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Abstract — The application of adaptive antenna ar-  gjiow to compare different receiver concepts without the

rays offers several advantages for the design of new mo-  need for expensive hardware and real-time software imple-
bile communications systems. For the investigation of  mentation [2]. The direct use of a sequence of measured
array processing algorithms a realistic simulation of the  channel impulse responses gives a completely realistic de-
radio channel is required. The basic principle of areal-  scription of a particular situation. Another approach uses
time channel sounder with an array frontend is pre-  ray tracing tools based on real map data to synthesize im-

ulation of a communications system is discussed and ex- yarious statistical channel models.

amples are provided. A well accepted statistical model for the mobile radio

channel is the Wide Sense Stationary Uncorrelated Scat-
- INTROBUCTION tering (WSSUS) model. Validity (and limitations) of this
The demand for wireless data transmission is growingmodel have been proven in a large number of measure-
rapidly. New applications such as mobile computing and ments for one-channel transmission [4], [6]. If we use an
multimedia with their heterogeneity in data contents and array of N receive antennas we can measiVedifferent
data rates place requirements on air interfaces which by faimpulse responses. Equivalently, the impulse response be-
exceed those of the current digital mobile telephone system§omes vector-valued wittV dimensions. Although more
[1]. This concerns network protocols as well as the physi- and more multi-channel receiver algorithms are being pro-
cal radio transmission. Since the Asynchronous TransferPosed (see for instance ICASSP '97), publications on the
Mode (ATM) is a well established standard in wireline net- Verification of vector channel models are sparse. For the
works, suitable for many modern communication applica- Simulation of multiple antenna reception, Martin [7] pro-
tions, a seamless wireless extension of ATM networks is de-Posed the Directional Gaussian Scattering (DGS) model as
sired. This results in new Cha”enges for the design of an airan extension of WSSUS which includes directions of arrival
interface, because lower bit error rates (BER) are required (DOAS) for the different multipath components. The ba-
an application conformed coding (as with speech or videosic assumptions of WSSUS, stationarity (with time and/or
data) is impossible and support for different qualities of ser- distance), and uncorrelated scattering (with delay) limit its
vice (average data rate, maximum delay etc.) is necessary. applicability for the simulation of dynamic algorithms such
Other difficulties are due to the generally higher data as adaptive equalization, interference rejection filtering, an-
rates resulting in either higher radio bandwidth or more tenna beam steering, and synchronization. This is especially
complex modulation techniques. Therefore the transmissiorirue for microcells, because of the complicated and rapidly
is more sensitive to multipath propagation. As an alternativechanging field pattern. Realistic simulation would require
to the utilization of sophisticated equalizer algorithms, the continuously changing directions, delays, and amplitudes
use of adaptive antenna arrays in mobile broadband systemef the different paths due to terminal mobility or scatterer
is frequently proposed [1] because it seems to offer severamovement [2], [4].
advantages: Propagation measurements are a prerequisite for the de-
i , o velopment of statistical channel models as well as for mea-
* Multipath echoes can be suppressed if they impinge fromg,rement based simulation. Section Il discusses constraints
different directions, resulting in a reduction of the delay o measurement procedures and gives a short evaluation of
spread, known methods. The concept of a new channel sounder
e The Signal to Interference and Noise Ratio (SINR) of the to be developed within the project line ATibbil is in-

radio link can be increased, troduced. This new channel sounder (RUSK ATM) is able
« A space component for multiple access (SDMA) can be to measure up to 8 receive antenna signals quasi S|.multa-
introduced, resulting in a higher system capacity. neously. Section Ill motivates and explores the considera-

tion of non-stationarities for array processing simulations.
The wireless modem design requires detailed knowledge ofit presents an overview of different methods for adjusting
the dispersive, time varying channel transfer characteristicsparametric statistical channel models including directions of
Link level simulations based on realistic channel modeling arrival. Section IV treats the processing steps required for



including measurement data into the simulation. Using the mpuse Response la(.0)
system simulation tool PTOLEMY, some details of a radio
transmission simulation using an adaptive antenna array are
shown.

