaving of the correlation functions

The I- and Q- signals awe sampled over a period of 8 consecutive PN-aequences. However, the

moments of equivalent samples in two succeasive sequences we deliberately chosen not to
coincide, as described in chapter 4. They1 are shifted over 1/8 of the sample period (1/64 jis). The
same is amu for the comisltion functions. So the 8 consecutive correlation functions are all
slightly shifted over 1/64 pa within one sample period. Now the correlation functions of the S
sequences belonging to the same channel can be interleaved. This operation is shown in figure

5.2.

Sample moments in a chip duration

S111111118

- Interleaving "

.' 11111111. .. ..
515 S25 S85 S16

Fig. 5.2: Sampling- and interleaving opetion

S 15 indicates the fifth suiWWI of the correlation ftiction (the duration of which ns about Tc) of
PN sequence 1, S2 is doe equivalent sample of FN sequence 2,, etc.
This results in an equivalent cosrelation fbnctio with an 8 timses highe sample rate.
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To remove the noise, the resulting correlation function is filtered with a moving average filter

with length S. The processing gain PG (which is the improvement of the signal-to-noise ratio) of

the correlation- and interleaving operations together is 101og(8. 1023) = 39 dB.

Of couse this can only be performed if the channel parameters don't vary in the observed time

interval

The advantages of this operation me:
- A higher virtual sample rate, resulting in an 8 times better time resolution,

The system error is now 1/128 gs = +1- 7.8 ns.

- The signal independent noise contained in the samples of different sequences is uncorrelated

and can be filtered out

The new correlation function, after interleaving and filtering, is used to calculate the desired

multipath parameters.

5.3 Calculation of the multipath characteristics

Calculation of the multipath characteristics from the I- and Q-correlation signals is quite

complicated, and therefore, is given in full detail in appendix B. Here, only a qualitative

description of these calculations is given.

The inputs for these calculations ae the I- and Q-correlation functions and the reference I- and Q-
correlation functions (RefI and Refj Ref contains information from PNII ad PNQI, Re

contains information from PNQQ and PNIQ). The reference corelaton functions are determined
by the transmitter and receiver partis of the system only. They are not dependent on the radio

channel c.q. the multipath characteristics. These reference correlation functions which contain the
influence of the transmitter and receiver characteristics due to filtering, phase shifting etc., are

used to estimate the nmltipath characteristics. They are measre nd laboratory conditions

with transmim and receiver directly connected together.

The calculated corelatior functions of the received I- and Q-sigala, RI(n] and RQ , are

detesmined by.
- the multipath characteristics N,AciA, and li for i - 1,2,.,N,

- the noise terms,

as given in (5.3) and (.4) with (4.31) mad (4.32). li is the disoee delay-tim value.

I!
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By chosing the right amplitudes Aci and Asi, and delay-time li for path i, and assig these to Ref1

and RefQ, the newly formed Ref1 i) and RefQ(i) can be matched with the received I- and Q.

correlation signals belonging to path i.

We can now define the error critrum of the data rocessing to estimate the multpath

characteristics: deternme the number of paths N and for each path its amplitudes Aci, Asi and

delay-time h so that the energy contained in the remaining sample values in the I- and Q-channels

is minimum. In other words: find N, Ai, Asi and l for i-1,2,..,N so that

NA2  R, In ]  A ifefi~nl ] }2 +

+ I ( [n]- i efn[li] 12, (5.7)

is minimum. Since the energy of RI[n] and RQ[n] is concentrated in the peaks of the function

only, the summation of (5.7) can be restricted to a limited number of samples. This number must

be determined first and will differ for each radio channel.

An iterating algorithm is used to determine the multipath characteristics. The block structure of

the algorithm is shown by the flowchart given in figure 5.3.
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N:- 0

Delennne delay T

Denuine OPaimm
pawn"Mte for

N pibs

4Caklate
Y 42 > A2

N

End

Fig. 5.3: Flowchart for the determination of the number of path and the path parameters

The algorithm starts with N=I path and optimizes the amplitudes Ac, and A, and the delay-time

11. With these parameters, which are assigned to the reference correlation functions Refjf 1] and

RefQ[11. the error A2 of (5.7) is calculated. This error function is used to optimize the assigned

path parameters.

When the parameters me optimum and thL. maximum value of the wr function 2 , D. til

exceeds a chosen threshold evel, Dff,, 2 , the energ of the ar function is supposed to

originate from another path. In this case another path is added and the algorithm start over again

to find the op1mu solution for both -lf together.
ar e added until the resulting maximm car Dmax2 becomxes smier tha Dthre,2 . MW~

delay-tme of the new extra path is determined by the maxiuam of the war function, A2[nJ.

The newly added path cusses a decrease of the wnar Auction& 2 if the energ in D2 originates

from other paths of the radio chunel. In case the enegy of the error Auction is cused by
received noise, the dausg of the ewr A2 is undeeeained. In ptce It nusout thug Se ewr2

always decreases. Hence we may stat that the atgarttlnn converges.
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Thte last step to obtain all multipath characteristics is the determination of the amplitude and RF-

phase differences of the found paths from the amplitudes Aci and Ask. These are already given in

(4.25) and (4.26):

i- 'I(Aci
2 

+ A 2)(4.25)

40 arctan(Asi/Aci). (4.26)



Page
42

6 ACCURACY OF THE MEASURED PARAMETERS

From the channel-measurement results the relative amplitude, RF-phase and delay-time of the

different multipath signals are determined by processing of the received signal as is preaented in

the previous chapters. How precise the characteristics of the radio channel can be estimated,

depends on the accuracy of the measured path parameters.

In this chapter the accuracy of the measured parameters will be evaluated. The sources of enor for

the parameters are:

- amplitude: noise

- delay-time: noise, sample frequency

- RF-phase: noise, phase-jit of the reference carier.

In the following at first the signal-to-noise ratio, and the influence of phase-jitter of the reference

carrier will be discussed. Then the effects of the error-sources on the accuracy of the path

parameters will be evaluated.

6.1 Signal-to-Noise Ratio

The total received signal contains a signal part S, and a noise part, Nr (r = received). The SNR

(Signal-to-Noise Ratio) of the received signal is defined as SNR = SINr

The SNR of the received signal after A/D-conversion is determined by:

- the SNR of the received signal S/Nr,

- the quantization noise caused by A/D-conversion Nq (q = quantization).

- Influence of quantization noise

The influence of Nq can be determined by comparing the SNR before and afmter A/D-conversion.

A/D-conversion is performed by an 8 bis converter. This means that the voltage range is

subdivided into 256 steps. When the voltage range is used optimun, and Nr is assumed to be 0.

the maximum SNR that can be reached is, [Carlson, 1975]:

SNRmax - S/Nq - 10*1o(3-2562) - 53 d9. (6.1)

Bcause Nr and Nq am indepeident, the total noise power after AID-conversion a N -

Nr + Nq.
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Now it can be shown easily that the influence of Nq on the total SNR becomes significant only

when the SNR of the received signal S/Nr, is about 50 dB or higher. In practical field

measurements such high S/Nr will not be conmon practice. More reasonable values we S/N, < 20

dB. Then the influence of Nq is neglectable, and the SNR after the A/D-converter is

approximately equal to S/Nr

- SNR after signal correlation.

Up to now only the SNR before signal processing (conelation) has been investigated, however,

the SNR will increase significantly after correlation. The effect of correlation and interleaving of

8 PN series results in a processing gain PG of PG = 10log(8.1023) - 39 dB. So the SNRC (SNR

after correlation) of the signal which is used to determine the pulse position, is related to SINr by:

SNRC - S/Nr + 39 dB. (6.2)

In this result the influence of the processing gain is clearly demonstrated. Even with a low S/Nr

the SNRC can be quite good.

- Determination of the SNRC for a single multipath component

For a given pulse shape, the time accuracy is determined by the SNRc after correlation as will be

shown in paragraph 6.3. SNRC has to be determined for a single pulse (or path). For a single

pulse S and N can be calculated as follows:

S _ (T) 1  P IP(t)12 dt (6.3)
0

N (T)-1T n

N - ( )l I n 2 (t) dt (6.4)
0

Here T is the time interval of a the pulse, Tn is a time interval with no sga energy pumt.

ME
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6.2 Errors caused by phase-jitter of the reference carrier

In the signal processing phase, 8 successively received PN sequences are correlated

independently. After correlation the results are interleaved. In the ideal situation a smooth corve

will result with sample values at 1/64;tis distance. However, in practice it points out that the phase

of the reference carrier is not stable. It contains a significant amount offjitter. This causes that the

amplitude of the signals in the in-phase and quadrature-phase channels of the receiver are not

stable in time.

An example of the resulting correlation peak after interleaving is given in figure 6. 1.

100.

70

10- -

-0

Fig. 6.1: Crreainj as calculated firom mmasmeent result, with the effect of plwe-jitwe
(L 0 an 'Laklvin-average fibedrng(MQ)

By using a moving-average filter with length , the amplitude varitons we fibered ens (fger

6.1). BY simulation the effects of these operations (interleaviog with phase-jitter and flerhWg
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have been evaluated for different peak-peak phase-jitter values. It pointed out that phase-jitter of

the referte carrier causes an amplitude error, but no RF-phase error.

6.3 Delay-time error

6.3.1 Delay-time errors due to noise

In the case of a radar signal, the time elapsed between the moment of transmission of the radar

pulse and reception of the reflected signal determines the range to the origin of the rflection. In

general the received signal is a distorted replica of the transmitted pulse embedded in noise. This

causes that the measurement of the delay-time has not infinite accuracy.

The rmror in the delay-time of the correlation peak embedded in noise in our case is equivalent

*with the error in the echo-time of a radar signal in noise.

Tberefore, calculations originating from the radar science [Woodward, 1953; Baton, 1969] can

be used to determine the accuracy of the measured relative delay-times between the correlation

peaks of the multipath components and the direct signal.

The delay-time accuracy that can be achieved depends on the SNR and the shape of the pulse.

The accuracy will increase with increasing SNR and with increasing rise- and fall-times (which is

equivalent with a larger spectral bandwidth of the signal) of the pulse.

A measure for the accuracy is the RMS (Root Mean Square) error ov [s]. For a given pulse shape

the minimum RMS-error is given by oT, (Woodward, 1953; Barton, 1969]:

- 1/(15qs-.). (6.5)

The received p-l energy is maximized when the receiver characteristics am matched to the

pulse (matched te receive). FO a Tatched filter receiver SNRm - 2/N 0 i the peak 94R E

is the ene gy in the received P-la and N0 the spectr noise density. Te variable 0 contains

informaton about the pulse shape. it especially depends on ft rs mad fall tie s the pulse. P
is Omve by.

h1
'4
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I p/a (t) 12 (6.6

rl (t) 12 dt

Sis the RMS bandwidth of the pulse signal. P(t) is the complex pulse shape.

To be able to calculate the delay-time eror due to noise, the SNR of the pulse signal has to be

known. The receiver which has been developed to perform practical meanrements, is an

appoximation of the miaced filter receiver. Therefore the received SNR, is sub-optimtum. SNP,
< SNRm. In the following it will be sasumed that SNRS - SNR.m/2 to compensate for

misiatching.

In figure 6.2 the calculated standard deviation o,, of the delay-time error is given as function of

SNRC (SNR after correlation as discussed in paragraph 6.1) for the same pulse-shape as is used

in the measurement system, for which i 1.86-106.

so-_ _

70.

so- _ _ _ _

20-

0 so 40 a

Fig. 6.2: Tin calculated standarddeviation of the delay-dam aum aWcdiM of &aolga~SN
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6.3.2 Influence of the nmesuremnent method on the delay-time ero

The effective sample time of the signl After correlation and interleaving is 1,*4 us -15.6 ns. The

inherent error caused by this discretization is +1- 7.8 ns. Because the distribution of the

discretization error is uniform, the standard deviation due to this warr is 4.5 us.

From fig. 6.1 it can be seen that for SNRC > 45 dB (input-SNR > 6 dB), the standard deviation of

the delay-time warr is smaller than the system standard deviation of 4.5 us. Both these erar are

independent, so the total varianice is found by adding both variances.

Far the delay-time between two correlation peaks (1 and 2), the variance in the relative delay-time

is determined by the variances in the delay-times of both peaks (the ars are independent):

att2_02+ (022 (6.7)

6.4 Amplitude er

In the chosen measurement set-up there are two causes of wom in the measured ampiude of a

radio path.

1. Amplitude errors due to noise. The presence of the noise will cause a statisticsl deviation

that depends on the SNR.

2. In the measurement set-up the reference carrier is recovered by mean of a Phase Locked

Loop (PLL). The reference carie fom, the PU. still has some phase-jtter Depending on
the anmount of jitte, this also causes amiplitude ears.

6.4.1 Ampitude ar due to noWs

A Carrier aignal Plu noise which is bandpasa filtered can be writtnas in of anin-phaseand a

S(t) -(A +. nj(t))coa(et) -nq(t)asin(ut)-

- sit) COOs(at +. #(t)) (6.8)

In this ftormia R(t) and #(t) am
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R(t) - [(A + nj(t)) 2 + f q (t)1 2] 0-5  (6.9)

4(t) - arctan({n q(t)l/(A + ni(t))) (6.10)

Tinm equation relas the envelope and pbaae of a carie plus bandpman noise to the migue and

noise components. The probability density function (P1W) for R(t) and #t) ia given by (Canaan.

1975):

p(R,)- R ex{(R 2 
-2A~tcox # + A2 ) /2N) (.1

Thin in a joint P1W, and R and arwe statistically dependent.