II. MEASUREMENTMETHODS FORMOBILE
COMMUNICATION CHANNELS

This section considers requirements for time-variant
channel sounding experiments. It is shown that for typical
scenarios time multiplex measurement of several receiver
channels is acceptable.

snapshot

A. Statistical Analysis of Time Variant Multipath Propaga-
tion

The input/output relation of the randomly time varying

mobile radio channel for any receiver array outpistgiven Fig. 1. Magnitude of impulse response
by the following linear transformation,
oo Delay Doppler Spectrum Cg(u‘r)
w(t) = [ et rdn ®
— 00

whereg; (¢, 7) is the complex valued baseband impulse re-
sponse. Since the impulse response is random, a statisti-
cal description is required for system design and simula-
tion and for a proper definition of measurement procedures.
A general second order characteristic is given by the six-
dimensional correlation function:

rgy; (t1,t2; 11, 72) = E{gi(t1,71)g} (t2,72)}  (2)

with the indicesi and j denoting the individual impulse 0

responses at the antenna array outputs. Essential simpli- *

fications are introduced by the WSSUS model approach.

Then g;(¢,7) is considered a wide sense stationary ran-

dom process it that is uncorrelated with respect to scat-

tering delay timer. Equivalently in the frequency domain,

the time dependent frequency resposét, f) is station-

ary in both time and frequency [3]. Uncorrelated scatter-

ing also implies uncorrelated directions of arrival, corre- and Fig. 2 give examples ¢f; (¢, 7)| andCy, (a, 7). A de-

sponding to stationarity in the array aperture area domain.scription of this particular measurement follows below.

That allows (2) to be reduced to a three-dimensional correla- Obviously, a physical radio channel is practically limited

tion functionr,,, (At, 7) according tory, . (t1,t2; 71, 2) = in delay and Doppler spread. The prodSct 27maxmax

T, ;(t1 —t2,71)0(T1 —T2) = 1g,, (AL, 71)d(T1 —72). Here  of maximum delay and Doppler spread, called spreading

we suppose for simplicity that the geometric Euclidean dis- factor, covers the nonzero support area of the scattering

tance between the antennas is proportion@i o function. If the complete channel statistics including, e.g.,
To describe the Doppler dispersion of the individual im- Doppler spread and Doppler spectra is to be reproduced by

pulse responses, the expected delay-Doppler spectrum (c& sequence of estimatgg nto, 7), the value ofS imposes

scattering function) is introduced by Fourier transform with constraints for choosing the parameters of the channel iden-
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Fig. 2. Delay-Doppler spectrum

respect taA¢: tification procedure in some two-dimensional Nyquist sam-
oo _ pling sensety < 1/(2amax) is required for real-time acqui-
Cy,(a,7) = / Tg. (AL, T)e 92T A AL sition with respect to the time variability. On the other hand,
—oo the minimum measurement time for one channel impulse
1 _jawat 2 response is given by the length of the impulse response,
= Jim —E /Tgi(t, T)e dt (3)  ty > Tmax. This is necessary in order to sample all de-

tails of the frequency respongx (¢, f). The channel has to
The expectation is required since the magnitude squarede assumed time-invariant at least within the time interval
Fourier transform does not yield a consistent spectral esti-ryax. It follows thatS < 1 is required for the channel to
mate out of a random impulse response record [12]. Fig. 1be identifiable. Fortunately, for a typical mobile radio chan-