For large SNR - A2N (where N in the nine power in the pann-band of the filte), the jobdbiity

density ftunction for the amplitude can be estimated by:

PR(R) - (R/2xANI)1 /2 exp(-(R-A)2/2N) (6.12)

Now it follows for the mean deviation and varianc of the ampotue (Carlson. 1975):

- A (6.13)

02- N (6.14)

With (6.14) the standard deviation of the .qliade, enror can be calculated asfamcon of SNRC,

In figure 6.3 the valu (A + aRYA I1+1/ 42*SNRC in given as fuectio of SNRC.
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3-

4-

0 20 40 so

Fig. 6.3: The calculated standard deviation of t amp]iud arror due to noise

6.4.2 Amplitude error due to phase-jite of the reference carrer
As discussed in paragraph 6.2. the phase-jitter of the reference cartier influnces the signal tha is
received of the 9 successively traosmitted PN-sequences. Comnputer skiultion showed that this
causes on amplitude error that depends on t peak-peak phse-jite. Mwe calculated amplitude
error is given in figure 6.4. In practice the peak-peak phase-jite of the reference carrier will be
within 45 degrees, than the usmain error is within 0. dB.
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Fig. 6A Ile effect of phase-jitter on the amplitude exror

6.5 RE-phase error

The calculated RE-phase related to the signal content of the I-and Q4chsnels, will d&mat when

noise is present. From the given joint PDF of the amtde ad phase a given in paragraph 6.2.1

the PD? (Probability Density Function)of the phase arrocan be estimated for SNR:>> I by:

Prom this relation it follows for the men errot and die vaiance tt

02 - /A 2
(6.17)
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in the same way as given in paragraph 6.4.1 the standard deviation of the RF-Phase is calculated

as function of SNRC. The results are given in figure 6.5.

50

020 40 SO

SNA Ce owNOOr4~ uSOW (dB)

Fig. 6.5: The calculated standard deviation of the RF-phaae error due to noise

For SNRC > 20 dD, the standard deviation of the phase erro < 5 degr.

6.6 Conclusion

The errors due to noise are very small. For a SNRC - 25 dB (S/Nr - .14 dB), the stanldard

deviations awe:

- tim :22 ns
- Amplitude 0.5 dB

- RF-phase: 3 dspr.

In general the inpat-SNR will be much higher so that the Simar due to noise become very smaL.

With rempec t o t calculation of the delay-time, the systeatc wavr is within +/- 7.8 ns.

Phase-jitte in the refernce can=ie causnes only an inoylitd emro md no phase =mr. This wacr
is not ftendmt on the RF-phme, it only depends ont the peak-peak phase-jilte. Far peak-peak

phame-jiter -30 deW. the amplitude wrar is 02 dB.

-4
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7 FREQUENCY RESPONSE OF THE RADIO CHANNEL

In this chapter the method that has been used to calculate the frequency response of a multipeth

radio channel, will be discussed. The parameters of the single paths in the radio channel, which

can be measured and calculated as described in the previous chapters, we input for the

calculations.

One of the problems that will be addressed is the influence of the uncetainty in the measured

delay-times.

7.1 The frequency response

In chapter 2 the model of the multipath radio channel is discussed in detail. Ther the impulse

response h(t) of the radio channel (2.1) is given:

N N
h (t) hit) - Ajexp(j#i')8(t-r i ) (2.1)

i-1 i-1

where Ai is the amplitude, #j, the RF-phase and Ti the delay-time of path i. N is the number of

paths. The frequency response H(f) can be calculated by taking the Fourier transform from the

impulse response h(t). H(f) is given by:

B(f) -rh(t).,p(-2gJft)dt

N
- I Aiexp(-(2fxU-#j) (7.1)
I-1

H(f) is a complex function and is therefore described by its amplitude ad phase. in stead of the
amplitde, we will use here de pow spectrum S(f) - IH(f). With (7.2) the power spectrum S f )

ca be calculated firom the path pm .

1k
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N
Sf M I IAicoa(2:ftj-*1 ') 

2

N
+ ( Aisin(2xf-jj')l 2  (7.2)

The phase response as function of frequency is given by:

N
#()- arctan( Ai~ o 2fz-i

N
IAjoin (2XfTi-#i 1) ) (7.3)

From (7.2) we can see that the power spectrum is frequency dependent because of the multipath

effect. The variation in the received signal power caused by interference is determined by the

amplitude A, and delay-time Ti of each path. The phase response +~(f), as given in (7.3), also

deviates from the ideal linear case due to multipath.

For frequency management purposes the power spectrum S(f) contains all necesarmy information

for narrow band signals. For this type of signals phase variation over the frequency band occupied

by the signal, will be small. Therefore in the following only the power spectrum S(f) will be taken

into account.

7.2 Infuence of the delay-time accuracy

When calculating the frequency response from the path paramneters, the phase at at certain

frequency is determined by the measured RF-plaase +1 at the measurement frequency and the

delay-time zi. The accuracy oftj is of great impots=c for the accuracy of S(f).
If we consider path j with delay-time the RF-phaa of this path is periodical with 115. The

contribution of this path with aplitude A, in (7.2) will chinged from its minimum (-Aj) into its

maimum value (+Aj) by a chiage of the phase by x rad.

The macertainty of the delay-times has two man cesom:

1. ThBabnie samplinag rat of% - 640106 a"I causes a discratization eor of At - 7.8125 na,

2. Noise.

At the trequency f-SO0 Milz a phase shift of xrad is caused by a delay-time shift of A - 10 ns.
This nmthatdughe umcauainty as the masred delay-trnos, which is in the order of 20 im is

- ----- -----
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about one period of the RF-signal in the frequency band 30 -70 Mfz, where the maueet

ae care out.

In the following paragraph the effects of the delay-time inaccuracies will be shown and a method

will be presented to partly conpensate for these inaccuracies by changing the delay-times ti of the

propagation peths slightly so that the total RF-phase shift at the measurement frequency is exactly

the measured RF-phase i.

7.3 Calculation of the frequency response from the measured nul ipath parameters

It is assumed that the measured delay-time of path i has a Normal distribution around the actual

value with mean value ci and variance ci from the radar analogy, as described in chapter 6
[Barton, 1969], this is reasonable. Another assumption that is made, is that the variance of the

delay-tia is constant for all paths, 0T1
2 . 02.

The delay-time distribution must be taken into account for the calculation of the power spectrum.

The distribution function for the delay-time of a single path is given by:

pri(t) - 1/ 4 (2xu2 ) *xp{-(t-r})2 /(2} 2 )} (7.4)

Each delay-time ri is a stochastic variable now. With (7.4) we can calculate the probability

density function pTW of each delay-time set , chosen in the N-dimensional time space:

P-9(-V - PT112 To (11, .... - i) - PC, (v (7.5)

Because of the uncertainty in the delay-tnes of the paths, also fte power spectrum at a cetain

frequency will be disibuted.
Prom each delay-time aet the coresponding received power can be calculated with (7.2) for my
frequnkcy. The result is a pow. value g at frequency f with probability density p5Q). To obtain

the power probability fintiaa p3(g at constant Loquency, we should add all probabilities ptql) of
the time sets I for which the power g S(f) has the same value:

!I

0*
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Pq (2) - ~ Pt( W (7)

(S (f)Jtt q)

With this method we can calculate the distribution of the power spectrum. For more detail on this

point seen Appendix C.

With the help of a computer three typical values of the power spectrum are calculated:

1. the 90% value; this is the value of S(t) below which 90% of all calculated powers fall,
2. the mean value; this is the 50% value,

3. the 10% value.

In the figures 7.1a..c the three typical values of the power spectrum wre given for the following

situation:

1. Number of paths is 2
2. A 1 l;A 2 =0.842

3. rl = 0 psr 2 =0.972 ps

4. Delay-time standard deviation a =6.38 ns

The carrier frequency is 66 MHU.
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400d 70

Fig. 7. 1a: Frequency response 30 - 70MhHz

0%

.10

.12

3 0.4 311 112 31,11 MA 3"

Fig. 7.1b: requncy resoaae 30 -32.8 Mz
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10
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Fig. 7.1c: Frequency response 65 -67.8MhHz

From the figures 7.la..c it can be seen that at the higher frequencies there is a substantial gap

between the 0.10 and 0.90 fraction curves. At lower frequencies, this differenc becomes smaller.

The gap depends on the frequency, since at higher frequencies the delay-time distribution causes

greater differences in the argument of the sine and cosine functions of (7.2). whereas at lower

freuencies the delay-time unceftainty canuses a relatively smal phase variation.

At a frequency of 70Mb~f, a full period of 2x is reached already by a delay-time change of Ar

14.3 na. Since this time is about twice the delay-time standard deviation, all possble power values

between (A, - A2)2 - -16 dB and (Al + A2)2 - 5.3 dB will occur. Consequently there will be a

great spread in the resulting power distribution at high frequencies. At the relatively low

frequency of 30 MHz this Is not the cawe, therefore the resuling power values will be mr

concentroteC&

This method shows us that the measured delay-time differences we not accurate enough for

calculating the relative RF-phaae relation between the different paths over a wide frequency

range.
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However, the measured RF-phase values between the different pads are known at the

measurement frequency. This information can be used to restrict the delay-time % of path i to a

relatively small number of discrete values. The RF-phase at frequency f for path i is:

*(f) - 4i - 2xf-rt (7.7)

Here 4i is the measured RF-phase, which is the RF-phase at the measurement frequency, so Ti is

restr'ted by:

2zfcr i - 0 (7.8)

Now the probability density function of each delay-time becomes a discrete function. By a non-

linear transformation the time variable %i is changed towards the nearest delay-times T; that

fulfills (7.8).
The time discretization is mathematically described by:

'Ci' " [fcgi]/fc (7.9)

With [x] is the integer so that Ix-[xJI is minimum and f is the carir frequency of the

measurement.

The probability of the resulting delay-times ri; is found by additim of all pbability densities of

the times that result in %j. Figure 72 shows both the aalogue and discrete delay-time distribution

in cae the radio channel consists of two paths.

1:
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PT; (t,)

Ti Tr2  t - -

Fig. 7.2: Delay-time distribution function

Now the corrected delay-time %j will result in the same RF-phse *j as measured for all times i .

Hence for this frequency the power density function consists of only one power component with

value 1. For all other frequencies this is not the case. For different delay-times vi the corected

delay-times t; result in a different power and again a power distribution will result, however, now

it will be much less spread especially around the camrie frequency.

The same calculations as performed in figure 7.1 are now repeated for the case time discretizat

is applied. The results are shown in figures 7.3a..c.

-S
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Fig. 7.3c: Frequenc response 65 _67. 8Miz, with time doizatd on

These figures show that the results e almost the sam at relatively low frequences At high

freqluencies, however, the power distribution is completely different beoas of the timen
discretizatian. At the measuement frequency of fc -66 MfHz there is so spued In the distbtion

as described in the foregoing. Sutaing dite nmsurment frequenc, the power distribuio
becomes m M&

7.4 Conclusion

Using the tmaid path Ieaus the pownrsetu of tho reqc respome cm be

calculaed The mesuls ar very accurate when the nieaud delay-timas are slighey changed so
that they ar cousistent wilh the messred relative RF-phses 7hese opeaton remsf i a

umber of discret daky-~ae values for every pa&
The cdauotd power spectrum is quit accurate over a mach wider bei t thm the
beniwlit used for the meainements, however this is dependent on the delay-thu aciercy.
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a RESULTS IN A SIMULATED MULTIPATH ENVIROMENT

In this cbapter the resut of the measurement system operating in a controllable simulated

ninltipath environment are discussed.

To determine the perfanmance of the measurement system we, have simulated a mukipath

environment. For a maximum number of te paths different sanWu= and delay-times can be

manually adjusted. Also it is possible to add noise and other interference signals. For difEren
configurations and at different fiequencies mesurts am performed Upon data processing

the results are compared with the chosen parmters.

8.1 Set-up of the simulated multipath environment

T'he block diagram of the simulte multipath envionmnt is given in figure 8.1.

Dea31nt

F1 .1 lokdigamc teskmA ta utpt ai l..

j (t) ~ ,.



TNO ropw

63

To simulat, a path of die multipeth radio channel we use an attenuator and a coaxial cable of

certain length. Thea length of the cable determnes the RF-phase and the delay-tine. The cable

length can vary up to about 300 in (- 1.5 ja). Thie exact: delay-time of a cable is determined within

an accuacy of +/- 6 na. Delay-times varying from 0 to 1.5 pta can be realise in this way. Mwe

amplitude of each path is determined within +/- I dB ranging from 0 to -12 dB.

The different path responses are combined and additionally noise or an interference signal can be

added. 7Uli noise power as well a the power and frequency of dhe jaue con be varied. All

impedances are matched to avoid reflections in one and the sme cable.

3.2 Measurements and results

The measurenments me divided into four categories.

1. Accuracy

2. Addition of an interfering signal

3. Addition of noise

4. Measurement and calculation of the frequency response

8.2.1 Accuracy

For the first group of measuremnxts; the systm is tested to determine the accuracy withi which

amplitude and delay-umns me eadmuted. The noise power as well as the jume Power we zeron.

For equal configurations the measuements me executed at different frequencies sprad over the

VHF band. For One frequency the same0 menmanent is excosed a number of times (13) to

exanmne the influence of tme dependent peuers of the system Results, of the maueut

con befound inthetaWinsA.1 -A.11 of q~pndix A.

From these nosols it follows that the amplitudes relative to that of the moungeat path. can be
delesmined within +/- 2 dB for -a cases This coresponds with a minul unplumde cw inio
of 1Aetmsd/~ccet 1.26. The ddydf of the paubs we dalmined with an

accoracy of 2sampkeinstats to, e -e side: IA-tl52T - 31.25 na

.2.2 Addition of an howlring sipal

For the seond u*W of inam ims the inflonce of ine~mis examined. A Jasuner at a
frequency spred200 kHz from the curier frequenc is used to diatoob the da ft suL The
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signal power of the junrsignal is of the sme order of magnitude as the desired signal. Results
of the masuements we depicted in table A. 12 of appendix A.