nel (e.g., GSM)S is on the order of 1%. Thus, some time tained using omnidirectional disk-cone antennas at a center
is left that can be used in order to reduce the measuremenfrequency of 5.5 GHz and a bandwidth of 1 GHz in a typical
expense. laboratory environment. With that equipment such a large
The simple WSSUS model imposes constraints that will bandwidth can easily be achieved but only the time average
obviously be too stringent if micro cell or indoor scenarios of the impulse response can be measured. However, a re-
are considered. Then non-stationarities due to changes oflector movement has been simulated by a sequence of mea-
mean path delays, amplitudes and directions as well as corsurements whereby a strongly reflecting object was equidis-
related scattering have to be taken into account. It seemgantly moved step by step along a straight line. We found at
feasible, however, to assume at least local stationarity oveteast three strong multipath components, two of which ar-
some limited time interval’ > 1/(2amax)- Thisistheonly  rived via the moved object. All of these paths are identified
chance to get reasonable estimates of the scattering funcas reflections from items with a metal surface. Itis interest-
tion by some standard spectral estimation procedure sucling to note that the dominant paths are better distinguished
as WOSA (weighted overlapped spectral averaging), that isfrom the delay-Doppler spectrum (Fig. 2). This is due to
based on sliding (with) windows. the fact that two paths with small time delay difference are
subjected to different Doppler shifts.
B. Existing Methods
C. Broadband Channel Sounder for Vector Radio Channel
Having taken a look at physically motivated requirements  Identification
for a complete measurement of the mobile radio channel, we
are now ready to analyze the suitability and limitations of ~ Within the project ATMmobil, a new channel sounder is
various known measurement procedures. There exist twdeing developed which is able to measure up to 8 receive an-
classes. The first class ignores the channel’'s time variatenna signals quasi simultaneously by fast array signal mul-
tion. This allows a considerable reduction of measurementtiplexing. We call this avector channel soundebecause
expense by using some slow sequential procedure in that can be thought of as collecting one time snapshot of all
time, frequency, or spatial domain. Such procedures arearray output signals into one signal vector. For this channel
(i) stepped frequency response methods that use commercigounder we use a uniform linear antenna array that consists
vector network analyzers, (ii) sequential correlator methodsof 8 patch antennas for a frequency band of 5.1...5.3 GHz.
that are based on a slow shifting of the reference impulseThe element spacing is chosen as 0.4 times the wavelength,
train, (iii) synthetic aperture principles that are based on se-so that spatial aliasing is avoided. The basic principle of
quential spatial sampling of an antenna array grid [8], and broadband channel sounding that we apply is described in
(iv) angular sampling methods based on slowly rotating high [5], [6]. The channel excitation signal is a periodic pseudo-
resolution antennas [17]. Sequential methods in the fre-random multisine signal with minimized crest factor and a
quency/delay and array/angle domains could of course béandwidth of 120 MHz. The individual antenna array chan-
combined, but that would require even more measuremennels are sampled block by block as indicated in Fig. 3. This
time and, hence, would cause additional problems with ref-multiplexing solution takes advantage of the influence of the
erence phase stability. Moreover, the usage of off-the-shelfspreading factor discussed above. Since we use FFT based
equipment for method (i) calls for a wired connection be- real-time correlation, no time is wasted for other sequential
tween analyzer, transmit and receive antennas, which praceperations so that the real-time channel sampling conditions
tically limits application of this method to short distances. are met. That offers the possibility to analyze WSSUS time
The second class uses real-time processing so that theariation (Doppler dispersion) and correlation between dif-
time variation of the channel is recordable. But parallel ferentarray outputs as well as non-WSSUS parameters such
processing in all the three domains (frequency, delay, andas multipath correlation with respect to time delay and direc-
spatial) would require excessive hardware expense since théon angle and the statistics of the non-stationary behavior
typical value of the spreading factsr, as discussed above, introduced by the multipath scenario’s variability.
offers indeed the possibility to use some sequential opera- RUSK ATM features several modes of operation because
tion without violating the Nyquist sampling criterion w.r.t. the sizes and access times of the employed memory media
the channel’s time variation. There are again some exam+equire a compromise between the length of the measured
ples of channel sounders that use fast sequential operationgnpulse responses, the measurement bandwidth, the num-
preferably in the delay domain. But most of the exist- ber of vector channels, the block frame rate, and the total
ing (commercial as well as experimental) real-time channelnumber of consecutive frames. While Fig. 3 shows stan-
sounders are limited to one or two receiving antennas. dard Doppler mode with a measurement rate of 1 kHz, a
First measurement results using the new channel soundefast Doppler mode with up to 20 kHz measurement rate can
will be produced in August'97. Meanwhile, despite its limi- be realized for 8 channels, 3. impulse response length,
tations a commercial vector network analyzer has been use@nd 256 consecutive blocks per channel.
in order to obtain some experimental data in the interest- In order to align the staggered blocks &f¢t, 7) on the
ing frequency range for model and algorithm verification. time axis, a lowpass interpolation is required. This is per-
The measurement results shown in Figs. 1 and 2 were obmissible since Nyquist sampling with respect to the Doppler
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Fig. 3. Principle of sequential sampling of the vector output of an antenna array