From these results we cmn conclude thad the influence of the jammer can be neglected sinc it
does not cause stong deviations firom the configuration with no jammer present

8.2.3 Addition of noisei n

If we add noise the anne result is found as for addition of an interfering signal. Low inpu-SNR

8.2.4 Conversion of the results to the frequency response

is simulated. Beside the direct path, two extra paths were used:

Patht:ii-x Ons,Ai- 0dB.
Path 2:T2 - 523us, A2 - 0 dB,
Path 3: - 3 - 993 ns.A 3 -- 5.6dM.

Three measurements were performned, each with a different path ccnflguration: Paths 1 and 2,
paths I and 3 and the configuration with all three paths. From the simulation algorithm the
following result is determined:

Pathl:: 1 m- Ons,Al- OdB. 9 1 -,dD
Path 2:v -2 516nM A2  - -1M, 92  -770 ,
Pubh3:c 3 w 1000ns, A3 a -6 dB. " -1550 .

Faults of the delay-time we doe to time quantization. A standard deviation of a, . 2 . a3 .18
ns is used. This corresponds with the situation in which each of the delay-Ihn is distrilused
uniformly over an interval of 3 dte w. une time Ta (3Tg - 47 us). Thog the I memI

were exected on the aom 0e1 1 4,ies- used in emWer experknag the transformation leiamb
-r described only for cm as fe - 53.2 M&z For all odoer Aeunia the sam rsultswe
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The results found are compared to the results found with an spectrum analyze. Fgures 8.2

through 8.7 show these results. Rom these it follows that for both dhe measurenent resuts as well

as the results obtained with the spectrum, analyze the same extrenes in frequency and in

magnitude of the energy spectra are found. If we take into account the measurement Ims We

may conclude that the calculated energy spectrum of our system approximates the real situation

Very well.
REF -23.5 d~m ATT 10 dB A normi. 8 blank

2d8/ . '6 - ~

.2 r- -22

RBW_
3kHz- 10 T

I kHZ -12SWP*
7 5 " 2 %2 W S2 512 342 52 562 512 32

CENTER 53.20 MHz SPAN 10.00 MHz

Fig. 8.2: =enCY response of the radio channel mae& of path I and path 2, results spectrum
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FRg. 8.5: Frequency respons of dhe raio channel made of path 1 and path 3, estimation
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Frequency response

--

-12- -

.16 _-

4 52 12

Fig. 8.7: Frequency response of the radio hanel made of path 1, path 2 and path 3, estimnation



ThO report

Page
69

CONCLUSIONS

To determine the multipath characteristics of a radio channel, a measurement system has been

developed and implemnted. This includes a &ransmitter-receiver configuration using Direct

Sequence Spread Spectrum modulation. The frequency band of operation is the VHF-band, 30 -

70 MHz. Upon a measurement session, results are stored on disc. Software data processing leads

to an estimate of the multipath characteristics.

From the theoretical evaluation and the measurement results obtained from a simulated multipath

environment it follows that the multipath characteristics of a radio channel are completely

described by the number of paths and their respective time-, phase- and delay-time differences.

Further it turns out that the technique presented, using a PN modulated carrier signal which is

coherently detected at the receiver, serves best the goal to obtain the delay-times as well as the

complex amplitudes of all paths in a multipath environment.

By using PN sequences the demands on power requirements of the transmitter are limited.

Further, by processing a number of consecutive PN sequences it is feasible to increase the sample

rate virtually by a factor equal to this number of sequences.

By applying a double correlation procedure, accurate results are obtained. At the first correlation

stage, the received data is correlated with the PN sequence itself. In the second processing stage

the obtained correlation function is correlated with the reference function.

The errors for each path due to noise for an input signal-to-noise ratio of SNR = -14 dB, we

theoretically found to be:

- delay-time :22 ns

- amplitude :0.5 dB

- RF-phase : 3 degree;

Estimation of the multipath characteristics of a simulated multipath radio channel with known

path delays and amplitude losses results for inmput-SNR = 0 dB in the following errors:

- delay-time :±7.8125 ns

- amplitude :2 dB,
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The multipath characteristics of the radio channel can be converted to the frequency domain. The

narrowband frequency response of the radio channel is found within several dB's around die

measurement f quency. Theoretical and measurement results of the nairowband frequency

response of a simulated three path radio channel agree within ±1 dB for a fiequency bend of 10

MHz centred around the measurement frequency.

1.

j
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ABBREVIATIONS

A/D Anlogue-Digital

A, Carrier amplitude

ak Contents of stage k of shift register
A, :Ampliuude path i

bk Symbol k of PN sequence

BN Noise Bandwidth

D Number of sequences

Ep :Pulse Energy

f, Transmitter carrier frequency
h(t) Impulse response

I In-phase

K Sequence length

L Shift register length
M Number of samples per symbol
N Number of paths

No Noise spectral density
P Number of samples under consideration

PLL Phase Locked Loop
PN Pseudo-Noise

Q Quadrature phase
R Correlation function

R(r) Continuous correlation function
R(m) Discrete coreation function

r Received signal

Rc :Chip raue1IJT
RE Radio Frequency

Ra Sample rat 111
S :Slgnal power

Transitted signal
SNR Signal to Noise Ratio
T Symbol dtration
t Tm
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T¢ : Chip duration

Ts  Sampling time

VHF Very High Frequency

A :Error value

i : Phase shift ofpath i

02 :Variance

i : Delay-time of path i

o Radian frequency

Ir. F.GJ. van Aken Ir. G.J.M. Janssen

(group leader) (author)

.. ..... .... i, w w m m lm m a mm[
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TABLES OP RESULTS FROM MEASUREMENTS IN THE SIMULATED MULTIPATH

ENVIRONMENT

Configuraionx
2 pefts
Path I: t I =Os Al =OdB

Path 2: t2 =523 ns A2 -OdB

SNR -40dB

Table A.1: Measurement results

Frequency Delay-times (ns) Amplitude (d0)

(MHz) Coned Measured Conec Measured

30.425 523 531 0 4
39.975 523 516 0 -3

44.475 523 500 0 +1

49.825 523 531 0 -4

53.200 523 516 0 -1

70.925 523 516 0 -2
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Configuration:

2 paths

Pah l:t 1 -s Al - 0dB

Pah 2:t 2 =993 ns A2 =OdB

SNR - 40 dB

Table A.2: Measurment results

Frequency Delay-times (ns) Amplitude (dB)

(MH&) Correct Measured Correc Measured

30.425 993 1016 0 -3

39.975 993 1016 0 +0
44.475 993 969 0 +0

49.825 993 1016 0 -1
53.200 993 1016 0 +2
70.925 993 938 0 +2
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configuration:

2 paths

pah 1: t1 -Oa Al 0OdB

Path 2: t2 -1516 ns A2 =OdB

SNR - 40 dB

Table A.3: Measurement results

Frequency Dehay-tdmes (ns) Amplitude (MB)

(M&z) Cosrect Measured Correat Measured

30.425 1516 1484 0 -3
39.975 1516 1531 0 -2

44.475 1516 1516 0 +

49.925 1516 1516 0 -6

53.200 1516 1516 0 +1

70.925 1516 1516 0 -4
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Configuration:
2 paft

Puth 1: t1 -O0s Al -=0dB

Path 2: t2 -523 ns A2 -- 4 dB

SNR -40 dB

Table A.4: Measurement results

Frequency Delay-times (x's) Amrplitude (d0)

(M&z) Correct Measured Correct Measured

30.425 523 500 -4 -2

39.975 523 547 -4 -4

44.475 523 531 -4 +1

49.825 523 516 -4 -2

53.200 523 516 -4 -2

70.925 523 516 -4 -6
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Confgpao1:

Path 1: t1 =O0s Al =dB

Path 2: t2 -993 ns A 2 =-4 dB

SNR - 40dB

Table A.S: Measurement results

Frequency Delay-tiis (ns) Amplitude (0B)

(MFIZ) Correct Measured Correct Measured

30.425 993 1000 -4 -5
39.975 993 1016 -4 -3

44.475 993 984 -4 -3

49.825 993 1000 -4 -1

53.200 993 1000 -4 -6

70.925 993 1000 -4 -6
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Configuradwo:

Path l:g1 =0s Al =OdB

Path 2:t 2 =1516 ns A2 =-4dB

SNR =40 dB

Table A.6: Measurement results

Frequency Delay-times (ns) Amplitude (dB)

(Mhz) correct Measured Correct Measured

30.425 1516 1531 -4 -3

39.975 1516 1516 -4 -3

44.475 1516 1500 4 -5

49.825 1516 1516 -4 -4

53.200 1516 1531 -4 -4

70.925 1516 1531 -4 -5
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Cnfuaian

2 pahs
Path 1:t 1 - 0s A1 -0dB
Path 2:t2 = 523 ns A2 =-10dB

SNR =40 dB

Table A.7: Measurement results

Frequency Delay-times (ns) Amplitude (dB)
(MHz) correct Measured Correct Measured

30.425 523 547 -10 -12

39.975 523 516 -10 -6

44.475 523 516 -10 -16
49.825 523 547 -10 -12
53.200 523 500 -10 -11

70.925 523 531 -10 -10
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Configurato:

2 paths

Pathb1: t1 =O0s Al =O0dB

Path 2:t2 =993 ns A2 = -10dB

SNR =40 dB

Table A.8: Measurement results

Frequency Delay-times (na) Amplitude (dB)

(MHz) Correct Measured Correct Measured

30.425 993 969 -10 -10
39.975 993 1000 -10 -12

44A475 993 953 -10 -8

49.825 993 938 -10 -12

53.200 993 953 -10 -9

70.925 993 1031 -10 -8
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Configuration:

2 paths

Path 1: t,= 0 s A1 -0dB

Path 2: t2 =1516 ns A2 =-10dB

SNR = 40dB

Table A.9: Measurement results

Frequency Delay-times (ns) Amplitude (dB)

(MHz) Correct Measured Correct Measured

30.425 1516 1500 -10 -13

39.975 1516 1516 -10 -12

44.475 1516 1484 -10 -10

49.825 1516 1531 -10 -11

53.200 1516 1500 -10 -12

70.925 1516 1547 -10 -12
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Configuration:

2 paths

Pathl1: t1 =O0s A 0OdB

Path 2: t2 =1516as A2 =-10 dB

SNR =40 dB

Table A.l10: Measurement results

Frequency Delay-times (ns) Amplitude (dB)

(M&z) correct Measured Correct Measured

53.200 1516 1516 -10 -13

53.200 1516 1516 -10 -13

53.200 1516 1531 -10 -13

53.200 1516 1531 -10 -11

53.200 1516 1531 -10 -11
53.200 1516 1531 -10 -11

53.200 1516 1531 -10 -11

53.200 1516 1531 -10 -11

53.200 1516 1500 -10 -11

53.200 1516 1500 -10 -11

53.200 1516 1516 -10 -11
53.20 1516 1500 -10 -11
53.200 1516 1516 -10 -11
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Configuration:

3 padis

Path 1: t1 = 0s Al 0OdB

Path 2: t2 =523 ns A2 =0dB

Path 3: t3 =993 ns A3 =-5.6 dB

SNR =40 dB

Table A. 11: Measurement results

Frequency Delay-times (ns) Am~plitude (dB)

(M&z) Correct Measured Correct Measured

30.425 523 516 0 -2

993 938 -5.6 -8
39.975 523 516 0 -3

993 1016 -5.6 -6
"4.475 523 516 0 +3

993 1016 -5.6 -6

49.825 523 531 0 -2

993 969 -5.6 -8
53.200 523 516 0 -1

993 969 -5.6 -6
70.925 523 547 0 -2

993 984 -5.6 -7
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Configuration:

2 paths

Path 1: tl =0s AI=OdB

Path 2:t 2 =1516 ns A2 =OdB

iammer 
= 49.625 MHz

SNRjan.ner = SPN/Sjammer =.. M

SNR = 40 dB (no jammer)

Table A.12: Measurement results

Frequency SNR jammer Delay-times (ns) Amplitude (dB)

(MHz) (dB) Correct Measured Correct Measured

49.825 15 1516 1531 0 -2

49.825 10 1516 1531 0 -3

49.825 5 1516 1500 0 +15

49.825 0 1516 1500 0 -50
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Configuration:

2 paths

Path 1:t 0s A 1 =0dB

Path 2:t 2 = 1516 ns A2 -0dB

SNR= .. dB

Table A.13: Measurement results

Frequency SNRjammer Delay-times (ns) Amplitude (dB)

(MHz) (dB) Correct Measured Correct Measured

49.825 5 1516 1500 0 -5

49.825 5 1516 1500 0 -4

49.825 5 1516 1500 0 -3

49.825 5 1516 1500 0 -2

49.825 5 1516 1500 0 -2

49.825 5 1516 1531 0 -2

49.825 5 1516 1500 0 -4

49.825 5 1516 1484 0 -4

49.825 5 1516 1531 0 -3

49.825 5 1516 1484 0 -1

49.825 0 1516 1500 0 -3

49.825 0 1516 1500 0 -3

49.825 0 1516 1484 0 -6

49.825 0 1516 1484 0 -6

49.85 0 1516 1500 0 -4

49.825 0 1516 1500 0 -3

49.825 0 1516 1484 0 -3

49.825 0 1516 1500 0 -3

49.825 0 1516 1484 0 -4
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CALCULATION OF THE MULTIPATH CHARACTERISTICS