bandwidth is assumed. Time averaging can additionally beto obtain some knowledge about the bit error statistics (in-
used in order to enhance the channel parameter estimates sftantaneous and average BER, error pattern) which in turn is
the time for multiplexing is smaller thaly (2amax)- necessary to evaluate the system capacity, the performance
Compared to other methods, the proposed principle ofof coding schemes, etc. Clearly, for these tasks we need a
sequential real-time vector sampling has some advantagesradio channel model which is able to continuously transform
_ _ an input signal into an output signal, as opposed to channel
e Hardware expense is only moderately higher when com-models that are intended to provide knowledge about some
pared to synthetic aperture or rotating antenna principlesglobal channel parameters. On the one hand, this model
since only a single receiver channel is required. must not be oversimplified (e.g., AWGN), and on the other
e Fast antenna multiplexing allows real-time estimation of hand, it has to be tractable in terms of computational com-
the stochastic time variant channel impulse response. Staplexity.
tionary time variation as well as non-WSSUS character-  The frequently employed WSSUS model complies with
istics can be measured. these requirements. In simulations, it is usually realized as
a tapped delay line with randomly time varying tap weights.
If we use a receiver with multiple antenna reception, we
have to account for the directional anisotropy of the radio
channel due to spatially distributed transmitters and scatter-
ers. An extension of WSSUS that includes the directions of
arrival (DOA's) of the different multipath components was
e Small array dimensions can be used since superresoluproposed by Martin [7] and is called Directional Gaussian
tion techniques can be applied in both the time and an-Scattering (DGS). It assumes narrowband conditions in the
gular domain in order to resolve a sufficient number of frequency domain and in the angular domain. The first al-
multipaths. This is of interest especially for indoor appli- |ows to convert time delays within the array into phase dif-

e Fast antenna multiplexing is less sensitive to receiver
phase instability and inaccuracies of sampling grid po-
sitions as compared to slow synthetic aperture principles.
Calibration effort is reduced to the antenna array and to
the multiplexer.

cations. ferences, the second allows to assign a discrete DOA to each
. E c M c macroscopic scattering area in the radio channel.
- FROM HANNEEIMUELAASTLIJS@"ENTS TOLHANNEL Both WSSUS and DGS models are by definition station-

ary in a statistical sense. For the DGS model this means, for

instance, that there exist a fixed number of paths, that the

DOA's and mean powers of these paths are nearly constant,
and that the delays vary only within a part of the reciprocal
of the transmission bandwidth. It is easy to recognize that
there exist a multitude of real world situations which are not
well described by these assumptions. For illustration only,

A. Empirical and Statistical Input/Output Vector Channel assume that a relatively slim object is passed at a small dis-
Modeling tance. This results in a brief shadowing of all paths from one
direction. Or imagine moving around a corner of a building.

The aim of link level simulations is to analyze the per- Some paths will disappear, some new paths will appear, and
formance of transceiver algorithms. As a result, we expectmost of the remaining paths will change their DOA. These

This section describes aspects for the derivation of a sta
tistical simulation model for the directional radio channel.
It turns out that inclusion of the non-stationary channel be-
havior is desirable but difficult. Model parameter extraction
from real-time vector channel sounding data is discussed.



are among the most critical situations for receivers which the same superresolution algorithms also for direction find-
employ adaptive signal processing; hence, they should beng. For accurate results the array covariance matrix must be
taken into consideration when assessing the performancestimated from measurement data as well as possible. The
of different algorithms. Especially in case of a directional three alternatives for averaging are shown in Table II.
channel, it is an unsolved problem how to include the nu- The number of vector channels is usually limited by ex-
merous effects of a non-stationary environment into a sta-pense considerations. We decided for an 8 channel sounder.
tistical simulation model. With the term statistical we asso- Consequently, the averaging in the space domain is hardly
ciate the idea that the model is representative of a number opossible. As we are using a sequential block sampling
situations. But this would require a much finer distinction of method over time, averaging in the time domain is limited,
scenarios than is used, e.qg., to classify GSM channels (Typi-or rather limits the measurable time variation. Therefore,
cal Urban, Hilly Terrain, ...). Furthermore, we would have to only smoothing in the frequency domain is really possible.
investigate the statistics of non-stationarities such as the ap- It should be pointed out that the number of antenna el-
pearance and disappearance of scatterers as well as changments limits only partially the absolute number of resolv-
of DOA's and path delays. able paths, because two paths with a delay difference greater
As an easily applicable alternative, we can include in the than the reciprocal of the signal bandwids are already
simulation measured impulse responses recorded in typicalesolved in the delay domain. To determine the number of
scenarios (“stored channel”). This is in the spirit of mod- spatially separable paths, we must consider the following.
ern simulation approaches which extend the simulation toAs we are not estimating DOA's of different signal sources
include, step by step, more of the developed hardware combut of complex weighted versions of one signal (specified by
ponents. In this way, if the measurements are carried outa deterministic snapshot of the actual channel state) we have
with the antenna or even the RF part of the system under deto deal with a coherent case. DOA estimation of coherent
velopment, the properties of these system components cafignal sources requires a special preprocessing called spa-
be incorporated into the simulation. It should be noted that it tial smoothing. The so-called forward-backward (FB) spa-
is possible to implement a continuous signal transmission intial smoothing technique uses the interference pattern over
the simulation even though the measurement works block bythe antenna array to solve a rank defect problem w.r.t. the
block. This can be accomplished by appropriate interpola-source covariance matrix [14], [15]. In practical situations,
tion procedures provided that the measurement satisfies thesing FB smoothing the number of resolvable directions is
sampling condition w.r.t. the channel’s time variation. Ta- 2/3 times the number of antenna elements. Therefore, the
ble | summarizes some of the pros and cons of DGS modehumber of resolvable paths with delay differences less then
based vs. measurement based simulation of directional radid./Bs (=8.4ns) is roughly 5.
channels. As stated above, path delays and DOA's can be esti-
For statistical investigations as well as the use of the mated separately with eigenstructure based 1-D high reso-
stored channel model, it is of essential importance to recordution techniques such as ESPRIT. Here, the disadvantage is
the time variation of the directional radio channel com- aloss of resolution and accuracy since almost all paths have
pletely. To our knowledge a measurement system for thisdistinct directionsanddelays. A better approach is joint de-
task is not available yet. Up to now, time-variant channel tection of delays and DOAs. For example, Martin proposed
modeling is based either on a model for the physical wavea joint delay-DOA ESPRIT [8] based on Zoltovski's 2-D
propagation phenomena [16] or on a combination of the Unitary ESPRIT [9]. With this algorithm, it is possible to

results from scalar-valued time-variant and vector-valued estimate the directions of arrival and delays simultaneously
time-invariant sounding experiments [8]. and there is no need to search for pairs of DOA and delay.

B. Estimation of Model Parameters IV. SIMULATION OF DIGITAL RADIO TRANSMISSION
USING ADAPTIVE ANTENNA ARRAYS

For the configuration of a directional channel model, it hi . . ol o f .
is necessary to estimate the appropriate parameters from. This _sectlon_dlscusses implementation issues for receiver
. ; imulations using RUSK ATM measurement data. Interpo-
measurement data. If the time-variant delays, angles, an

X . .. lation procedures, bandwidth accommodation, and appro-
tap weights can be treated as approximately constant within fiate samoling are of importance. Einally. examples of the
the observation interval, it is possible to use eigenstructurep ping P ‘ Y, P

based superresolution algorithms for parameter extraction.b ehavior of adaptive beamforming algorithms are shown.