1 Delay-time determination B.5

2 Parameter Optimization B-5

3 Complexity and convergence of the algorithm B.9
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In (5.3. and (5.5) the expressions (4.31) and (4.32) for INk and 01 respectively can be

substitutd. By nterchanging path addition and correlation we obtain the following expressions:

- N
RI(nl - Y. I AciP~ziC[n+klTD-,i) +

k-- i-1

A 8jPNQ1 (Cfl+k1TAD-?±) + nz([n+k]TAD))x~kl

N I {AciPNII([n+klTID-Ti) +
iik--oo

A~iPNQ1 ([n+k]I-rii) + nl([n+k]TAD))x~k]

- 1 1 k-o (ACjiPNzI([n+k1±ljTA) +

A~jPNQ1 ( Cn+k-1i]TAD) + n1 ( [n+k]TD) )xl-

N
- I A~jRIIjflIjj + AsiIEQ 1C-j) + fl1 [f], (B.1)
i-1

N
%[n) -AjRtg~[fll + ACiRIQIO-lI] + nQ~n]. (B.2)

In (B.l1) and (B.2) the following defntions are used:

RI n PN1 1 ([n+k]T~)xk], (B. 3)

R~[l -k-E POg1(Cf+k]TD) x [k], (B. 4)

RXQCO3 - Y PNXQ(n+kTD)x~k), (3S.5)

3g0CZnl - kIPNQgg(Cn+k]TAD~zlkl, (B. 6)
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n1Cn] nl((n+k]TAD)x~kj, (B. 7)

flQ[fl -In([n+k]TAD)x~k],(.8
k--rn

-i int (Ti/TAD) (8. 9)

In (B.9) int(x) denotes the integer so that ox-int(x)o is minimium. With this formula the analogue

timezi is converted into the discrete time variable I4. Note that the correlation functions Rdfn],

RQI[n]. RQI[n] and RQ[nJ (which are called the reference correlation functions in chapter 5)
are determined only by the system and are not dependent on the radio channel c.q. multipath

characteristics itself. The correlation functions RQ[n] and RIQRI] are due to cross-talk between

the I- and Q-channels. These functions are used as reference functions to estimate the nmtipth

characteristics. These reference functions are measured under laboratory conditions with the

transmitter and receiver connected directly together.

From (B. 1) and (B.2)'.: can see that the calculated correlation function is determined by

- the mlltipatichacteistics N.AciAsfand ;-for i= 12,..,N,
- the noise terms n1[nJ and n]

- the system via R]IfnJ, RQI~nI. RQI[n] andl RQinJ.

We can now define the criterion for the data processing to estimate the multipath characteristics:

Determine the number of paths (N) and for each path the amplitude, in the I- and Q-channel Aci,

A. and delay-time Ii so that the energy contained in all estimates of the noise samnples njfnJ and

nQ[n] is minimum. In other words: find N, Aei, An and k~ for im1,2,..,N so that

A2 
- l] _ A1

2 + A02 _ 1 {A1 Cn])2 + lnf[l) 2
-

n II

j -r R.[n) - 1!Aciltzxn-lil + AgjRg1 (n-ljj )2 +

+ i ( Dg~nl - AaPQnIj+ AcjR1Q[n-ljl ), (.0

is I~nDNLSince th em 3of Rj[nJ and RQinJ is concenaftaed in tie peab of t &1antio
Only, the samio o .(.10) con be resulcied to a limited nmbter of P samples stating at p.
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The parameters p and P must be determined first and differ for each radio channel. Any choice in

which the P selected samples cover nms energy of the correlation function satisfies but since die

processing complexity linearly depends on P, the parameter should be chosen as small as

possible.

An iterating algorithm is used to demiethe multipath characteristics. The block structure of

the algorithm is shown by the flowchart in figure ElI. The algorithmi stats with N-1 paths and

optimizes the amplitudes Acl and A51 and the delay-time 11. Pro these parameters and the

correlation functions R]I[n], RIQ~n]. RQI[n) and RQQn], the error2 of (B.1O) is calculated& If
this error 62exceeds a certain threshold the energy of the error function ns supposed to originate

from another path instead of the noise terms. In thi case a following path is added and the

algorithm starts over again to find the optimumn solution for one extra path. Paths are adduntil

the resulting error becomes less than the error threshold value A,,0The most important charts

of the flowchart of figure D.lI will be described now.

Fig. ~ ~ ~ ~ se time stepa h agrih

NO ?
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I Delay-time dtmnt

To detemine the optium inulitude and deay-time of an added path the algori th m at by

egafmuaig t delay-im IN- TIM tm is detamnimed from the Wmo fucion A2 [nI:

A2
[nJ - - I AcjR11(n-lil + Agj3~1 Cn-ljJ )2 +

+ I RQ~n] - AaiPMtfl] + ACjRjQC-liI )2. (2.11)

The erro funton A2CnI thus followa directly from the received samples (Rlfnj and A4Ani and

the earlier eatimated parvnetmr Aj, Ani and 4- for i - i,2..,N-1. FrN the caw function A
2 [n]

the Maximum A2[m] is detenmined:

A2
1m3 2t &

2
in) for all n, (B. 12)

with n a fpp+P-1I and m a (pp+P-11. 7Ue delay-time 1N is now chosen ao that the reference,

cotwin function RU2n-NI and A2ni have theiw maxims on the a mistant Nowe that IN is a
firs estimate of the delaytim and nay te changed by the following step of the algorithmL

2 Psaninta optimizaton

TIM p inaeeotiiunmcludea Sdlng the beat values for Aa,. Ac, and Ij for i - ,..N

1-N. Mot tha the eu3if fom valm far Ag. A, and li for i m ,.4- ay ha changed The

optimiztio conits of an bteratg algorithm shown in figue 32. The algorithm in paincipl
* ~comiata of am atep: doe deaison of the beat tiu hit dm (aI1Al2,..A1N) relatie to the

cirnait dat I- (11J2 .1N). Tim nuagaltude of the tia shift of the delay-tim of one
path ca se one of tdms vahetr -4p 0 or +AM 7b. value of AMM change W.o

~Panr execution and depends upon tho amer of -ef N. Initiafly A.p - 12, Ap- 10,

reit by N3 de-the anddcesigec del-a element .. t &a (11-, Lj p . W7W

(1v'Aomp 12-Aftr J 4 uep). -(1i+A 5~ph2AmVp - JN+&Mhp). Par Udidalay-daemeafth
opthin miltdes ,cAc~r J4 and AalAa,...AN an caIcuIUad. This is anonmaldlaha by
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gettig the Partial derivative of the enror fuwctons A1
2 and Of (B-10) be equal to zuo. By

doing so, 2N equations mst be solved to obtain the value of the 2N variables c.2.AN
and A.Aa,2..,%. For thes values of the amplitude the esror function (B.10) is minirmum
given the cumnt delay-thus set I - (Il2..JN).