Such algorithms are ESPRIT (Estimation of Signal Parame-a_preprocessing

ters via Rotational Invariance Techniques) or MUSIC (Mul-

tiple Slgnal Classification) [12] and their derivatives like For the investigation of particular receiver components,

Unitary ESPRIT [13] or root-MUSIC. For example, Martin  e.g., an adaptive beamformer, it is desirable to abstract from

used an ESPRIT technique for path delay estimation frompossibly imperfect other components. This is most easily

mobile radio channel measurement data [6]. achieved when we restrict the simulation to an equivalent
If, besides delays, DOA’s of paths are to be estimateddiscrete-time model working at the symbol rate. If measure-

from vector channel sounding data, it is reasonable to usament based channel data are to be included, this might be an



TABLE |
ASPECTS OF RADIO CHANNEL SIMULATION

| Model based Measurement based
Requirements for the scenarip Stationarity in time and direction of arrival One individual measurement for each sce-
to be modeled nario necessary
Exchange of antennas Antenna characteristics can be included | One measurement is only valid for a partic-
ular antenna
Numerical complexity Moderate, increases with model complexitySlightly lower than model based, fixed
Storage capacity Low Very high
TABLE I
ALTERNATIVE METHODS FOR ESTIMATING COVARIANCE MATRICES
|| Time domain Frequency domain Space domain
Averaging over multiple channel impulse responses distinct frequency bins| multiple subarrays
Averaging limited by channel spreading factor measurement bandwidth number of elements

oversimplification because sampling at the symbol rate in-analysis of the data shows that the effective duration of the
troduces aliasing into the measured impulse responses. Thisnpulse responses is much less than the measurement time
is due to the fact that, typically, the transmission bandwidth (=6.4 us). In this case the frequency sampling interval can
will exceed the symbol rate by a certain amount (excessbe increased, most easily again by decimation (now in the
bandwidth). The use of a Nyquist sampled channel modelfrequency domain) if the impulse response length is short-
has two main consequences for receiver simulation. (i) It isened to a 2 fraction.

necessary to perform some kind of timing recovery in order Al these operations can be completed before the sim-
to adjust the symbol rate sampling phase. (ii) It is possible ylation. The starting point is given by raw measurement
to perform some of the receiver processing with oversam-data on a tape and the result consists in preprocessed im-
pling w.r.t. the symbol rate (e.g., fractionally spaced equal- pulse responses for a particular transmission system. These
ization), thus avoiding some of the drawbacks or limitations are stored in a special file format readable by the simulation
of symbol rate equalizers. program.

The following tasks are necessary for a simulation with  During the simulation, a further processing of the im-
RUSK ATM measured impulse response data that are storegulse responses takes place. The simulation of a continuous
as complex frequency responses: transmission system requires a much finer resolution of the

The impulse responses to the different antenna elementimpulse responses w.r.t. observation time than it is given by
are not measured at the same time. This time offset hathe measurement rate. For instance, for a measurement in-
to be compensated in a first step. In section Il, we haveterval of 1.024 ms and an impulse response length of:6.4
shown that the time variation of the radio channel is fully an interpolation factor of at least 160 is required. To limit
captured if the sampling rate is at least twice the maximum complexity, we propose a two stage procedure consisting
Doppler frequency. Since the time offset to be compensatedf an interpolation using an FIR lowpass filter and a subse-
is relatively small compared to the sampling interval, a low quent linear interpolation. The linear interpolation is known
complexity interpolation (e.g., linear) is sufficient. to produce negligible interpolation errors when operating on

The measurement bandwidth of RUSK ATM is 120 MHz, oversampled waveforms.
with a frequency bin spacing of 156.25 kHz. The com-  As long as there are no RUSK ATM measurement data
plexity of a simulation for a transmission system with lower available, we employ a statistical channel model for simu-
bandwidth can be reduced by bandlimiting and subsequentation. This model could be used for synthesizing channel
downsampling of the impulse responses. The bandlimit-impulse response data; here, the same processing steps as
ing lowpass filter can be (i) the pulse shaping filter of the described above could be applied. An equivalent approach,
transmitter, (ii) the transmit filter frequency-shifted to the however, integrates this model into the simulation system.
baseband, or (iii) any lowpass filter with flat frequency re- This is what we have done for the following examples.
sponse in the transmit band and just enough attenuation to
prevent excessive aliasing due to the downsampling processB. Examples
Downsampling is easily accomplished by decimation if the
simulation sampling rate is chosen as"afaction of the In order to evaluate the performance of array receivers
measurement sampling rate. in a non-stationary environment, we are developing sim-

A further reduction of complexity can be achieved if the ulation models with the freely available software environ-
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Fig. 4. PTOLEMY implementation of DGS channel model

Fig. 5. On-line representation of array beam pattern

signal w.r.t. the transmit signal, obtained by averaging over

ment PTOLEMY [10] from UC Berkeley. This environ- 100 independent trials. There are 3 echo paths within the
ment offers different models of computation along with a time interval marked by “Disappearing Scatterer” and “Ap-
signal processing and communications systems library thapearing Scatterer” and 4 echo paths otherwise. We assume
includes elements for interactive simulation and animatedtime varying Rayleigh or Rice distributed echo weights with
output graphics. We designed a number of new building classical Jakes type Doppler spectra. The delays of these
blocks for radio channel simulation and array processing. paths are larger than the reciprocal of the transmission band-

In the following, some of the details of a symbol rate, sin- width. If the transmit sequence is white, the multipath com-
gle link simulation are presented. This simulation is suitable ponents are similar to an uncorrelated interference. The ar-
for comparing adaptation algorithms combined with differ- ray tries to suppress these signals, but in Fig. 6 the 4 echoes
ent modulation schemes. A slightly extended version of cannot be fully suppressed with 4 antennas. At the time in-
DGS is used as channel model for this example. The ex-stant marked by “Disappearing Scatterer,” the array is able
tensions allow changes of DOAs and the appearance ando suppress the remaining 3 paths considerably better. Ap-
disappearance of individual paths. Thus, the dynamic orproximately 100 time steps are required for this adaptation.
transient behavior of signal processing algorithms in a notWhen the new scatterer appears (“Appearing Scatterer”), the
only time varying, but truly non-stationary environment can array has to redistribute its ability to suppress the interferers
be observed. and finds the optimum within 20 time steps. In case of 5

Fig. 4 shows a PTOLEMY implementation of the ex- antennas (Fig. 7), the array can suppress all interferers at
tended DGS channel model that is part of a transmissionany time but it needs a short time to adapt to the new sit-
system. The application of higher order functions (with the uation when a scatterer appears. In Figs. 6 and 7 the RLS
MapGr elements) offers a compact system representationalgorithm has been used for adapting the complex weights.
We use these higher order functions for a flexible mapping This algorithm offers faster convergence and lower residual
of signal paths to array output signals. The transmit signalerror as compared to the LMS algorithm which is used in
is split up into the multipath components that are individ- Fig. 8 for the case of 5 antennas. The LMS algorithm is not
ually delayed, randomly weighted, and assigned to DOA’s able to handle the situation with 4 antennas. The advantage
in the scatterer elements. The scatterers can be parametedf the LMS algorithm is its substantially lower numerical
ized separately (mean power, Doppler PSD, discrete refleccomplexity.
tor, ...). The chain of commutator/repeater/distributor dis- Some of the conclusions from our simulations can be
tributes each path to all array elements. The array elementsummarized as follows. Directional nulls are more impor-
calculate a weighted sum of all paths depending on their po-tant for good performance of adaptive phased arrays than
sition within the array. Fig. 5 shows one of the periodically directed high gain beams. The suppression of multipath
updated output blocks of the adaptive array simulation. Theechoes with larger delays causes a reduction of the effec-
actual angular distribution of multipaths and the array beamtive channel’s delay spread. Accordingly, the necessity for
pattern are depicted. A four element uniform circular array an equalizer can be sidestepped. But a new tracking problem
(UCA) has been used for this example. arises (tracking here means the decision directed adaptation

We compare the performance of the well-known recur- phase) when we encounter the disappearance of the domi-
sive least squares (RLS) algorithm and the least mean squaneant propagation path. An equalizer can use the energy of
(LMS) algorithm [11] in the case of one disappearing and the other paths to form its output signal and adapt the coef-
one appearing echo path. Figs. 6, 7, and 8 show the progredficients to the new situation whereas the array processor has
sion of the mean squared adaptation error of the array outpusuppressed all other paths and cannot find a new path with-
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