N.-O

N:- N+ 1

Detanine delay T

Deteanime qopimum
parsnctus for

N pabs

Fig. B2 Flochart ncmtern oiAt2 o

Y A > '6 2amIN-~L
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The mathematical. deivation of fte foregoing is described now. The partial. daivative of (B.10)

relattive to Aqis given by:

i/)c pP-1fA[n]) 2 - 0

P~Xy-a/aAjAIl} +P- p * 2  _-
n-p n-p

p+P-2 I
I~ { Y A0±(R11 [n-11]R1 1En-1jl + RIQ~n-1j]R1 Q(In1j]) +

IAsI(tQjr~n-1jl3.II~n-1jl - r.Wn-Ij]RZQjn-1j]) +

-Rrfn]Rr 1 1 [n-1j] - %[nlflIQ~n-1j]) 0. (B.13)

For Asj a similar result is found:

pp-1-
IaIaA, j y. A 1nj

2 _ 0 /A A[A1

n-p n

I ( Ac±(Rji~n-IjjA~zjn-1jl RIQ(flill n- 1.j]) +
n-pi-

Agi(3%1 n-1jlRt0 (n-1j3 - nQIAr-i]1nQn-1j]) +

-R1(fult01 fn-ljl + 3%CnlRgQ(n-1l) - 0. (2.14)
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We now define the npoduct elements:

-j j +Y (R11[l-li]R11 [n-1j] + RjgQnflj1]RgQn-lj]) (8.15)
n-p

n+-I(R~1 Cn-l1lR1 1 Ef-l-) - RQQ[nfl1]RIQ~n-1j]) (0.16)

C Y. (Rj 1 n-lR[n-lj] - R1 Q~n-1±]3QQ~fl-lj]) (B.17)
n-p

Dj {+y n1]N 1 [-j + 3RQtn-ljJHQQ=fl-lj] I (B.18)

n-p

P+P-l
Ej - 7. (R 1 (n-lj]R1 1 Cfllj] + % [n-li]RIQ~n-1j]) (3.19)

n-p

F1  - ~*I (R 1 (n-li]RQ[n-1j] - Eg~n-l1]3QQ[n-lj]1 (3.20)

For (B.13) and (B.14) we can write:

N
Y- [Aci Aij + Asi B3j] - 3 for j - 1,2,..,N, (B.21)
i-l

N
I (Acj Cij + Agj Dij] - j for j - ,,.,.(3.22)

The equations (B.21) and (3.22) cm be writsm iai uf orm for an j 1,,.N

A 1 2 A2 2  ... 32 912 $22 .... %W2 An2 M

Cll C21 .... C33 13l P21 ... (5.2S,)

C12C2 ... 3w D1 2 02 2  .... Dw2 A*2 r2

c 1W C2 .... CM3 Dn D~ .... DM AU .
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The matrix equation (B.23) is solved by LU decomposition. W~ith the results of the amplitudes

AclAc2,..cN and AslAa2..-AsN, the error function of (B.10) is calulated. For on of the

delay-time sets the erro function is minimum. This result in the best delay-time shift and the new

best delay-time set

In csse a different best time set results, ~I=(411Al2,..AlN) * (0,0,..,0). the algorithm continues

by looking for the new best delay-time shift In case the best delay-time, shift set is zero for all
shifts (AllA12,..AlN) = (0,0,..,0) the algorithm continues depending on the shift step size Am f

the shift step saz is minimumAse = 1, the algorithm ends and the current delay-time set I is the
optimum delay-time set for N paths. In case Ap 1, the shift step size is decreased to be able to

examine the intermediate delay-time sets.

The last step to obtain all multipath characteristics is the determination of the phase differences of

the found paths. These follow directly from (4.19) and (4.20):

-j arCtan(Agi/Aci). (B.24)

3 Complexity and convergence: of the algorithm

Because the number of paths is of order of 5 for Most cases, the complexity of the amplitude

calculation is not determined by solving the matrix (B.23) but by the inprduct calculation (B. 15)
- (B.20)- For each iptoduct. 2P multiplications and P sunmmations have to, be calculated. For this
reason the constant P, the number of sample Instants une coesideration, should be kept a small
as possible.

* Convergence

The algordun converges if the eror A2 decrase upon propun execution. If the aror A2 a~
uDnlle th= the threshold vau aerror2. the algorithm end&. During progam execution the am
&2 chages at two locations in the algritm. First, if a new pubh is adWe and second if doe delay-
time set L( 1 l02JN) i daged. Since changes in the delay-tm sam we datunsimed by the
mw 42 itself, the error will not increase upon optimization of the delay-lie set
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The delay-time of a new extra path is determined by the maximum of the errr function A2[n] as

descried in section D.l. The new path causes a decrease of the error A2 if the energy in the wr
functio A2(n] originates from a path of the radio channel. In case the energy of the ear function

is caused by noise, the chiange of the mwr A2 is unteriined. In practice it turns out that t

errr A2 decreases always. Hence we may state that the algorithm converges.
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CALCULATION OF THE CUMULATIVE DISTRIUTION FUNCTION OF THE

FREQUENCY RESPONSE

From each delay 4ime set we can calculate the corresponding received power fir amy frequency
with (7.2). The result is a pow value g at frequency f with probability density p~l). To obtain

the power probability density function pg9 () at constant frequency, we should add all probability

density values prWl of the tim sets I for which the power g -S(f) is equal;

Pq(,q) -' W -~) (C. )

(S (f)I - )

Since we cannot determine the inverse functon of (7.2) to calculate the time set I for a gwai

power g, the pow probability function pg) cannot be sirified further thi as given

according to formula (C.1). However, we can follow a statistical approach for which we do not

need this inverse function. For instance, at frequency f, the mean power ftg If) can be calculated

by:

E(glf] - r-1JS(f) I t ,t)..d2 (.2

With the aid of computer calculations, we can approxiate (C.1). To do so, we quantif the
variables g and r. The time intervals we chosen mulfl enough so that toenergy spectrum S(f) for

all delay-times within the intervals difers only slightly. The timme scales we regarded furthe only

for the as with substantial probabilty density of the delay-timne. If we restrict t tim scale of

each delay-tim to the inlerval fri-2a, vj+243, a fractio of 0.95 is covered. This scale is divided
into M intervals of eqa length The probability pj of the delay-tim i to fall in the interval J,

ej [%j-2v44(j-l Ja/MK T-2a4jaM for j-1-,.. is calculae wih t Q-function
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Appendix C paoe
C.2

'Cj-2V+4 {J Ia/H
PjC (t

Tj-2V+4{J-1la/t

-Q(-2+(J-1)/It) - Q(-2+J/K), (C.3)

Q(X) 1 r/4(2x) exp(-y 2 /2) dy. (C.4)

The Q-function is well tabulated or can be calculated by function approximation (Abramowitz, M.

and Stegun, IA.. 1968). For N paths this method leads to MN delay-time sets. For each delay-

time set the coiresponding power value (or power S) is calculated from (7.2). The insultng

powers are tabuated and an approximation of (C.1) is obtained.
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